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ABSTRACT

A prototype system for measuring sound transmission loss using frequency mod-

ulated waveforms is described. The test signal is a series of swept sine chirps,

which cover the one-third octave bands from 125 Hz to 4 kHz. The measured

source and receiver signals are processed in each octave band by matched fil-

tering, that is, a cross-correlation of the measured signal with a copy of the chirp.

This enhances the signal-to-noise ratio, and allows a relatively low power and

light weight speaker to be used in environments where ambient noise is high. An

application of the method to sound transmission measurement in ship compart-

ments is discussed.



DTA Report 414

ISSN 1175-6594 (Print)

ISSN 2253-4849 (Online)

Published by

Defence Technology Agency

Private Bag 32901

Devonport

Auckland 0744

New Zealand

c©Crown Copyright 2017



EXECUTIVE SUMMARY

BACKGROUND

The Royal New Zealand Navy’s fleet of Project Protector Vessels was constructed
without adequate regard to sound insulation. As part of an overall remediation
program to improve the performance of these vessels there was a requirement to
measure, and if necessary, reduce sound transmission in a number of compart-
ments. The Defence Technology Agency was asked to provide advice on

• obtaining measurements of sound transmission loss between certain com-
partments in the Project Protector fleet;

• improvements in sound insulation necessary to meet a Sound Transmission
Class (STC) 45 rating.

AIM

To obtain sound transmission measurements in a number of ship compartments
and provide assistance in achieving an STC 45 rating.

RESULTS

A prototype system for measuring sound transmission loss using frequency mod-
ulated waveforms was developed. The test signal is a series of swept sine chirps,
which cover the one-third octave bands from 125 Hz to 4 kHz. The measured
source and receiver space signals are processed in each band by matched filter-
ing, that is, cross-correlation with a copy of each octave band chirp signal. This
enhances the signal level and allows for a relatively low powered and light weight
speaker. The octave band transmission loss is determined from the ratio of peak
filtered outputs from the source and receiver measurements.

The ASTM standard for assessing transmission loss requires the measured noise
reductions to be modified by the receiver space absorption. The latter is deter-
mined by measurements of the receiver space volume and reverberation time.
The ASTM procedure is intended to isolate the sound transmission of a partition,
and does this by removing the reverberant contribution to the acoustic level in the
receiver space.

It was not practical to measure or otherwise assess the receiver space absorp-
tion due to (a) an unknown or poorly defined volume (in many tests the receiver
space was a corridor with open stairwells leading to other decks), and (b) high
level transient noise which would interfere with reverberation time measurements.
For these reasons the ASTM requirement for measurement of room absorption
could not be met. However, considering that the objective was measurement of
total sound transmission, the use of raw transmission loss measurements is rea-
sonable as multiple acoustic paths are likely to contribute.
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The prototype measurement system was used on a number of vessels in the
Project Protector fleet between February 2015 and May 2016. The initial mea-
surements revealed low sound insulation due to poor seal around door edges.
Significant improvement was obtained by improving the sealing, but it was not
possible to meet the standard in most cases.

The test results demonstrate that the method can be effective for octave band
transmission loss measurements using a relatively low power speaker. However,
it would need to be extended to include the measurement of reverberation time
to fully satisfy the ASTM standard for determination of the STC rating.

SPONSOR

Navy Work Request WR14020
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SYMBOLS AND ABBREVIATIONS

ANSI . . . . . . . . . . . American National Standards Institute

ASTM . . . . . . . . . . American Society for Testing and Materials

CAN . . . . . . . . . . . . HMNZS Canterbury

NIC . . . . . . . . . . . . . Noise Isolation Class

NR . . . . . . . . . . . . . Noise Reduction

PPV . . . . . . . . . . . . Project Protector Vessel

STC . . . . . . . . . . . . Sound Transmission Class

SPL . . . . . . . . . . . . Sound Pressure Level

TL . . . . . . . . . . . . . . Transmission Loss
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1 INTRODUCTION

Ships can be noisy environments due to propulsion machinery, ventilation and air

conditioning systems. Since it is not generally possible to turn these systems off,

privacy and habitability demands an adequate level of sound insulation to prevent

harmful or annoying noise from entering crew compartments.

The Royal New Zealand Navy’s Project Protector Vessel (PPV) fleet was con-

structed without adequate regard to sound insulation. As part of a remediation

program to improve the performance of these vessels there was a requirement

to measure, and, if necessary, reduce sound transmission between certain com-

partments. The Defence Technology Agency (DTA) was asked to provide advice

relating to:

• the measurement of sound transmission loss between certain compartments

in the Project Protector fleet;

• improvements in sound insulation necessary to meet a Sound Transmission

Class 45 rating.

Conventional sound transmission measurement systems use pink or white noise

sources, and are subject to a requirement that the acoustic power level exceed

the ambient noise by 10 dB. However, the internal spaces in ships are often ex-

posed to high ambient noise levels that make it difficult to satisfy this requirement.

It is not desirable, and may be impossible, to silence noise sources for acoustic

testing. Another difficulty is the high utilization of the PPV fleet and unpredictabil-

ity of vessel schedules. Limited time windows are available for testing, and often

only one to two days notice of an opportunity can be given.

Measurement of sound transmission loss and advice on acoustic insulation would

generally be undertaken by industry, as this is not a primary area of expertise at

DTA. However, due to the difficulties described above, it was decided to develop

an in-house test system based on a different measurement principle in an effort

to mitigate the ambient noise problem.

DTA has developed a prototype system for measuring sound transmission loss

with frequency modulated signals, using a relatively low power and light weight

speaker. The test signals were swept sine chirps covering one-third octave bands

in sequence, and each chirp was repeated from three to five times. The source

and receiver signals were processed using matched filtering to enhance the signal

level over background noise. This report describes the basis of the technique,

and then presents some representative results obtained from measurements in

the PPV fleet.
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2 THE SOUND TRANSMISSION CLASS RATING

The PPV acoustic remediation project aimed to reduce the sound transmission

from certain compartments to a level that guaranteed speech privacy. The spe-

cific requirement was that acoustic transmission loss from the source room to

the receiver space should satisfy Sound Transmission Class (STC) 45 or better.

The subjective relation of different STC ratings to speech perceptibility are given

below in Table 1.

STC Speech Perceptibility

25 Normal speech can be heard quite easily and dis-

tinctly.

30 Loud speech can be understood fairly well; normal

speech can be heard but not understood.

35 Loud speech can be heard but is not intelligible.

42 Loud speech is audible as a murmur.

45 Loud speech is not audible.

50 Very loud sounds such as musical instruments or a

stereo can be faintly heard.

Table 1: The relation of speech perceptibility to STC rating [1].

The STC is a single number rating of the acoustic attenuation of a building parti-

tion and is defined by the ASTM E413 standard [2]. The STC rating is determined

from measurements of transmission loss across a partition in sixteen one-third

octave bands from 125 to 4000 Hz. The sound levels in the source and receiving

rooms are measured at several positions and averaged. The level difference (in

decibels) between the source and receiver rooms, known as the noise reduction

(NR), is calculated in each third octave band1. Corrections that account for rever-

beration and room size are made to convert the noise reduction measurements

into estimates of transmission loss for the partition.

The transmission loss estimates are converted into the STC rating by fitting the

measured losses with shifts of a reference transmission loss contour. The refer-

ence contour, denoted here by TL0, is given in Table 2. The shifted contours are

given by TL0
n +STC where STC is defined as the transmission loss at 500 Hz and

is always an integer value.

The fitting procedure involves calculation of quantities known as “deficiencies”,

denoted here as dn. The deficiency dn is the difference between the reference

1The difference between two signal levels in decibels is equivalent to the ratio of the signal

amplitudes.
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contour level TL0
n and the measured transmission loss TLn at the nth frequency,

when the measurement is below the reference level. That is,

dn =

TL0
n + STC− TLn, if TLn < TL0

n + STC,

0, otherwise.
(1)

The best fitting contour is defined as that which has the highest STC for which∑
dn ≤ 32 and max {dn} ≤ 8.

f (Hz) TL0 (dB) f (Hz) TL0 (dB)

125 -16 160 -13

160 -13 250 -7

200 -10 400 -1

250 -7 630 1

315 -4 1000 3

400 -1 1600 4

500 0 2500 4

630 1 4000 4

Table 2: ANSI one-third octave band centre frequencies and the TL refer-

ence contour for an STC of zero.

The fitting procedure is simple enough to be performed without the aid of a com-

puter. The deficiencies highlight those frequency bands where improvements are

necessary to achieve a higher STC rating, and are usually indicated on transmis-

sion loss plots.

2.1 ASTM transmission loss measurement standard

Application of the STC rating system requires measurement of acoustic transmis-

sion loss between the source and receiving spaces. A procedure for measuring

transmission loss is defined in a separate standard, the ASTM E336 “Standard

Test Method for Measurement of Airborne Sound Attenuation between Rooms in

Buildings” [3].

The ASTM E336 requires a diffuse sound field in the source room, to be gener-

ated by either an omnidirectional loudspeaker or by pointing a directional loud-

speaker into a corner. The sound field is measured at six or more points in both

the source and receiver rooms then averaged over position. The difference in

averaged decibel levels between the source and receiver rooms, called the noise

reduction, is calculated.

The ASTM E336 standard also requires the conversion of the raw transmission
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loss measurements (called the noise reduction, or NR, in the standard) to an

estimate of transmission loss of a partition, (TL), by

TL = NR + 10 log10

(
A

Sᾱ

)
(2)

where A is the partition area and Sᾱ is the total Sabine sound absorption in the

receiving room, both in m2. The Sabine absorption can be estimated from the

Sabine equation

Sᾱ =
0.161V

T60
(3)

where V is the receiving room volume in cubic metres and T60 is the 60 dB

reverberation time in the receiving room, in units of seconds [4, 5].

The background noise should be 10 dB lower than the transmitted source level

in the receiver space. If the receiving room level is less than 10 dB above the

background noise level then certain corrections must be applied, as defined in

the standard.

3 DTA SOUND TRANSMISSION TEST METHOD

The compartments of interest in the PPV fleet often experience high levels of

ambient noise which cannot generally be controlled. Conventional sound trans-

mission measurement systems use high level pink or white noise sources and

measure level differences between source and receiver spaces. This must con-

tend with the background noise due to crew movements, the ship’s intercom sys-

tem, closing doors and air conditioning units. On a busy ship, it is difficult to

interrupt these activities for testing purposes.

To mitigate ambient noise interference, DTA developed a prototype system for

sound transmission measurement based on chirp signals. Significant processing

gain can be achieved by matched filtering for this type of signal, and this allows

a relatively low powered and light weight speaker to be used. The test signal

covers the one-third octave bands in sequence. Each octave band chirp was

repeated from three to five times, and the results averaged. The transmission loss

is the ratio of peak filtered acoustic pressures at source and receiver microphone

positions.

3.1 Test signals

The signals used for sound transmission measurement were chirps with frequency

sweeps that cover one-third octave bands. The acoustic pressure measurements
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in the receiver and source rooms were match filtered with waveform replicas. The

ratio of the peak match filtered source and receiver signals was calculated and

used as an estimate of the transmission loss.

A chirp with an instantaneous frequency that increases exponentially with time2

is defined by

y(t) = cos

(
2πf1T

log(f2/f1)

[
(f2/f1)

t/T − 1
])

(4)

where f1 is the start frequency, f2 is the end frequency, T is the duration and t ∈
[0, T ) [6]. The waveforms were windowed to smooth out the abrupt transitions at

the start and end of the waveform. This was necessary to reduce signal distortion

at the ends of the chirp due to abrupt changes in the driving current. A Tukey

window was used with an edge taper of 0.025 in the initial rounds of testing,

increasing to 0.25 in the final tests to further reduce distortion.

The one-third octave band limits are given in Table 3. The frequencies f1 and f2 in

(4) were set to the lower and upper one-third octave band limits, respectively. The

chirp gives a rough approximation to the American National Standards Institute

(ANSI) defined one-third octave band filter spectra [7], as illustrated in Fig. 1. The

ANSI third octave band spectra in this plot were taken directly from the MATLAB

implementation by Couvreur [8].

Exponential chirp signals were satisfactory for initial test and development pur-

poses. However, a subsequent literature search revealed that it is possible to

construct chirp waveforms that have a specific amplitude spectrum [9]. The con-

struction of such waveforms is described in Appendix A. Future tests will use

these waveforms rather than the exponential chirp.

3.2 Transmission loss measurements

Due to the limited time available at the site a full ASTM transmission loss mea-

surement procedure was impractical to implement. Instead, the worst case sound

transmission scenario was identified as the situation in which the source was di-

rected at the receiver space, and testing was conducted to simulate this. Conse-

quently, the loudspeaker was directed towards the receiver space, at a distance of

about two metres from the partition, and the microphone was placed in between.

Time was available for a single acoustic measurement in each of the source

and receiver spaces. Only one microphone was available, so the source and

receiver measurements were performed in sequence by repeating the test signal

and moving the microphone from source to receiver positions.

2These are also called logarithmic chirps in the literature.
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Figure 1: Exponential chirp spectra compared with ANSI one-third octave

band filter spectra for centre frequencies 250, 500 and 1000 Hz, respec-

tively.

The conversion of noise reduction (NR) to partition transmission loss (TL) in (2)

was not carried out, partially because it was not practical to measure or otherwise

assess the receiver space absorption Sᾱ. This was due to (a) unknown or poorly

defined receiver space volume (in many tests the receiver space was a corridor

with open stairwells leading to other decks), and (b) high level transient noise

which would make reverberation time measurements difficult or impossible.

However, the test objective was measurement of total sound transmission from

the source to receiver space, rather than the isolation of transmission across a

specific partition. The use of raw NR measurements is reasonable in this appli-

cation as multiple acoustic paths will contribute. For speech privacy assessment

a more appropriate metric than STC is the Noise Isolation Class (NIC) [10]. The

NIC is a single number rating obtained simply by using the NR values instead of

TL in the STC fitting procedure.
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In these assessments the raw transmission loss measurements (denoted NR)

were used directly in the STC rating algorithm, and the STC values reported here

should correctly be called NIC ratings. However, since the term STC is widely

used in the industry it was decided to retain it for reporting purposes, with the

caveat that reverberation measurements were not performed. In future work it

would be preferable to base the speech privacy criterion on the NIC rating, which

is easier to assess and more directly relevant for this application.

The ASTM source level requirement (10 dB above ambient in the receiving room)

is not relevant since in the DTA measurement procedure the source generates co-

herent waveforms. The receiving room level was often below the ambient noise,

but matched filter processing was effective in increasing the signal-to-noise ratio

above the background.

3.3 STC measurements in one-third octave bands

The STC measurement standard requires transmission loss estimates at one-third

octave band frequencies. The centre frequencies and lower and upper band limits

for one-third octave bands are defined by [11, p264]

fn
c = 1000 2n/3, n = −9 . . . 6, (5)

fn
l = fn

c /2
1/6 , (6)

fn
u = 21/6fn

c . (7)

The 16 one-third octave band frequencies that are used in STC testing are given

below in Table 3.

The acoustic test signal is composed of exponential chirps that sequentially cover

the one-third octave frequency bands from 125 Hz to 4 kHz. Each chirp was four

seconds long and was repeated three times. The start frequency for each chirp

was the lower band limit and the end frequency the upper band limit in Table 3.

The acoustic pressure signals in the receiver and source rooms were match fil-

tered with waveform replicas. The ratio of the peak amplitudes in the match fil-

tered waveforms was calculated, and an average over the measurement repeats

used to estimate the difference (in decibels) between source and receiver room

sound levels.

For the reasons given in Section 3.2 the measured transmission losses were

used unmodified in the STC calculation. The algorithm for determining STC from

transmission losses was given in Section 2.
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Lower band

limit

(Hz)

Centre

frequency

(Hz)

Upper band

limit

(Hz)

111 125 140

140 157 177

177 198 223

223 250 281

281 315 354

354 397 445

445 500 561

561 630 707

707 794 891

891 1000 1122

1122 1260 1414

1414 1587 1782

1782 2000 2245

2245 2520 2828

2828 3175 3564

3564 4000 4490

Table 3: Centre frequencies and lower and upper band limits for one-third

octave band filters [11].

3.4 Equipment

The sound source was the Samson Auro D208 public address (PA) loudspeaker.

The D208 is a 200 Watt two-way powered loudspeaker, driven by a class D am-

plifier. It has an 8-inch low frequency driver and a 1-inch high frequency driver

with a crossover at 2.1 kHz. The speaker weighs 6.66 kg which makes it at-

tractive for a portable test system. The -3 dB frequency response limits are 64

Hz and 20 kHz, respectively, which covers the frequency band needed for STC

measurements. The D208 loudspeaker in position for a test is shown below in

Fig. 2.

The maximum sound pressure level (SPL) is stated as 113 dB at one metre. In

tests, levels of around 115 dB were observed at frequencies above 2 kHz, but

when the frequency was reduced to a few hundred Hz it was not possible to get

the level above 100 dB without substantial vibration and distortion. When SPL lev-

els of around 115 dB were sustained for a few minutes the speaker was observed

to overheat. The amplification was subsequently reduced to avoid overheating.

The speaker was driven by a portable music player with test waveforms stored

in WAV file format. Stereo chirp signals were generated from (4) with +0.5 y(t)

in the left channel and −0.5 y(t) in the right. The level control on the rear panel

was set approximately to 7.5/10, and the bass and treble controls were set to
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approximately mid-range. These settings must be kept constant during a single

test, but variations between tests are acceptable since the procedure measures

a difference in levels, not the absolute sound level.

The audio signal was recorded onto a secure digital (SD) card in WAV file format

using a Bruel and Kjaer 2250 sound level meter with a 4189 microphone. The

sample rate was 48 kHz and the microphone signal was Z-weighted.

When the experimenter is in the source room with the loudspeaker, hearing pro-

tection must be worn, and the author used the Peltor H10A earmuff. This pro-

vided adequate protection, although at frequencies above 2 kHz discomfort was

sometimes experienced. High frequency noise exposure is particularly damaging

to hearing and should be avoided where possible.

Figure 2: The D208 loudspeaker.

4 LOUDSPEAKER REPRODUCTION OF THE TEST SIGNAL

The example of the loudspeaker response to the acoustic test signal is shown in

Fig. 3. The pure test signal is displayed in the top plot, and the acoustic pressure

measured in the source room is in the centre plot. The bottom plot contains a

time-frequency spectrogram of the acoustic pressure.

Comparison of the top and centre plots shows the test signal suffers significant

distortion in conversion to acoustic pressure by the loudspeaker. The signal is
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strongly amplitude modulated which attenuates the low frequency chirps relative

to the high frequencies. This could be mitigated to some extent by boosting

the bass response of the speaker. However, given that low frequencies suffer

from less structural attenuation than high frequencies it was not essential to use

additional amplification in the bass range.

Non-linear distortion also occurs in the loudspeaker signal. The effects of this are

apparent in the time-frequency spectrogram of the acoustic pressure, in the bot-

tom plot of Fig. 3, where harmonics of the chirps are faintly visible. However, loud-

speaker non-linearities should not effect transmission loss measurements since

the matched filter will remove the harmonics.
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Figure 3: Top: the test signal. Centre: the acoustic pressure near the loud-

speaker when the test signal is broadcast (10 Pa = 114 dB SPL). Bottom: a

time-frequency spectrogram of the acoustic pressure.

Loud speaker resonances are visible in many of the octave band blocks (the

“spikes” in the centre plot of Fig. 3), and these will have the effect of exaggerating

the contribution of frequencies near the resonance.
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Mitigation of loudspeaker distortion is a difficult problem that has not yet been

addressed. The effect of resonances could possibly be reduced by measurement

of the loudspeaker spectrum and amplitude modulation of the test signal with

the inverse to flatten the spectrum. A mathematically equivalent approach is to

inverse amplitude modulate the matched filter replica signal instead.

As the speaker ages, its frequency response may change, and it would be nec-

essary to re-measure the spectrum to generate an updated compensating filter.

Ageing and degradation of the speaker may be exacerbated by the sustained high

power levels used in these tests.

A better quality loudspeaker, with a flatter frequency response at high power lev-

els, could be used instead of the D208. However, these have the disadvantage

of greater weight and cost.

5 RESULTS

To illustrate performance of the method some results obtained from measure-

ments on the HMNZS Canterbury ISR compartment are given here. Entry to

the ISR compartment is via a single door from the outside corridor. The sound

transmission from the ISR compartment to the outside corridor was required to

achieve STC 45. Significant sound transmission occurred through the door edges,

and this was the primary focus of remediation (replacement of the entire door was

regarded as too expensive to be justified).

A baseline measurement was performed in February 2015 and the compartment

to corridor sound insulation test achieved only STC 21. The octave band trans-

mission losses for this test are given in Fig. 4, which shows a high level of trans-

mission through the door at high frequencies. This can be caused by air gaps,

and it was observed that there were small gaps around the door seal. DTA rec-

ommended that replacement seal be used round the door edges to mitigate high

frequency transmission.

The acoustic pressures recorded during this test are shown in Fig. 5. The top plot

shows the acoustic pressure recorded on the microphone placed inside the com-

partment. The maximum acoustic pressure was about 10 Pa rms, which equates

to 114 dB SPL. Although the signal was designed with a constant envelope the

acoustic pressure generated by the loudspeaker suffers from significant distor-

tion, as discussed in Section 4. There are strong resonances in the loudspeaker

response, particularly in the 140–178 Hz octave band (the second set of three

chirps in the plot).
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The centre plot is the acoustic pressure recorded just outside the door to the

compartment. The short, high-level transients in the receiver signal are ambient

noise - closing doors, crew movements, and the ship’s intercom transmissions.

These did not affect the transmission loss measurements.

The bottom plot in Fig. 5 is the receiver signal after matched filtering. The three

chirp repetitions in each of the octave bands are clearly visible above the back-

ground after filtering. This demonstrates the advantage of coherent processing in

environments with high ambient noise.

The ISR door was retested in October 2015 after replacement seal was applied,

and achieved STC 29 (Fig. 6). This was an improvement but still well below the

requirement of 45. The acoustic signals recorded during this test are shown in

Fig. 7. The same test signal was used in both the February and October 2015

measurements. An improved seal was subsequently applied to the door and a

final test was performed in May 2016. This time the door rated STC 39 (Fig. 8),

still below the requirement of 45 but a substantial improvement over the baseline

state.

The acoustic signals recorded during this test are shown in Fig. 9. The test

signal differed from the previous two tests in that the gap between each octave

band chirp set was reduced from two to one second, and the taper fraction used

in the Tukey window was increased to 0.25. The increase in the taper fraction

provides additional smoothing of the chirp edges and was intended to reduce

signal distortion. However, it did not appear to make a significant impact on the

transmission loss measurements.

The first three octave band chirp sets in the top plot of Fig. 9 are much larger in

magnitude than in the broadcast test signals in Figs. 5 and 7. This was due to

inadvertent rotation of the bass level control on the rear panel of the speaker while

in transport. The altered bass level was not noticed during the test setup, and so

the measurements were conducted with additional bass amplification compared

to previous tests. However, because the setting was used for both source and

receiver room measurements it did not affect the test result. The transmission

loss results for the final test are shown in Fig. 8.
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acoustic pressure outside the door in the receiver space. Bottom: the re-

ceiver acoustic pressure after matched filtering.
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Figure 6: The transmission losses and STC rating for the October 2015

measurement (after first stage remediation).
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Figure 7: October 2015 acoustic measurements for HMNZS Canterbury

ISR door. Top: the acoustic pressure in the source space. Centre: the

acoustic pressure outside the door in the receiver space. Bottom: the re-

ceiver acoustic pressure after matched filtering.
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Figure 8: The transmission losses and STC rating for the May 2016 mea-

surement (after second stage remediation).
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Figure 9: May 2016 acoustic measurements for HMNZS Canterbury ISR

door. Top: the acoustic pressure in the source space. Centre: the acous-

tic pressure outside the door in the receiver space. Bottom: the receiver

acoustic pressure after matched filtering.
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6 SUMMARY AND CONCLUSIONS

A prototype system for measuring sound transmission loss using frequency mod-

ulated waveforms was developed. The test signal is a series of swept sine chirps,

which cover the one-third octave bands from 125 Hz to 4 kHz. The measured

source and receiver space signals are processed in each band by matched filter-

ing, that is, cross-correlation with a copy of each octave band chirp signal. This

enhances the signal level and allows for a relatively low powered and light weight

speaker. The octave band transmission loss is determined from the ratio of peak

filtered outputs from the source and receiver measurements.

The ASTM standard for assessing transmission loss requires the measured noise

reductions to be modified by the receiver space absorption. The latter is deter-

mined by measurements of the receiver space volume and reverberation time.

The ASTM procedure is intended to isolate the sound transmission of a partition,

and does this by removing the reverberant contribution to the acoustic level in the

receiver space.

It was not practical to measure or otherwise assess the receiver space absorp-

tion due to (a) an unknown or poorly defined volume (in many tests the receiver

space was a corridor with open stairwells leading to other decks), and (b) high

level transient noise which would interfere with reverberation time measurements.

For these reasons the ASTM requirement for measurement of room absorption

could not be met. However, considering that the objective was measurement of

total sound transmission, the use of raw transmission loss measurements is rea-

sonable as multiple acoustic paths are likely to contribute.

The prototype measurement system was used on a number of vessels in the

Project Protector fleet between February 2015 and May 2016. The initial mea-

surements revealed low sound insulation due to poor seal around door edges.

Significant improvement was obtained by improving the sealing, but it was not

possible to meet the standard in most cases.

The test results demonstrate that the method can be effective for octave band

transmission loss measurements using a relatively low power speaker. However,

it would need to be extended to include the measurement of reverberation time

to fully satisfy the ASTM standard for determination of the STC rating.

DTA Report 414 16



REFERENCES

[1] B. D. H. Belle, L. H., Industrial Noise Control: Fundamentals and Applica-

tions. Marcel Dekker, 1994.

[2] “Classification for Rating Sound Insulation,” ASTM Standard E413.

[3] “Standard Test Method for Measurement of Airborne Sound Insulation in

Buildings,” ASTM Standard E336.

[4] A. D. Pierce, Acoustics: An Introduction to Its Physical Principles and Appli-

cations. Acoustical Society of America, 1989.

[5] D. A. Bies and C. H. Hansen, Engineering Noise Control: Theory and Prac-

tice. Marcel Dekker, 4th ed., 2009.

[6] T. Kite, “Measurement of Audio Equipment with Log-Swept Sine Chirps,” in

Audio Engineering Society Convention 117, Oct 2004.

[7] “Specifications for Octave-Band and Fractional-Octave-Band Analog and

Digital Filters,” ANSI Standard S1.1-1986.

[8] C. Couvreur, “Implementation of a One-Third-Octave Filter Bank in Matlab.”

Unpublished draft, 1998.

[9] S. Müller and P. Massarini, “Transfer-Function Measurement with Sweeps,”

J. Audio Eng. Soc., vol. 49, 2001.

[10] J. Weissenburger, “Room-to-Room Privacy and Acoustical Design Criteria,”

Sound & Vibration, pp. 14–17, February 2004.

[11] M. Norton and D. Karczub, Fundamentals of Noise and Vibration Analysis for

Engineers. Cambridge University Press, 2nd ed., 2003.

[12] I. H. Chan, “Swept Sine Chirps for Measuring Impulse Response.” Stanford

Research Systems Technical Paper, 2010.

[13] A. Papoulis, Signal Analysis. McGraw-Hill, 1977.

DTA Report 414 17



Appendix A SWEPT SINE WAVEFORMS WITH DEFINED SPECTRA

A swept sine chirp waveform with a desired amplitude spectrum can be generated

using the inverse Fourier transform. Although the method is discussed in Ref. [12]

a derivation of the design equations is not given. This appendix shows how the

chirp signal design equations given in [12] can be derived using a stationary

phase approximation to the inverse Fourier transform.

A chirp waveform s(t), with a desired amplitude spectrum A(f), can be generated

through the inverse Fourier transform

s(t) =

∫ ∞

0

A(f) exp [i (θ(f) + 2πft)] df . (8)

Here it has been assumed that A(f) = 0 for f < 0 so that s(t) is an analytic

signal. The quantity θ(f) is the phase of the signal, which must be chosen so

that the transform yields a chirp waveform in the time domain. Conditions that

yield a chirp can be derived by considering the group delay τ(f), defined by

τ(f) = − 1

2π

dθ

df
. (9)

For a smooth phase function, the group delay τ(f) may be interpreted as the time

delay of the amplitude envelope associated with a sinusoid of frequency f [13].

If τ(f) increases with increasing frequency the time domain waveform will be an

upwards chirp. The maximum group delay can be no more than the desired pulse

duration, T , and the minimum delay must be zero. These time delay limits are

imposed with the requirements

τ(0) = 0, τ(∞) = T. (10)

The other property required for a chirp signal is a constant envelope in the time

domain. By evaluating (8) using the stationary phase approximation, a condition

on θ(f) can be derived which guarantees that the envelope of s(t) will be approx-

imately constant. To begin, assume that for any time t there is a frequency f0 at

which the total phase in (8) is stationary, that is,

θ′(f0) + 2πt = 0. (11)

By the definition of group delay this expression is equivalent to τ(f0) = t. For

a chirp, τ(f) will be a monotonic function of frequency, satisfying τ(0) = 0 and

τ(∞) = T . Hence, there is always a frequency f0 at which (11) is satisfied when

t ∈ [0, T ]. When t lies outside this interval, it corresponds to frequencies (via the

group delay) where A(f) is small, and hence contribute negligibly to (8).

Near a stationary point f0, the total phase may be locally approximated by the
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second order Taylor series expansion

θ(f) + 2πft ≈ θ(f0) + 2πf0t+
1

2
θ′′(f0)(f − f0)2, (12)

which is known as the stationary phase approximation. Inserting this approxima-

tion in (8), together with the assumption that A(f) is slowly varying compared to

the phase so that A(f) ≈ A(f0), one has

|s(t)| ≈
√

2π
A(f0)√
θ′′(f0)

, (13)

where f0 = f0(t). The requirement that s(t) have a constant envelope is approxi-

mately satisfied if

θ′′(f) = kA2(f) (14)

where k is a constant. Integrating (14) once gives

θ′(f) = k

∫ f

0

A2(u) du = −2π τ(f), (15)

where the constant of integration has been set equal to zero to satisfy the condi-

tion τ(0) = 0. The value of k is determined by applying the second condition on

the group delay, τ(∞) = T , to (15), which gives

k = − 2πT∫∞
0
A2(u) du

. (16)

The phase function can then be obtained from the integral

θ(f) =

∫ f

0

θ′(u) du . (17)

Equations (15), (16) and (17) specify the phase θ(f) for a given amplitude spec-

trum A(f) that yields a chirp in the time domain. Finally, the chirp signal is ob-

tained by taking the real part of the inverse Fourier transform in (8).

To illustrate the performance of this technique, a chirp signal matching the am-

plitude spectrum of the ANSI one-third octave band filter centred on 1 kHz was

constructed. The chirp and its spectrum are shown in Fig. 10. The top plot in

Fig. 10 shows the amplitude spectra of the ANSI one-third octave band filter and

the chirp - the agreement is almost exact. The middle plot in Fig. 10 of the signal

envelope shows that the constant envelope requirement is satisfied, and the bot-

tom plot contains a time-frequency spectrogram confirming that the signal is an

upwards chirp.
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Figure 10: Top: The spectra of the ANSI one-third octave band filter centred

on 1 kHz and a chirp signal designed to match this filter using the station-

ary phase approximation. Centre: the signal in the time domain, showing

the constant envelope requirement is satisfied. Bottom: a time-frequency

spectrogram of the signal.
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