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Abstract: An incomplete stop consonant is characterized either by an in-
distinguishable closure or a missing burst. If an incomplete stop happens due
to a stop following another stop [stop-stop interaction (SSI)], its acoustics
typically resemble that of a complete stop—one closure followed by a single
burst. As a consequence, stop detectors would fail to distinguish an SSI from
a complete stop. Analysis of the TIMIT corpus shows 35.04% incomplete
stops (14.97% SSI). It is shown that by using automatically estimated (and
hand-labeled) closure duration, complete stops can be distinguished from in-
complete stops due to SSI with 69.66% (79.14%) accuracy.
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1. Introduction

Stop consonants in English speech have been a topic of research over the past few decades,
particularly to better understand and analyze the dynamic and highly speaker- and context-
dependent nature of these sounds. A stop consonant (/b/, /d/, /g/ [voiced] and /p/, /t/, /k/ [un-
voiced]) is produced when there is complete closure of the articulators, stopping the airflow in
the vocal tract, followed by a release or burst of air.' However, in conversational or even read
speech, this acoustic signature of a stop is not always apparent due to 1ntergestura1 overlap,
which sometimes results in the absence of a clear stop release or burst.”* These short-dynamic
acoustic variations make the state-of-the-art hidden Markov model based automatic speech rec-
ognizer (ASR) incapable of performing accurate fine phoneme distinctions for this class of
sounds.

To address this problem of ASR, researchers have proposed several alternative features
and models to detect stop consonants. For exam 7ple to detect stop consonants, spectral and
temporal features,” the optimal filter approach,” and the wavelet transform approach® have
been used to capture a period of extremely low energy (corresponding to the period of closure)
followed by a sharp, broadband signal (corresponding to the release). These features are in turn
being used W1th1n novel automatic speech recognition frameworks such as those based on land-
mark detectors.” However, all these approaches for stop detectors implicitly assume that a stop
should be a complete stop, which is defined as one that should include an identifiable closure
portion followed by a burst release. But corpus studies (in English) have shown that acoustic
implementation of complete stops is onlgl a fraction of the possibilities. For example, in a com-
prehensive study by Crystal and House,” complete stops accounted for only about 45% of the
identified stops.

In this work, we investigate the complete and incomplete stops in the TIMIT database'”
with a specific focus on the robustness of the stop detectors in the presence of incomplete stops.
In particular, we provide the detailed analysis of incomplete stop consonants” in the presence of
stop-stop interaction (SSI). Spectro-temporally, these sounds share similar patterns with com-
plete stops1 motivating us to analyze their acoustic properties further. In a framework like dis-
tinctive feature landmark detection for speech recognition, ? such an analysis would provide
more insights into detecting stops more accurately It should be noted that the formant transition
is often used as an acoustic cue in stop detection,” which is not affected, in general, by the SSI.
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Fig. 1. Number of complete and different incomplete stops in TIMIT.

However, it is difficult to estimate formant transitions near a stop closure.'' Hence both tempo-
ral and spectral properties of burst, closure duration, and voice onset time (VOT) are mainly
used as acoustic features in stop detection.” But due to acoustic similarity between incomplete
stops due to SSI and complete stop, stop detectors (which assume each stop is a complete stop)
would miss one stop for every SSI. The analysis in this paper provides insight as to how the
closure duration can be used to disambiguate SSIs from complete stops, leading to potential
improvements to stop detectors. In our analysis, we found that with hand-labeled closure dura-
tion as a cue we can distinguish non-released stops due to SSI from complete stops with an
accuracy of 79.14%. With automatically estimated closure durations, we can achieve a detec-
tion accuracy of 69.66%.

2. Complete and incomplete stops in TIMIT

We first study the relative frequencies of complete and incomplete stops of American English in
TIMIT. The reason for choosing TIMIT is that it is a phonetically balanced database that has been
well studied. In TIMIT, the phonetic transcriptions of the release of six stops are denoted by /b/,
/d/, Ig/, Ip/, It/, /k/ and their closures by /bcl/, /dcl/, /gcl/, /pcl/, /tcl/, /kcl/, respectively. A stop
consonant [t] is counted as complete if /tcl/ is followed by /t/. On the other hand, an incomplete
stop can be of two types—(1) if /tcl/ is followed by any phoneme other than /t/ (we call this a
missing-release stop) and (2) if /t/ is preceded by any phoneme other than /tcl/ (we call this a
missing-closure stop). This terminology applies to other stop consonants as well. Carpet clean-
ers (/kel/k/p/ix/tcl/k/l/iy/n/..) is an example of a missing-release stop and events (/ix/v/eh/n/t/s/)
is an example of a missing-closure stop (note the underlined portions). Figure 1 shows the
number of complete, missing-release, and missing-closure stops for each of the six stop conso-
nants in TIMIT. The percentages of the total incomplete (No. of missing-release + No. of
missing-closure) stops are also shown in Fig. 1. Considering all the stop consonants together,
there are 35.04% incomplete stops (missing-release, 28.96% and missing-closure, 11.31%) in
the TIMIT database. It is clear from Fig. 1 that the percentage of incomplete [d] and [t] is high.
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Table 1. Top 5 missing-release stops (for each stop closure); %SSI is the percentage of missing-release stops,

due to SSI.
Following phonemes
Closures First Second Third Fourth Fifth %S ST
/bcl/ /d/ i /jh/ /s/ lel/ 28.02
/dcl/ /bl n Iyl /dh/ z/ 26.68
/gcl/ n 7 /n/ fix/ /d/ 20.19
/pcl/ n /s/ v/ /dh/ /m/ 41.06
/tel/ /s/ /dh/ lq/ v/ /d/ 16.41
/kel/ /dh/ /m/ i /s/ /d/ 28.05

On average, for every two occurrences of [d] or [t], any acoustic feature based stop detector may
fail to detect one of those occurrences.

Tables 1 and 2 show the top five phonemes that follow each of the stop closures and
precede different stop releases in the case of missing-release and missing-closure stops, respec-
tively. The underlined entries in both tables suggest that the release of a stop can follow a clo-
sure of another stop (we call this an SSI) and can contribute to an incomplete stop (23.54% for
missing-release and 46.35% for missing-closure stops).

Browman and Goldstein® showed that gestural overlap can cause such deletion or as-
similation leaving no acoustic evidence of the consonant burst, resulting in incomplete stops.

2.1 Incomplete stops due to SSI

From Tables 1 and 2, we see that when a stop consonant follows (interacts with) another stop
consonant, it can lose its individual acoustic signature and manifest itself as an incomplete stop;
we refer to them as incomplete stops due to SSI. A stop consonant interacts with another stop
consonant either within a word (e.g., subject and jumped) or across words (e.g., rapid car and
sharp dresser).l Incomplete stop due to SSI has one closure followed by a single burst and thus
appears acoustically indistinguishable from complete stop.

%SSIs in Tables 1 and 2 refer to the percentages of different missing-release and
missing-closure stops, which are due to SSI. We can see that the SSIs (particularly for missing-
closure stops) cover a significant portion of the incomplete stops. This motivates us to investi-
gate how an incomplete stop due to SSI can be distinguished from a complete stop using acous-
tic cues.

3. Closure duration of incomplete stop due to SSI vs complete stop

Although the acoustic pattern of an incomplete stop due to SSI appears similar to that of a
complete stop, the mean duration of closure (as specified in the TIMIT transcription) for incom-

Table 2. Top 5 missing-closure stops (for each stop release); %SSI is the percentage of missing-closure stops,

due to SSI.
Preceding phonemes
Release First Second Third Fourth Fifth %S SI
/b/ /dcl/ /tcl/ /pau/ /pcl/ /gcl/ 56.31
/d/ Itel/ /n/ /kel/ /pau/ /bcl/ 21.57
g/ Itel/ /ng/ /kel/ /dcl/ /pau/ 43.08
Ip/ Itcl/ /dcl/ /kel/ /gcl/ /bcl/ 58.12
i /kel/ /dcl/ /pcl/ /pau/ /n/ 71.93
/k/ Itel/ /pau/ /dcl/ Ipcl/ /bcl/ 40.09

J. Acoust. Soc. Am. 126 (1), July 2009 P. K. Ghosh and S. S. Narayanan: Closure duration analysis of incomplete stops  EL3



P. K. Ghosh and S. S. Narayanan: JASA Express Letters [DOI: 10.1121/1.3141876] Published Online 5 June 2009

Table 3. Mean (SD) closure durations (in second) for different incomplete stops due to SSI, complete stops
(bold entries correspond to complete stops) and stop-fricative, stop-nasal, stop-glides, stop-vowel interactions.

Following phoneme categories

Stop release
(SSI and complete stop)

Closure /b/ /d/ g/ Ip/ n /k/ Fricative ~ Nasal  Glides  Vowel

/bel/  0.063 0099 0.133  0.111 0098 0094 0063  0.056 0.049  0.059
0.02)  (0.02) (0.03) (0.03) (0.02) (0.02)  (0.02)  (0.02) (0.02) (0.03)
/del/  0.086  0.049 0088 0096 0072 0093  0.043 005 0056  0.057
0.02)  (0.02) (0.02) (0.03) (0.03) (0.03)  (0.02)  (0.02) (0.03) (0.03)
fgcl/ 0122 0.096 0047 0101 0.118 0089 0059  0.056 0052  0.048
0.02)  (0.02)  (0.02) (0.02) (0.03) (0.03)  (0.03)  (0.02) (0.02) (0.03)
/pcl/ 0109 0122  0.125 0.067 0091 01129 0071 0058 0070  0.086
0.02) (0.02)  (0.02) (0.02) (0.03) (0.02)  (0.04)  (0.03) (0.02) (0.04)
fell  0.097 0086  0.098 0093 0.048 0085  0.045 0054 0063  0.063
0.03)  (0.03) (0.03) (0.04) (0.02) (0.03)  (0.03)  (0.02) (0.04) (0.04)
/kel/l 0103 0.104 0.112 0120 0.094  0.054 0050  0.057 0073  0.089
0.03)  (0.02)  (0.05) (0.02) (0.03) (0.02)  (0.02)  (0.02) (0.04) (0.03)

plete stops due to SSI is consistently higher than that of complete stop consonants. The mean
closure durations [with standard deviation (SD)] for all incomplete stops due to SSI and com-
plete stops are shown in Table 3. The bold entries in this table indicate the minimum mean
closure duration among all SSIs in a row. It is clear that the minimum durations also correspond
to the complete stops (bold entries). This observation supports many previous studies in the
llterature Olive ef al." reported smaller closure duration for single [t] than that of a geminate;
Homma' provrded a 51m11ar observation from an experiment on a set of 24 words spoken by
four speakers Manuel et al."? also observed similar differences in nasal consonant durations in

“in a” and “in the.” However, to the best of our knowledge, there has not been a comprehensive
analysis of stop closure durations of different SSIs on a large multitalker dataset.

The total number of complete stops in TIMIT is 22624 and that of incomplete stops due
to SSI is 1826 (8.07%). The normalized histograms of the closure duration of these two classes
are shown in Fig. 2(a). This figure clearly shows that incomplete stops due to SSI and complete
stops can be distinguished to some extent based on their closure duration.

We also found that when there is an interaction (for missing-release) where any pho-
neme other than a stop follows a stop consonant, the closure duration of this stop is not neces-
sarily higher than that of the complete stop. Table 3 supports this observation. To compute the
mean closure duration in such incomplete stops due to non-SSI, we first categorize the other
interacting phonemes into fricatives, nasals, glides (and liquids), and vowels. From Table 3, it is
seen that the mean closure durations in these cases are similar to those of the complete stops (as
seen in bold entries of Table 3).

Also for missing-closure stops, there are cases where a stop is preceded by a phoneme
other than a stop consonant. In these cases the closure duration does not exist for the stop and
these are, in general, difficult to detect by acoustic cues (they are 17.33% of all incomplete
stops).

4. Automatic classification of complete stop consonants and incomplete stops due to SSI

We have already seen that the mean closure durations (as mentioned in the TIMIT transcription)
of a complete stop and an incomplete stop due to SSI are different even though both exhibit a
similar acoustic pattern of a single closure followed by a single air burst. We perform two clas-

sification experiments to investigate the discrimination power of using closure duration as a
feature. First, we use the actual closure durations transcribed in the TIMIT for an “oracle test,”
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Fig. 2. (Color online) Normalized histogram (normalization is done so that the fractional counts in the histogram add
up to 1) of (a) closure duration and (b) VOT.

that is, a classification experiment in which manually transcribed closure duration is used to
discriminate between complete and incomplete stops due to SSI. Second, we perform the same
detection experiments with automatically measured stop closure durations.

4.1 Oracle detection experiment

We randomly selected 500 complete stops and 500 incomplete stops due to SSI from TIMIT for
testing and used the remaining segments for training. We trained two-component Gaussian mix-
ture models (GMMs) for both classes using the EM algorithm (we tried other numbers of mix-
tures, but the best accuracy was obtained with two components). GMMs observed the closure
durations that were provided in the TIMIT database. Since our test set was balanced and did not
reflect the bias in the training set, we implemented maximum likelihood as opposed to
maximum-a-posteriori classification scheme.

Classification accuracy was computed using 50-fold cross-validation, resulting in an
average accuracy of 79.14% (SD=1.23%). Complete stops were classified with a mean accu-
racy of 80.08% (SD=1.92%), whereas SSIs with 78.2% (SD=1.73%). Thus class specific
accuracies are not very different. We also tested the use of VOT as an additional feature, but it
did not improve the accuracy significantly. Thus it can be concluded that VOT is not a useful cue
for distinguishing SSI from complete stops. The histogram of VOT for these two classes sup-
ports this fact [see Fig. 2(b)].

4.2 Detection using automatically estimated closure duration

In this experiment, we designed a simple stop detector using the energy of the closure duration
as a feature and consequently estimated the closure duration for a detected stop. Since stop
releases are transient events, we used an analysis window of 1 ms length with no overlap. We
computed the energy of the speech signal (normalized to +1) in each analysis window. We used
the TIMIT training dataset to learn the distributions of energies of the signal in the analysis
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window for stop closures and for events other than stop closures. Stop closures were detected by
thresholding the energy, using the equal error rate threshold (the threshold at which recall and
precision rates are equal), which turned out to be 0.6974 for these data. If the energy of the
signal in an analysis window was less than 0.6974, we declared that the frame belongs to a stop
closure. However, in this approach, many spurious frames were detected as frames belonging to
stop closure. To prevent this, we imposed another constraint. From the histogram of closure
durations [Fig. 2(a)], we observe that the minimum closure duration is ~15 ms. Thus if at least
15 consecutive frame energies are below 0.6974, we declared that the respective sequence of
frames corresponds to a stop closure. If N (N=15) consecutive frame energies were consis-
tently less than the threshold, we considered the estimated duration of the respective stop clo-
sure is N ms.

We used the TIMIT test dataset for evaluation. Using the above-mentioned simple stop
closure detection algorithm, we could detect 92.39% of all stops (including both complete and
SSI) in the test dataset. The estimated stop closure durations were then used to classify the stops
into either complete stops or SSIs, using two-component GMMs trained on the transcribed
closure durations of the training dataset. The mean classification accuracy was 69.66%. Com-
plete stops were classified with a mean accuracy of 63.70%, whereas SSIs with 75.62%. The
reduction in accuracy compared to that of the oracle test is due to the fact that the closure
durations are estimated and not the actual ones as transcribed in the TIMIT database.

5. Conclusion

We showed that closure duration can be used as a feature to classify the incomplete stops due to
SSI and the complete stops in read speech of the TIMIT with 69.66% (79.14%) accuracy for
automatically estimated (reference) durations. We also found that the closure durations of the
incomplete stops, when not due to SSI, are similar to those of complete stops.

Our analysis provides opportunities for improvement of stop consonant detectors, par-
ticularly for applications such as distinctive feature landmark detectors for speech recognition.’
It is important to note that the problem of nonreleased stops is not speaker dependent as the data
analyzed come from multiple talkers. However, a similar study on conversational speech re-
mains to be done to fully understand the effect of variability in stop production on the perfor-
mance of stop detectors.
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Abstract: This paper proposes a method to construct the temporal Green’s
function from a scatterer to an array of transducers in a waveguide using free-
space back propagation of the eigenvectors of the time-reversal operator
(TRO). The monostatic Green’s function is obtained as an eigenvector of the
TRO which is known with an arbitrary phase; thus the impulse response can-
not be obtained by a simple inverse Fourier transform. Assuming that the
monochromatic fields obtained by the back propagation of the eigenvectors
are in phase at the focal point, the phase correction is determined. Simula-
tions and laboratory experiments are presented.
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1. Introduction

Time reversal is a self-adaptive technique that provides a mean to focus in inhomogeneous
media. It has been studied intensively these past few years in various fields in acoustics' ® as
well as electromagnetism.%9 The DORT method (French acronym for decomposition of the
time-reversal operator) is a time-reversal based technique that uses the singular value decom-
position (SVD) of the multistatic data matrix (MDM) to detect, locate, and separate two or more
targets in an unknown medium. The initial version of DORT is essentially a monochromatic
method and the singular vectors of the MDM are the monochromatic invariants of the time-
reversal iterative process as demonstrated by Mordant ef al. 19 problems arise when time-domain
signals, which we call temporal eigenvectors in the following, are needed (for ultrawide band
imaging or telecommunication, for example). The principal difficulty comes from the fact that
the singular vectors have an undetermined phase term; in other words, if V is a singular vector
of the array response matrix K, then for any phase ¢, e’*V is also a singular vector. Thus, the
vectors V,(w) obtained by SVD and associated with the pth target are incoherent and the time-
domain signals cannot be obtained by a simple inverse Fourier transform. This issue has been
investigated in inhomogeneous media'"'? with the introduction of a space-frequency MDM to
extract a coherent frequency vector. It was also studied in the cases of waveguides by assuming
that the phase of the eigenvectors is a continuous function of the frequency and using the sym-
metry of the MDM.'*"3 The continuity condition means this method is very sensitive to noise
and requires extensive calculation with high frequency sampling rate; thus the method was not
applied successfully in real scale experiments.

Here, a more robust and straightforward technique involving a free-space back propa-
gation is proposed to reconstruct the impulse responses from the array to one of the scatterers.
A simulation and a laboratory experiment illustrating this technique are presented.
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2. Phase synchronization of the eigenvectors of TRO: Theory

For the DORT method, the SVD of the frequency-domain MDM is used to detect the number of
isotropic point-like targets in the medium and to retrieve the Green function associated with
each target. It was shown that the number of nonzero singular values (SVs) of the MDM pro-
vides the number of point-like targets and the corresponding smgular Vectors give the mono-
chromatic Green function from the array to the targets associated.'”'*!* Indeed at pulsation
frequency w, the singular vector u,, is related to the Green’s function G, connecting the array to
the pth target’s position r,, by

u ((1)) = eiq’sv])(w)M (1)

! IG,(r, )]

where r), is the position of the pth target and ®gyp, is the frequency dependent phase that comes
from the SVD. Once the singular vectors are extracted, the position of the targets is found by
construction of the pressure field p in the probed space at pulsation frequency w with the for-
mula

p(r,0) =1, (0)G(r,0), )

where G(r, w) is the computed Green’s function at position r and the dagger superscript denotes
transpose conjugation. In a waveguide, an accurate computing the Green’s function requires an
extensive knowledge of the guide parameters that is rarely achieved in real scale experiments.
As a consequence, we propose to use a free-space model to compute the Green’s function. In
this model, the image obtained by back propagation of the singular vector associated with one
target 1n the waveguide shows several focal spots, as described by the well known method of
1mages > In this theory, the Green’s function is decomposed into the free-space Green’s func-
tion of the real source plus a sum of contributions from virtual sources that are the images of the
real source symmetrically positioned about the interfaces. Thus the pth Green’s function from
the target to the transducer i can be written as

iklr;r,| eiklri—rn\

[Gylrp )= 1 ——+ > sign,——, 3)

| i_rp| n=1 |ri_ n

where r; is the position of the ith transducer of the array, r,, is the position of the nth image of the
source and sign,, is the sign of the nth image.
Using Eqgs. (1) and (3), Eq. (2) yields

—iklrr,| N —iklr—r,| | iklr/r,|
(rp,w) — E o 1 ®syp(®@) e ' r N Signne Tl | ikl
i |ri_rp| n=1 |I',-—rn| |ri_rp|
. tk|r -, 1k|rl 1|
| 3 S i S @
i |r*rp| i r,— 1| Jr,—1,| ]

If the second term of the expansion is small, i.e., the sum of the scalar products between the
free-space Green'’s function of the real source and the images is small, the phase at the focal spot
gives Ogyp(w). As the distance between the real source and the nth image grows with n, this
condition is equivalent to an absence of overlap between the focal spots of the two first images
and the focal spot of the direct path. Using the focal point of the real source is more robust than
using one of the images’ as the isophases at this point can be considered as planes in the small
angle approximation. Thus, if the choice of location of the focal spot is not accurate enough, the
error made is minimized. Once ®gyp(w) is extracted from the numerical back propagation, the
phase of the singular vectors is corrected and the time-domain eigenvector of the TRO is ob-
tained by a simple inverse Fourier transform. This correction corresponds to a synchronization
of the eigenvectors (SVP, for “synchronisation des vecteurs propres” in French) for all frequen-
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Fig. 1. (Color online) Inverse Fourier transform of the first singular vector of the simulated MDM (a) without phase
correction and (b) with phase correction. (c) Phase as a function of frequency of the simulated Green’s function from
the 19th transducer to the target (blue line with circles) compared to the phase of the SVP eigenvector (red line with
crosses). The black solid line is the difference between the two (d): (blue solid line) phase at focal point after back
propagation of the corrected eigenvector in the RAM model and (red dotted line) phase at focal point after back
propagation of the noncorrected eigenvector in the free-space model which is used as the ®gyp(w) estimate.

cies. The temporal eigenvector is then back propagated in the real waveguide to ensure temporal
focusing of the emitted signal at the target. We focus here on the reconstruction of time-domain
invariants of the TRO for shallow water undersea acoustics, but this technique can be extended
to various waveguide configurations. In Secs. 3 and 4, we present a broadband simulation made
with RAM code'® and experimental results from an ultrasound laboratory experiment. The simu-
lation will provide quantification of the error made by using the phase of the back propagation
in free space to estimate the phase ®gyp(w) in Eq. (4) in order to synchronize the singular
vectors.

3. Simulation

The simulation configuration is a Pekeris waveguide composed of a d=30 mm water layer
above a Plexiglas-like medium. A target is placed at 400 mm distance and 12 mm depth. These
parameters and the bandwidth (2.5-4.2 MHz) are chosen to match the experimental setup pre-
sented in Sec. 4. The temporal eigenvectors obtained before and after phase correction are dis-
played on Figs. 1(a) and 1(b). The first signal obtained by direct inverse Fourier transform is
highly incoherent whereas the signal obtained from the eigenvector after phase compensation
shows perfect coherence. To compare this last signal with the computed Green’s function, Fig.
1(c) shows the frequency dependent phase of the Green’s function from the target to the 19th
transducer, the corresponding phase of the SVP eigenvector and their difference (continuous
line). This figure shows that in this configuration, the error made by neglecting the phase of the
second term in Eq. (4) is small enough (<7/12) to construct a near perfect temporal Green’s
function. Moreover, to confirm the phase coherence of the SVP eigenvector, it was back propa-
gated in the simulated waveguide at each frequency. The phase of the resulting field at focal
point is plotted on Fig. 1(d) and compared to the estimated ®gyp(w) which is the phase of
p(r,, ) in Eq. (4). The error is again lower than 7r/12, which confirms that the second term in
Eq. (4) only slightly modifies the SVP phase estimate.

4. Experiment description and results

In this section, results from an ultrasound water tank experiment are presented. Two wires con-
sidered as point-like targets are placed at a distance of 400 mm at 3 mm from each other. As
mentioned before, the waveguide parameters are the same as in Sec. 3. The broadband impulse
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Fig. 2. (Color online) (a) Experimental SVs of the MDM as a function of frequency in logarithmic scale. As
predicted, two SVs are above noise. (b) Back propagation in free space, of the two first eigenvectors as function of
frequency. The first SV is associated with the lowest target and the second SV with the other target. (c) Amplitude
averaged on all frequencies as a function of height in the waveguide. The two dotted lines (magenta) show the
positions of the interfaces. (d) Phase of the pressure field at distance 400 mm after back propagation of the first two
corrected eigenvectors as a function of frequency and height in the waveguide

response matrix is recorded with a 64 transducer array of central frequency 3.5 MHz. The
MDM is obtained at each frequency by time windowing and Fourier transform. On Fig. 2(a), the
SV of the MDM are plotted as a function of frequency. As is clearly seen, there are two distinct
nonzero SV, each associated with one target. It is important to note that the reconstruction of the
temporal singular vector assumes that the SV is associated with the same target in the whole
bandwidth. This assertion is confirmed in Figs. 2(a) and 2(b) by plotting the focal spot at target
distance as a function of frequency. Difficulties can arise if SV switching occurs, especially in
the case of target resonances as presented by Philippe ef al.'” As predicted by the image theory,
the focusing pattern is made of several focus spots for one target: one in the vertical extension
corresponding to the guide and eight others outside the guide. The depth of the target in the
guide is extracted from the directivity diagram in Fig. 2(b) and ®gyp(w) is obtained from the
equivalent in phase of Fig. 2(b). Figure 2(d) shows the phase of the pressure field as a function
of frequency and vertical range in free space after correction of the eigenvector and back propa-
gation in the model. As expected, the phase at the focal point is zero. More interesting is the fact
that the phase remains negligible in a large area surrounding the focal spot. It means that a
certain amount of error in the choice of the point taken as reference for the phase correction is
acceptable in the SVP method. The time-domain signals obtained from the inverse Fourier
transform of the corrected eigenvectors are presented in Fig. 3. The signals are then back propa-
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Fig. 3. (Color online) Reconstructed two first SVP temporal eigenvectors for the ultrasonic scale example.
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Fig. 4. (Color online) (a) Pressure field as a function of time at distance of 400 mm after emission of the first
temporal eigenvector. (b) Sum of energy as a function of depth. The focal spot of the emission of the first eigenvector
(blue) and second eigenvector (green) is six times smaller than the diffraction limited free-space focal spot (red dots).
(c) The time signal at target position (blue) shows temporal focalization of the 13 us long emission.

gated in the real waveguide and the pressure field is measured with a hydrophone over the depth
at distance 400 mm. The results are plotted in Fig. 4.

As for the simulated data set, the transmission of the two first corrected singular vec-
tors in the guide focuses at each target with higher resolution than in free space [see Fig. 4(b)].
In this case, the resolution is increased by a factor of 6 and the temporal eigenvectors show
seven different significant paths. Moreover, and this is the foremost thing to see, Fig. 4(c) shows
that the reconstruction of the temporal impulse response was effective as the 13 us long emit-
ted signal is compressed by the propagation in the medium into a signal matching the 1 us long
initial impulse.

5. Summary and discussion

This paper presents a simple method to compute the time-domain invariants of the time-reversal
process in a waveguide from the DORT method. The SVP method is based on a monochromatic
free-space imaging of the studied medium requiring little information compared to a much
more complex model taking into account the waveguide properties. The free-space model al-
lows for extraction of the frequency dependent phase added to the monochromatic singular
vectors by the SVD. Once this phase is corrected, the time-domain invariants are built by a
simple inverse Fourier transform of the set of monochromatic DORT singular vectors. This
method is applied to simulation and laboratory data set, and emission of the time-domain signal
obtained in the medium shows spatial and temporal focusing. The effectiveness of the SVP
method on laboratory data with two targets shows how robust this simple method is. In this
paper, emphasis was put on the underwater acoustics application of the method but it can be
applied to any waveguide configuration provided a model allowing focalization of the direct
path is available. Further investigations concerning the sensitivity of the method to environmen-
tal mismatch such as sound speed gradient are scheduled.
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Abstract: Kirchhoff formula for an impedance polygon facet is given in
the time domain. The derived formula is expressed as a summation of the
transient analytic functions and generalized functions and represents an im-
pulse response of the impedance polygon facet. Current formula can be ap-
plied to transient scattering analysis of underwater objects such as fish and
submarine, or rough surface in the geometrical scattering region.
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1. Introduction

The Kirchhoff method has been widely used to solve high frequency scattering problems in
different applications, such as scattering from a sound diffuser,' ocean surface scattering,2 and
acoustic target scattering.” This method usually holds for the high frequency region kL > 1,
where k is the wavenumber and L is the characteristic length.

For a general three-dimensional object, the scattered field obtained by Kirchhoff
method is expressed as an integral over the surface of the object and numerically calculated by
the discretization of this surface integral. If the scattered field from an arbitrary facet is known,
the surface of the object can be divided into polygon facets and then the total scattered field will
be obtained as a summation of contributions from all these facets.

Analytic evaluation of the scattered field in the time domain employing Kirchhoff
method (or physical optics method in electromagnetism) was initially studied by Kennaugh and
Cosgriff.4 They derived the impulse response for a perfectly conducting simple body, equivalent
to a soft body in acoustics. Lee et al.® derived an impulse response from a triangular facet of a
perfectly conducting body. Their impulse response is expressed as a summation of amplified
rectangular functions but the formula suffers from a singularity problem for some incident/
scattered directions. In acoustics, Fawcett® also presented the time signal scattered from a tri-
angular rigid facet by means of the Kirchhoft/diffraction method. Fawcett’s solution is ex-
pressed as a summation of time-delayed and amplitude-modified form of the time integral of the
source pulse. In fact, Fawcett’s derivation can be regarded as an acoustic version of the work of
Lee et al. and therefore still bears the problem of singularity for some incident/scattered direc-
tions.

In this paper, our goal is to derive a general acoustic impulse response for a polygon
facet, such as a panel. Our derivation is more general and rigorous than those of previous au-
thors, in that we treat an impedance polygon facet and have removed the singularity of the
impulse response. This derived formula can be used for modeling the high frequency transient
scattering from an underwater target or a rough surface, when they are discretized into multiple
polygons.

2. Frequency domain solution for an impedance polygon facet
2.1 Helmholtz—Kirchhoff integral equation and Kirchhoff assumption

The Helmholtz—Kirchhoff integral equation of the acoustic pressure scattered from a body is
given in the frequency domain by
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Fig. 1. (Color online) Definition of coordinate system and vectors used for the general impedance polygon facet.

ps(rlre)= | [pr'|ro) V G(r|r") = G(r|r") V p(r'|r) 1dS 5. (1)
Sp

Here, r is the source position vector, r is the field position vector, and r’ is the position vector
on the body surface Sp. p, is the total acoustic field, where p,=p;+p, with the incident field p;
given by /ol "l / (477|r—rg|) and p, is the scattered field. G(r|r') is the free-field Green’s func-
tion given by e’/ (47/r—r'|), where k; is the medium wavenumber.

For an impedance facet, Kirchhoff assumption of the scattered field is obtained with
the plane-wave reflection coefficient R(w), dependent on the angular frequency w, given by

- a s - ﬁ i . .
ps=R(w)p;, P :—R(w)i on illuminated part,
an dn
op,
ps=0, %=0 on shadowed part, (2)
n

where d/dn is the directional derivative for outward normal direction from the body surface.
When Eq. (2) is inserted into Eq. (1), the scattered pressure is approximated and ar-
ranged as follows:

o= | @+ Rp0 O Ry P s, )
Sg n on

2.2 Frequency domain solution for an impedance polygon facet

It is well known that the surface integral of Eq. (3) can be reduced to a line integral.7 For an
opaque screen with polygon aperture, Gordon® showed that the line integral can be rearranged
to an analytic closed expression using the far-field approximation. Based on Gordon’s deriva-
tion, Eq. (3) can be rearranged into an analytic closed expression for a polygon facet.

For the case of non-specular incident/scattered angle, using the definition of vectors
shown in Fig. 1, Eq. (3) becomes
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where 7 is total number of vertices of the polygon facet, R, is vector drawn from the origin of
the facet to field point, Rgx=|Ry|, Ry is vector drawn from the origin of the facet to source point,
Ry=|Ry|, R,=Ry/|Rg|, £=—Rs/|Rg|, 7 is normal vector to the facet, w={—R,,, w*'=w X 5, Wis
projection length of w onto the facet, a; is vector drawn from the origin of the facet to ith vertex,
and b,=a;,,—a; with a,,;=a,.

For the case of specular incident/scattered angle (W=0), Eq. (3) becomes

eka(R rHRg)

pi(rlro) == ko[(Ry + ) + R Ry = O] 37y5p

4, (5)

where A4 is the area of the facet.

Equations (4) and (5) are given in equivalent but slightly different forms in Eqs. (4.4)—
(4.6) of Gordon’s paper. We assume a spherical incident field impinging on an impedance facet
and use the surface integral of Eq. (3) including the incident scattered part, given as the first
term on the right-hand side of Egs. (4) and (5). Note that the incident scattered part disappears
in the mono-static case, i.e., when Rp=Rj.

Here, the plane-wave reflection coefficient for an acoustic facet, illustrated schemati-
cally in the lower part of Fig. 1, can be written in a series form’ as

]

R(w) =Ry + (1 ~R§DR D (— Ry R ) exp(i2y1 ), (6)
=1

where y,= ka*kz is the vertical wavenumber of the ith medium (subscript 7 refers to the me-
dium number, i=0,1,2), &; is the medium wavenumber, and £ is the horizontal wavenumber.
The medium wavenumber is given by k;=(w/c;)(1+/5;), where the acoustic loss tangent &; is
related to the attenuation «; (dB/wavelength) by «;=407(log,, €) &; and ¢; is the acoustic sound
speed. Horizontal wavenumber k=k; cos 6; when the incident grazing angle is 6,. Ry, and R,
are the plane-wave reflection coefficients and /4, is the thickness of the facet.

We note that the frequency dependence of Eq. (6) is attributed to the phase of the
exponential term and the conjugate symmetry of the local plane-wave reflection coefficients R
and R, for the frequency.

To reveal the frequency-dependency of Eq. (6) explicitly, it can be rearranged as fol-
lows:

R(w) =2, Bje /s exp[— Im<&11> |w|]exp[j Re(ﬁ) w] , (7)
1=0 Czl Cz1
where ¢, =w/y,, By=|Rqy|, and 7o=arg(Ry;) when /=0; B;=|(1-Rg))Ry,|(|Ry;||R15))"" and 7,
=[arg(Ry;) +arg(R,,)+ m](I—1)+arg[ (1 —R%l)Rlz] when />0.

In Eq. (7), 7; and B, are the frequency-independent parameters. The first exponential
term exp[—j7; sgn(w)] results from total reflection of the incident wave and is slightly affected
by the attenuation of the medium. To further simplify this relationship, the frequency-
independent variables of the second and third exponential terms are set to

aZ:Re(Zhll/czl), B]:Im(Zhll/Czl). (8)

Then, Eq. (7) is expressed as
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R(w) = 2, Bje /3@l Blelgia )
=0

Equations (4) and (5) along with the plane-wave reflection coefficient of Eq. (9) are the
frequency domain solution of the scattered pressure from an impedance polygon facet, which
will be transformed into the time domain in Sec. 3.

3. Impulse function for an impedance polygon facet

The impulse function of the scattered pressure is obtained by using the Fourier transform of the
frequency domain solutions of Eq. (4) or Eq. (5) as follows:

H(1) = %Tf plwe’do. (10)

Then, the time scattered signal P(¢) with the source function S(z) can be calculated by
the convolution of S(¢) with the impulse function as

P(t)= f“’ S(v)H(t— v)dv. (11)

3.1 Non-specular incident/scattered angle region

Observing Eq. (10) with Egs. (4) and (9), the basis function of impulse function for non-
specular incident/scattered angle region can be expressed as

A 1 [~ A w-b; 1
hi(t) = —f (w* - b;)Bje /7@ sinc(w )e‘ﬁll“’l exp{jw(f —(RR +Rg
21T % 200 Cop

+§'(ai+l+ai))_al>]dw' (12)

A little manipulation of Eq. (12) yields

A B * - b; 1
hi() = wf (w" - b[)sinc(ww )e‘ﬁM exp[jw(t - —(RR +Rg+ v, (@,
2 —eo 2C0 Co 2
Bysint (© . w-b;\ . . 1
+a) |- |do+——— | (w": b)sinc| w e Posin| w|t——| Rp+ Ry
™ 0 2¢y Co
+g'(ai+l+ai)>_al)i|dw- (13)

The second term of Eq. (13), the so-called refracted precursor, is significant mainly
when total reflection of the incident wave happens.2 Since the total reflection does not occur
near the vertical incidence region where the Kirchhoff approximation is valid, we can neglect
the second term of Eq. (13).

Analytic integration of the first term of Eq. (13) gives us the basis function of the
impulse response as
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RR+RS+W’ai

* ay
i C()Bl COS 7; (W ' bl) Co
hi(t) = arctan
™ (w- b)) B
Rp+tRstw-a;,
-
¢
— arctan 0 , (14)
Bi

where —7r/2 < arg(arctan) < 7r/2.

Equation (14) is a general impulse function, which implies the expression of Lee et al.’
We can easily see that when 8; goes to zero, depending on the arctangent function values, Eq.
(14) becomes either a rectangular function or zero.

Although the arctangent function of Eq. (14) is regular, Eq. (14) has a singularity when
w-b;=0. w-b,=0 means that line vector of the polygon facet is vertical to ({—R,,). In this case,
the first term of Eq. (13) is rearranged as

; B ” 1
i == f 0" - by)e 1 exp{—jw( (RR FRy+ (@ a,-)) - a,ﬂdw.
™ —o0

t —_——
€o
(15)
Then, the impulse function is obtained as follows:
, B, cos 7 (w" - b,
hi(r) = BB, 7( ) (16)

Ry+Re+w:(a,,+a;)2 2 .
7T|:<f_ R S ( itl 1) _a[) +B[2:|
€o

Note that the impulse function [Eq. (16)] is regular when B, # 0. In case when 3,=0,
Eq. (15) is transformed into

Rg+ Rgtw-(a;, +a)?2 )
—a'l .

Ri(t) = B, cos 7(w* - b;) 5<t—
Co

(17)

Equation (17) is the basis function when w-b,=0 and 3,=0. For the general purpose,
the delta function of Eq. (17) can be evaluated by sin(w,,,f)/ ¢, with the maximum angular
frequency w,,,, higher than the half bandwidth of the source signal.lo

Using the basis functions of Egs. (14), (16), and (17), the impulse response of a three-
layered polygon facet is arranged as

H(t) (R, +¢) - n2 i (0 +(R,— <) n2 2 h;’(r)] . (8)
=1

3 1

(4m)*W*RsRp 10 i=1
Here, /" |(f) represents the basis function with B_;=1, 7.,=0, a_;=0, and 8_,=0.
3.2 Specular incident/scattered angle region

For specular incident/scattered angle region, using Egs. (5), (9), and (10), the basis function can
be defined by

Rr+ Ry

Co

1 (” B .
h?(t) = 2—f (—j)—lweVT’ sgn(w) o =Blo] exp{—jw(t— — al”dw. (19)
mJ_ Co

Neglecting the refracted precursor term from Eq. (19), the result is
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B * RR+R
m(r)=— LSTIJ we B sin{w(t— R_5_ a,)}dw. (20)
Ty Jo Co

Equation (20) is analytically integrated, when 3;# 0, as

R+ Ry
,Bz(f - - a/)
2B;cos 7, o

Cy Rp+R 2|2
{B%(f—u—az) }

Co

(1) =—

1)

Also, in case when 3,=0, Eq. (20) is calculated in the sense of the generalized limit as

Rp+R
)
B cos 7 I

Cop dt

h)(t) = (22)
The time derivative of delta function in Eq. (22), d&(¢)/dt, can be evaluated equiva-
lently by d(sin(wy,yt)/ )/ dt, which is regular for all time arguments.

The impulse response function for specular incident/scattered angle region is arranged
with the basis functions of Egs. (21) and (22) as follows:

Hy(1) (R, +<) - Wi’ () + (R, ~ <) 72 h?(t)] . (23)
=0

B A
- (477 )2RSRR

Here, h(,)l(t) represent the basis function where B_;=1, 7 ;=0, a_;=0, and B_;=0.

Finally, we mention the causality of the basis functions. Equations (14), (16), and (21)
seem to violate the time causality. In fact, these basis functions have some finite value for all
times. When the total reflection does not occur, it is because of the frequency-independent
attenuation assumed for a polygon facet. This loss term, causing the frequency-independent
sound speed and the attenuation to increase linearly with frequency, does not satisfy the require-
ment of causality. Upon total reflection, the continuous re-radiation of the attenuating wave
within a polygon facet, considered to be an infinite panel by the Kirchhoff assumption, is
mainly attributed to the non-causality of the time signal. However, since the amount of the
pre-arrivals is much smaller than the true arrival, these basis functions can be regarded approxi-
mately as functions satisfying the requirement of causality.

4. Numerical results

In this section, the direct time-domain solution of Eq. (11) along with Egs. (18) and (23) is
compared with the transformed solution of Eq. (10). To show the impedance facet effect with-
out unnecessary complex multiple arrivals, a thin penetrable acoustic panel with moderate re-
flection coefficient is chosen. A square panel 15X 15 m?, representative of a facet with discern-
ible scattering contributions from each four side, with a 20 cm thickness is used for the
numerical calculation. The panel has a sound speed of 2000 m/s, a density of 2000 kg/m?, and
an attenuation of 0.55 dB/\ and is submerged in the water having a sound speed of 1500 m/s
and a density of 1000 kg/m?>. The distance between the center of the panel and the source/
receiver location is 1 km. Each line of the panel is parallel to x-axis or y-axis of the rectangular
coordinate. A 5 cycle sine wave of 1 kHz is used as the source pulse. Since the panel thickness
is smaller than the pulse wavelength, the scattered arrivals from the front and back face are
overlapped. The time-domain solution converges very fast and using /=3 is found to be enough.

Figure 2 shows the numerical results at the source/receiver location with the vertical
angle of 0.1 rad and the azimuthal angle of 0.0 rad. The transformed solution is calculated by
fast Fourier transform with 4096 samples at the sampling frequency of 15 kHz. For consistency,
the @, of Egs. (17) and (22) is chosen as 7.5 kHz, a half of the angular sampling frequency. As
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Fig. 2. (Color online) Comparison of the time-domain solution and the solution transformed from the frequency
domain at the source/receiver location with the vertical angle 6#=0.1 rad and the azimuthal angle ¢=0.0 rad.
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Fig. 3. (Color online) Comparison of the time-domain solution and the solution transformed from the frequency
domain at the source/receiver location with the vertical angle #=0.1 rad and the azimuthal angle ¢=7/4 rad.
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shown in Fig. 2, the time-domain solution and the transformed solution shows very good agree-
ment. In this example, the scattering occurs mainly at the leading and trailing edges parallel to
y-axis. From Eq. (17), since the b,’s for this two edges are in opposite direction, they are out of
phase, as can be seen in Fig. 2.

Figure 3 shows the variation of the scattered pulse for the location between source/
receiver and target. Aside from the differing azimuthal angle of /4 rad, other conditions are
the same as those considered in Fig. 2. In Fig. 3, the scattering occurs at all edges but its con-
tribution is smaller than that of Fig. 2 because the viewing angle is farther from the specular
direction from the edges. Also, the received signal becomes smoother and longer than the origi-
nal pulse because of a dispersion resulting from the layering and the finite size of the panel. We
observe that the time-domain solution matches the transformed solution.

5. Conclusions

An impulse response function for an acoustic scattering from an impedance polygon facet is
derived using the Kirchhoff method. The derived function is expressed as a summation of regu-
lar functions and shows good agreement with the transformed solution of the frequency do-
main. This formula is useful for modeling the broadband scattering signal and benchmarking
the transformed solution for an arbitrarily shaped scatterer, based on Kirchhoff assumption.

References and links

'T. J. Cox and Y. W. Lam, “Prediction and evaluation of the scattering from quadratic residue diffusers,” J.
Acoust. Soc. Am. 95, 297-305 (1994).

L Tolstoy and C. S. Clay, Ocean Acoustics (McGraw-Hill, New York, 1966).

c.s. Clay and J. K. Horne, “Acoustic models of fish: The Atlantic cod (Gadus morhua),” J. Acoust. Soc. Am.
96, 1661-1668 (1994).

‘E. M. Kennaugh and R. L. Cosgriff, “The use of impulse response in electromagnetic scattering problems,” in
IRE International Convention Record (1958), pp. 72-77.

’S. W. Lee, S. K. Jeng, C. L. Yu, C. S. Liang, and R. A. Shepherd, “Physical optics impulse response from
faceted targets,” in Antennas and Propagation Society International Symposium (1992), pp.
1456-1459.

). A. Fawcett, “Modeling of high-frequency scattering from objects using a hybrid Kirchhoff/diffraction
approach,” J. Acoust. Soc. Am. 109, 1312-1319 (2001).

"M. Born and E. Wolf, Principles of Optics (Cambridge University Press, Cambridge, 1999).

8W. B. Gordon, “Far-field approximations to the Kirchhoff-Helmholtz representations of scattered fields,” IEEE
Trans. Antennas Propag. 23, 590-592 (1975).

°L. M. Brekhovskikh, Waves in Layered Media (Academic, New York, 1980).

'9A. Papoulis, The Fourier Integral and Its Applications (McGraw-Hill, New York, 1962).

J. Acoust. Soc. Am. 126 (1), July 2009 K. Lee and W. Seong: Time-domain Kirchhoff method for a facet EL21



Korakas et al.: JASA Express Letters [DOI: 10.1121/1.3141890] Published Online 9 June 2009

Scaled model experiment of long-range across-
slope pulse propagation in a penetrable wedge

Alexios Korakas and Frédéric Sturm
LMFA UMR CNRS 5509, Ecole Centrale de Lyon, 36 avenue Guy de Collongue, 69134 Ecully Cedex, France
alexis.korakas@ec-lyon.fi, frederic.sturm@ec-lyon.fi

Jean-Pierre Sessarego and Didier Ferrand
LMA UPR CNRS 7051, 31 chemin Joseph Aiguier, 13402 Marseille, France
sessarego@lma.cnrs-mrs.fi, ferrand@lma.cnrs-mrs.fir

Abstract: In this paper, laboratory scale measurements of long-range
across-slope propagation of broadband pulses in a shallow-water wedge-
shaped environment with a sandy bottom are reported. The scaled model was
designed to study the three-dimensional (3D) acoustic field in the presence of
only a few propagating modes. The recorded time series exhibit prominent
3D effects such as mode shadow zones and multiple mode arrivals. Inspec-
tion of the spectral content of the time signals gives evidence of intra-mode
interference and frequency dependence of the mode cut-off range in the
across-slope direction.
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1. Introduction

It is well known that in realistic three-dimensional (3D) oceanic environments, the acoustic
propagation may be affected by the horizontal refraction of the sound energy. The effects of
horizontal refraction, commonly referred to as 3D effects, require fully 3D modeling to be
accounted for. During the past decades, the 3D wedge-shaped oceanic waveguide has received
considerable attention as it approximates realistic oceanic environments such as the continental
slope. In this specific environment, the 3D effects are perceived in the across-slope direction
rather than in the up-/down-slope direction. Most of the modeling efforts to identify and quan-
tify the 3D effects for the wedge problem focused on single-frequency considerations (see Ref.
1 for a detailed bibliography). Although computationally more intensive, the broadband ap-
proach provides a more complete and straightforward picture for the analysis of 3D effects. The
broadband modeling of the 3D wedge was implemented using either a ray method® or a para-
bolic equation (PE) approach,3 both considering a penetrable bottom. On the other hand, a
number of laboratory scale experiments were conducted to investigate acoustic propagation in
this particular environment and compare theoretical predictions to experimental data. Part of
these experimental studies intended to examine up-slope4 or down-slope5 ropagation alone,
while others also investigated the 3D aspect of across-slope propagation.(” More specifically,
Ref. 6 reported results of continuous wave (cw) and pulse propagation over a perfectly reflect-
ing bottom, and Ref. 7 investigated cw propagation considering a penetrable bottom. Both con-
cluded to good agreement with single-frequency numerical predictions.

In this paper, we present laboratory scale measurements of long-range across-slope
propagation of broadband pulses in a shallow-water wedge-shaped waveguide with a penetrable
bottom. This work is part of a research program for the investigation of long-range propagation
of acoustic waves in well-defined oceanic waveguides. The campaign reported here was pre-
ceded by a calibration phase that was achieved in a Pekeris-like conﬁguration.8 The bathymetry
was subsequently modified to simulate a wedge-shaped oceanic waveguide. Preliminary tests of
across-slope pulse propagation exhibited evident 3D effects and comparisons of the experimen-
tal results with numerical predictions by a fully 3D PE based code turned out to be very
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Fig. 1. (Color online) (a) Model experiment of the wedge-shaped oceanic waveguide (with a slope of approximately
4.5°), (b) source signal recorded in free-field, and (c) its frequency spectrum.

encouraging.9 In this work, additional series of experimental measurements in the wedge-like
environment are reported. The signals were recorded on a fine spatial grid within a vertical
plane along the across-slope direction. To facilitate the analysis of the 3D effects, the experi-
ment was designed to keep the number of propagating modes in the waveguide relatively low.
The recorded time series exhibit strong 3D effects that are identical to those described in the
literature.' 1% The frequency dependence of the mode cut-off range is illustrated by in-
specting the spectral content of the time signals recorded at several ranges. The data sets ob-
tained during this measurement campaign are intended for 3D model-comparisons. In Sec. 2, a
short description of the experimental set-up is given. Then, the experimental results are inter-
preted according to theoretical predictions. Results and future directions are discussed in Sec. 4.

2. Experimental set-up

The measurement campaign was conducted at the indoor tank facilities of the LMA-CNRS
laboratory in Marseille (France). The shallow-water tank is 10-m-long and 3-m-wide, thus al-
lowing for long-range propagation measurements. It consists of a thin layer of water over a thick
layer of calibrated sand simulating a bottom half-space. The grain size of the sand is consider-
ably smaller than a wavelength at the operational frequencies. The objective was to set-up a
wedge-like configuration and measure the across-slope propagation up to long ranges. For this
reason the sandy bottom was tilted with the wedge apex aligned along the longer side of the
tank, and was made as flat as possible, see Fig. 1(a). The slope angle was approximately 4.5°.
The source and receiver were cylindrical piezoelectric transducers both with diameters of ap-
proximately 6.0 mm. They can be seen in Fig. 1(a). The source could be positioned at any depth
and the receiver was allowed to move in the three directions. For a detailed description of the
experimental facilities and procedures, we refer to Refs. 8 and 9.

3. Experimental results

Prior to the measurements in the shallow-water tank, the source signal was analyzed in a deep-
water tank. The signal recorded at a distance of 68 mm from the source appeared well separated
in time from its surface echo. It is shown in Fig. 1(b). It is a 5-cycle Gaussian pulse of 40-us
duration with a weak tail of about the same duration most likely due to the mechanical response
of the transducer. Its frequency spectrum presents a main lobe, carrying most of the acoustical
energy, centered at approximately 150 kHz with a 100-kHz bandwidth, and a secondary lobe
with a maximum at 250 kHz. The water depth at the source was 48 mm (+1 mm) and the water
sound speed was 1488.9 m/s (+0.3 m/s). The bottom compressional wave speed and attenua-
tion were 1700 m/s (£50 m/s) and 0.5 dB/wavelength (+0.1 dB/wavelength) respectively, and
the bottom density was 1.99 g/cm® (£0.01 g/cm’). A preliminary simulation with a two-
dimensional normal mode code showed the existence of four trapped modes at 150 kHz corre-
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Fig. 2. Stacked time series vs source/receiver range along the across-slope direction. The source depth is 10 mm and
the receiver depth is (a) 20 mm where no modal nulls occur and (b) 26 mm where modes 2 and 4 almost vanish. The
lines superimposed on both panels indicate the evolution of the mode arrivals with range.

sponding to the center frequency of the main lobe. During the measurements the source was
fixed at a depth of 10 mm (+0.5 mm). The received signal was recorded along the across-slope
direction at several source/receiver distances from 100 to 5000 mm (%2 mm) with increments
of 100 mm, and, at each range step, it was recorded at depths between 4 and 45 mm (£0.5 mm)
with a depth increment of 1 mm. The results are presented in Figs. 2, 3(a), and 3(b).

Figure 2 shows two range stacks of the time signals recorded in the across-slope direc-
tion at receiver depths of 20 mm [Fig. 2(a)] and 26 mm [Fig. 2(b)]. Note that the experimental
data were scaled appropriately to compensate for cylindrical spreading. The curved lines super-
imposed on the time series were drawn approximately to indicate the modal separation of the
initial pulse with range. Four distinct modes are overall identified by simple inspection of the
nulls in the depth stacks at each specific range (except at short ranges). For instance, the upper
panels of Fig. 3 show the depth stacks at two distinct ranges: one at 2100 mm with modes 1-3
identified [Fig. 3(a)], and one at 2900 mm with only modes 1 and 2 identified [Fig. 3(b)]. Be-
yond the range of 1000 mm (i.e., =100 wavelengths) the time series in Fig. 2 exhibit evident 3D
effects. Each mode in Fig. 2(a), with the exception of mode 4, presents two distinguishable time
arrivals at some range. The relative time delay between these two arrivals decreases with in-
creasing range. At a certain range, the two arrivals merge together and form what appears to be
a more dispersed modal wave packet. Farther in range across-slope, the “merged” modal wave
packet shortens and weakens, before entering into a shadow zone. Note that this shadow zone
occurs at shorter ranges for higher modes. As can be seen in Fig. 2(b), modes 2 and 4 almost
vanish at a receiver depth of 26 mm, and modes 1 and 3 are now separate even at short ranges.
Note lastly that the noise-like signals observed between the two arrivals of mode 1 beyond the
range of 4000 mm in Fig. 2(a), mainly originate from the secondary lobe of the spectrum dis-
played in Fig. 1(c). However, their low signal-to-noise ratio did not permit us to perform a more
detailed analysis.

Mode shadow zones and multiple mode arrivals over a sloping bottom can be straight-
forwardly explained by means of ray/mode analogies.lo’11 Let us first consider the problem at a
fixed frequency. A given mode propagates as a ray along hyperbolic paths in the horizontal
plane, being gradually refracted toward regions of deeper water. As shown in Fig. 3(c), a modal-
ray launched obliquely toward the wedge apex travels up-slope, and then turns back down-slope
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Fig. 3. Stacked time series vs receiver depth: (a) the receiver is at an across-slope range of 2100 mm. From left to
right in (a), we identify the first arrival of modes 1 (M1) and 2 (M2), two merged arrivals of mode 3 (M3), a second
arrival of mode 2 (M2'), and a very weak second arrival of mode 1 (M1’). (b) The receiver is at an across-slope
range of 2900 mm. From left to right in (b), we identify a first arrival of mode 1 (M1), two merged arrivals of mode
2 (M2), and a now more pronounced second arrival of mode 1 (M1’). (c) Horizontal projection of modal-ray paths
in the wedge environment. The receiver R positioned across-slope may see two distinct arrivals of the same mode,
originating from modal-rays launched from the source S at different angles ¢, > ¢,.

to intersect the across-slope direction at some range. As the horizontal launch angle, ¢, with
respect to the across-slope direction increases, the curvature of the modal-ray path increases,
and the intersection with the across-slope occurs at shorter ranges. As a result, a receiver R
positioned across-slope may see two time arrivals of the same mode: a first mode arrival
launched at a low angle ¢; and a second mode arrival launched at a higher angle ¢,. The modal-
ray corresponding to the second arrival passes through regions of shallower depths leaking
more energy into the bottom. Hence, the second arrival is weaker than the first arrival. Beyond
a critical launch angle the modal-ray passes through its mode cut-off depth, the respective mode
being thus transmitted into the bottom.'" This explains why multiple arrivals of modes 1-3 are
not observed at short ranges in Fig. 2(a), while mode 4 does not exhibit any second arrival. On
the other hand, the modal-ray is subjected to less bottom loss when launched at a lower angle.
This, in turn, explains the amplitude increase in the second arrival of mode 1 with increasing
range, in Fig. 2. Continuing this analysis, a high-angle mode arrival has traveled a longer dis-
tance than a low-angle mode arrival. As we move out in range across-slope, the difference in the
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Fig. 4. (a) Mode-3 wave packet at three different ranges: at the range of 1400 mm, one arrival occurs, while two
merged arrivals are observed at 1800 and 2200 mm. (b) Spectra of mode 3 at ranges of 1400, 1800, and 2200 mm,
giving evidence of the range dependence of the mode cut-on frequency.

distance traveled by each of the two arrivals decreases. Accordingly, the relative time delay
between these two arrivals decreases. Furthermore, as mode energy is continuously refracted
down-slope, each mode reaches eventually a cut-off range beyond which its shadow zone ex-
tends. Since higher-order modes have larger incident angles to the bottom, they are refracted
more abruptly. It turns out that, with increasing mode number, mode cut-off occurs at a shorter
range. The experimental results presented in Fig. 2 are in complete qualitative agreement with
these observations.

Let us now address the frequency dependence of the sound field. Several publications
showed that the cut-off range of a given mode is shifted out in range with increasing
frequency.2’6’7’10’11 We thus expect the lower frequency part of the energy of each mode to be
progressively removed due to down-slope refraction as we move out across-slope. As a conse-
quence, the extinction of a given modal wave packet is expected to take place in an extended
region along the across-slope direction. Figure 4 shows the wave packets associated to mode 3
[Fig. 4(a)] and their frequency spectra [Fig. 4(b)] at three distinct ranges: 1400, 1800, and
2200 mm. Note that mode 3 was extracted from the results of Fig. 2(b) and weighted with a
Hanning window to smooth the edges. The frequency spectra were obtained as Fourier trans-
forms of the windowed signals. As observed in Fig. 4(a), at the range of 1400 mm one single
arrival of mode 3 occurs, whereas two merged arrivals are observed at the subsequent ranges
(1800 and 2200 mm). In Fig. 4(b), the range dependence of the cut-on frequency of mode 3 is
evident. More precisely, at the range of 1400 mm, no cut-off has taken place yet, and the cut-on
frequency of the mode is approximately 100 kHz. Then, at the range of 1800 mm its cut-on
frequency has moved to approximately 130 kHz, leaving the part of the spectrum up to that
frequency in the shadow zone. Finally, at the range of 2200 mm, the cut-on frequency is ap-
proximately 160 kHz. Moreover, by comparing the spectra at 1400 and 1800 mm in Fig. 4(b),
the peak amplitude is seen to almost double, giving evidence of an additional arrival of mode 3
at 1800 mm. Note also the interference patterns present in the spectrum of mode 3 at 1800 mm
[dashed curve in Fig. 4(b)]. They are attributed to an effect known in the literature as intra-mode
interference, = i.e., the mutual interference between arrivals of the same mode occurring at
different times. These interference patterns depend on the relative time delay of the two arrivals.
At the range of 2200 mm, these arrivals are almost simultaneous and intra-mode interference is
weakly observed [bold curve in Fig. 4(b)]. Similar observations hold for other modes (results
not shown here).

4. Conclusion and discussion

Results of scaled laboratory experiments of long-range across-slope propagation of broadband
pulses in a 3D penetrable wedge were reported. The number of modes contributing to the acous-
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tic field was intentionally kept relatively low. Prominent 3D effects such as modal shadow zones
and multiple mode arrivals were observed experimentally in agreement with theoretical predic-
tions. Furthermore, intra-mode interference and the frequency dependence of mode cut-off
range (or, equivalently, the range dependence of mode cut-on frequency) were put in evidence
by examining the spectral content of mode 3 along the across-slope direction.

To conclude, we note that, in contrast with at-sea experiments, high quality data can be
collected in laboratory conditions that are suitable for comparisons with numerical propagation
models. In this perspective, the experiment was designed to finely sample the sound field in the
across-slope direction in both range and depth. The recorded time series can now be appropri-
ately transformed to provide frequency-domain data at several frequencies, e.g., to obtain trans-
mission loss vs across-slope range or depth curves. The data sets obtained during the measure-
ment campaign turn out to be promising for future use as a real-data benchmark for 3D model-
comparison. Current work focuses onto detailed comparisons of the experimental data with a
fully 3D PE code.
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Abstract: Acoustic measurements of p-wave speed and attenuation were
made for water-saturated granular medium, consisting of six kinds of glass-
beads with mean grain size ranging from 90 to 875 um, at frequency range
between 400 kHz and 1.1 MHz. Sound speed and attenuation were obtained
using the inter-receiver broadband estimation technique. The measured data
exhibit various frequency dependencies for the different mean grain sizes,
consistent with earlier measurements from other researches. These results
reveal that the trend of dispersion relation for the sound speed and attenua-
tion, in the high frequency region, is strongly dependent on the range of Ray-
leigh parameter kd.
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1. Introduction

Many acoustic measurements' > have been performed in water-saturated granular medium in
order to observe the dispersion characteristic and to confirm the prediction model. However,
few studies™® have been made around the frequency range of a few hundred kilohertz and/or
with a wide selection of granular media categorized by its mean grain size.

Acoustic measurements were performed in the frequency range between 400 kHz and
1.1 MHz for six sizes of water-saturated glass-beads, corresponding in granular size ranging
from fine sand to coarse sand. Although a similar experiment by Salin and Schon (SS) (Ref. 5)
is found in literature, their objective was to confirm the validity of Biot theory using their mea-
surements. In this paper, the authors focus in analyzing the dispersion relation of the measured
data as a function of frequency and mean grain size, and comparing with earlier measurements
obtained, respectively, by Nolle, Hoyer, Mifsud, Runyan, and Ward (NHMRW),4 SS,5 Schwartz
and Plona (SP),6 and Lee, Humphrey, Kim, and Yoon (LHKY).7

Section 2 describes the experimental setup including the sediment preparation along
with measurement techniques. In Sec. 3, the measured results are presented and compared with
previous measurements obtained by other researchers. Discussion of some disparity between
measurements is also given. Finally, Sec. 4 contains the conclusion of the paper.

2. Experiments
2.1 Experimental setup and procedure

Acoustic measurements were performed in a water-saturated granular medium for the purpose
of obtaining the p-wave speed and attenuation. Glass-beads of six different sizes were used as
the granular media. All of them are soda lime silica glass-beads manufactured by Sigmund-
Lindner, Germany. The mean grain sizes are 90 um (S1), 150 um (S2), 375 um (S3),
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Fig. 1. (Color online) Experimental setup and examples of received signal, showing the typical pulse elongation; in
water, S1 sediment, S3 sediment, and S5 sediment.

500 um (S4), 625 um (S5), and 875 um (S6). Before performing the acoustic measure-
ments, the sediment was strained through a coarse sieve to remove any pollutants and then
washed in fresh water several times. According to the manufacturer’s specification, the round-
ness of the glass-beads is better than 90% and the density is 2550 kg/m?>. The porosity mea-
surements were performed for S2, S3, and S4, and they all proved to be 0.38. Although no
porosity measurements were made for the remaining samples, the authors presume that the
porosity of glass-beads is also 0.38.

The sediment was first boiled in order to remove trapped air and then replaced in a
small cylindrical vessel (50 cm high and 40 cm diameter) for acoustic measurements. The thick-
ness of the sediment is approximately 42 cm with a water layer of 8 cm thickness above it. The
cooling system was run and the temperature of the sediment was kept between 17 and 18 °C.
Prior to measurements, the mixture was stirred by a stainless bar and the source and receiver
were buried at a depth of 22 cm within the mixture. Then, the mixture was packed by internal
vibrator making the glass-bead structure dense. For the fine samples (S1 and S2), in particular,
the observed change in the sediment volume was noticeable before and after packing.

Two pairs of transducers [TC3029 (500 kHz) and TC3027 (1 MHz)] made by Reson
were used to cover a broad frequency range. In order to employ the phase-delay timing method,®
signal measurements were obtained at two source-receiver separations of 7 and 20 cm for each
transducer pair (Fig. 1). For calibration reason, same measurements were made in water without
the sediment. The entire procedure was repeated twice for each of the six sediments.

The source pulse was chosen as a one-cycle sine pulse generated by a HP function
generator, with center frequencies at 450, 500, and 550 kHz for TC3029 and at 900 kHz, 1
MHz, and 1.1 MHz for TC3027. The received pulse was displayed on an oscilloscope and saved
through a general purpose interface bus (GPIB) port to a PC. For each event, the experiment
was repeated five times and the average received pulse was used for data processing.

2.2 Sound speed and attenuation measurement

From the phase-delay timing method® the wrapped phase delay B(w) is given by
tan_l[lm(ngO cm/ng cm)/Re(ngO cm/ng cm)]a where ng cm(w) and Pg720 cm(w) are the
Fourier transforms of near/far (7 cm/20 cm) measurements and w is the angular frequency.
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Since the inverse tangent function yields principal values between —7r and 77, the phase unwrap-
ping has to be performed by adding 27 to the wrapped phase delay, where » is an integer
increasing by 1 at frequencies where the phase discontinuity appears.

Then, the p-wave sound speed is obtained from the unwrapped phase delay as follows:

wd,,

eplw) = 2mn+ Blw)’

(1)
where d,, is the separation distance obtained from the water column acoustic calibration.

The p-wave attenuation was determined by the ratio of spectral amplitudes at two re-
ceivers in the sediment and in the water, as presented in Ref. 8. The attenuation coefficient
(dB/m) is obtained as follows:

_ Aw(w))
a,(w) = 2dwln(—Ag(w) , ()

where 4,(0)=|P,, 20 em(@)/P,, 7 cm(®)[> with two spectral amplitudes P, 5y om(w) and
P, 7 em(®) in the water and A,(0)=|P; 29 cm(®)/Pg 7 em()|* with two spectral amplitudes
Py 50 em(®@) and P, 7 oy(w) in the sediment.

The usable frequency range was determined by the characteristics of transducers used,
the source spectrum shape and the signal to noise ratio (SNR) of the received signal. According
to the manufacturer’s specification an effective frequency band for TC3029 is from 370 to 590
kHz while that of TC3027 is from 570 kHz to 1.1 MHz, having an overlap region from 570 to
590 kHz. Considering the spectrum of the source signal used, the two pairs of transducers em-
ployed can cover from 400 kHz to 1.1 MHz. These frequency bandwidths will become narrower
for the high attenuating sediments since the SNR becomes lower. During the experiment, a
noticeable pulse elongation and distortion was observed for coarse samples (S4, S5, and S6) as
shown in Fig. 1. In this case, the received pulse was windowed for a sufficiently long time for all
of the received pulse energy to be recorded and thus correctly transformed to the spectral do-
main.

Following the experimental procedure described in Sec. 2.1, four pairs of sound speed
and attenuation can be calculated from the four raw measurements; two pairs of transducer
measurements at 7 and 20 cm separations, respectively. Since the authors use three frequencies
for a pair of transducers, total of 12 pairs of data are, respectively, obtained for TC3029 and
TC3027. The sound speed and attenuation values are obtained by averaging of all collected
data.

3. Results and data-data comparisons
3.1 Measurements

Figure 2(a) shows the sound speed measurements between 400 kHz and 1,1 MHz for six water-
saturated glass-beads. Because of the large variations of the measurements, the sound speeds of
samples S1 (90 um) and S2 (150 um) are plotted by shaded bands (maximum deviation of
+22 m/s is observed). Conclusion as to whether the sound speeds of S1 and S2 exhibit any
frequency dependency cannot be made; the bend at frequency range between 500 and 700 kHz
is where the effective frequency bandwidths of TC3029 and TC3027 overlap. Such variation of
the sound speed in a fine water-saturated glass-bead is also reported in an earlier measurement’
for a water-saturated glass-bead with a mean grain size similar to S2. The authors suppose that
the fine sediment could be susceptible to the grain packing. However, coarser samples (S3, S4,
S5, and S6) have maximum sound speed uncertainties of =7 m/s and they are shown by their
average values, with agreement at the overlapping frequency band of the two transducers. As
shown in Fig. 2(a), the sound speed exhibits the negative dispersion for the frequency. As the
grain size increases, the slope of the dispersion curve becomes steeper.

Figure 2(b) shows the attenuation measurements. The attenuation uncertainty is £5.7
dB/m on average. Although the sound speed measurements of fine samples (S1 and S2) showed
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Fig. 2. (Color online) Sound speed and attenuation measurements as a function of frequency. (a) Sound speed
measurements and (b) attenuation measurements.

increased uncertainties, their attenuation measurements show variations similar to that of other
samples. So, all the attenuation curves of six samples are plotted by the averaged data points. As
shown in Fig. 2(b), the attenuation curves of samples S1 and S2 vary as nearly /1. The attenua-
tion of S3 has /! dependence near the frequency of 500 kHz and reaches /> dependence starting
around 800 kHz. In contrast, samples S4, S5, and S6 start to follow f* dependency already at the
frequency of 600 kHz. These changes of the frequency dependency are strongly related to the
mean grain size. As the mean grain size increases, the frequency dependency varies from 7' to
/4, as depicted in Fig. 2(b).

3.2 Data-data comparison

The measurements are compared with earlier measurements obtained by four research
groups® ™ to see how they match.

The laboratory measurements by NHMRW (Ref. 4) were made at three frequencies
(200 kHz, 500 kHz, and 1 MHz) for four water-saturated refined compacted sands of similar
porosity (~0.36) with mean grain sizes of 80, 160, 320, and 640 um, respectively. According
to their paper, the sound speed and attenuation were determined by time peak-peaking method
using a narrow band pulse. The measured p-wave speed was 1740 m/s [Fig. 3(a)], independent
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Fig. 3. (Color online) Comparison of (a) sound speed and (b) attenuation measurements as a function of Rayleigh
parameter kd obtained from present study along with others reported.
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of the mean grain size and frequency. The p-wave attenuation was found to decrease with in-
creasing mean grain size and follow /% dependency as shown in Fig. 3(b). Two reasons for these
disparities supposedly are from their lack of measurement data points and from the difference
of estimation technique. In the high frequency region where the distortion of received pulse is
noticeable, the time domain measurement technique can result in possible estimation errors.

SS (Ref. 5) performed acoustic measurements in the frequency band between 200 kHz
and 10 MHz for four water-saturated glass-beads of mean grain sizes 45, 90, 225, and 450 um,
with the grain density of 2900 kg/m? and porosity of 0.40+0.02. They used three pairs of
transducers with center frequencies of 500 kHz, 2.25 MHz, and 5 MHz, respectively, to cover
the broadband frequency range and estimate the sound speeds and attenuations by means of a
pulse echo technique. As shown in Fig. 3, the sound speed is measured as 1710+30 m/s, irre-
spective of the frequency and mean grain size, whereas the measured attenuations show fre-
quency dependency and grain size dependency similar to ours. The difference for the sound
speed measurement between our results and those of SS (Ref. 5) cannot be explained since their
measurement technique is not described precisely.

SP (Ref. 6) measured the sound speed and attenuation for a water-saturated glass-bead
with mean grain size of 545 um at the frequency range between 300 kHz and 2 MHz. Sound
speed and attenuation were determined by a comparison of the phase spectra and magnitude of
two received pulses. In their study, the sound speed exhibits a negative dispersion [SP in Fig.
3(a)] and the attenuation follows f* dependency [Fig. 3(b)], suggesting Rayleigh scattering.
LHKY (Ref. 7) performed a similar experiment in a water-saturated refined sand with mean
grain size of 425 um at the frequency range between 300 kHz and 1 MHz. They also observed
the negative sound speed dispersion [LHKY in Fig. 3(a)] and the frequency dependence of the
attenuation growing from /' to *. The estimation procedure of both SP and LHKY is similar to
ours; their measurement results also show similar behavior to our results.

In Fig. 3, the sound speed and attenuation measurements are shown as a function of kd,
where £ is the reference wavenumber (using the water sound speed of 1470 m/s) and d is the
mean grain size. Looking at Fig. 3(a), the negative dispersion is seen to start when kd = 0.5 and
tends to get stronger as kd increases, suggesting that the dispersion is associated with Rayleigh
scattering. The negative dispersion measurements of SP (Ref. 6) and LHKY (Ref. 7) are in
accordance with our findings.

Figure 3(b) shows the attenuation curves plotted as a function of kd. It is interesting to
note that the attenuation curves are arranged in order from upper lines of fine sediment to lower
lines of coarse sediment when plotted as a function of kd. In case when kd > 1, all attenuation
curves [excluding the results of NHMRW (Ref. 4)] have a frequency dependence greater than f!.
The frequency dependency of S3 varies from /' to /2 in this range while other samples follow
the frequency dependency between > and f*. In case of kd <1, the frequency dependence
becomes much more complicated. The four samples of NHMRW (Ref. 4) follow 7.
SS (45 um) of SS (Ref. 5) shows the frequency dependency varying from % to /2. The rest
follow nearly f' frequency dependence. Such variability of the dependence of attenuation on
frequency when kd<<1 is supposedly from the competition of scattering mechanism vs other
attenuation mechanisms, such as viscous loss, grain shearing loss, etc., strongly related to the
distribution of the grain size. In the lower frequency limit region (beginning part) of the attenu-
ation curves for samples SS (450 um), LKHY, and S4 the frequency dependence lower than
/%3 are observed. The authors believe this to be measurement error resulting from low SNR.
Overall, in the high kd region, it is clear that the attenuation increases drastically as kd increases
and the slope of the attenuation curve is dependent on kd. Additionally, the absolute level of
attenuation at the same kd value is always lower for coarser sediment.

4. Conclusion

This works focuses on examining the effect of mean grain size and frequency on the acoustic
properties, a granular medium in the high frequency range between 400 kHz and 1.1 MHz. Six
sizes of glass-beads were used as the granular medium. The inter-receiver broadband technique
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is applied for the estimations of the p-wave speed and attenuation. In the high frequency range,
measurements of the sound speed and attenuation show strong kd dependency. Starting from
kd=0.5 the negative sound speed dispersion is observed, with negative slope increasing with
larger kd value. The frequency dependence of attenuation curve is almost linear when kd
< 1.0; and rises up to f* as kd becomes larger than 1, suggesting a strong scattering. Present
experimental results are compared with earlier laboratory measurements by several authors and
they are seen to be in good agreement.
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Abstract: Use of ultrasonically excited microbubbles within blood vessels
has been proposed for a variety of clinical applications. In this paper, an axi-
symmetric coupled boundary element and finite element code and experi-
ments have been used to investigate the effects of a surrounding tube on a
bubble’s response to acoustic excitation. A balloon model allowed measure-
ment of spherical gas bubble response. Resonance frequencies match one-
dimensional cylindrical model predictions for a bubble well within a rigid
tube but deviate for a bubble near the tube end. Simulations also predict
bubble translation along the tube axis and aspherical oscillations at higher
amplitudes.
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1. Introduction

Accurate determination of the natural frequency of an oscillating gas body, suspended in a
liquid medium, surrounded by a compliant vessel has become a topic of importance in diagnos-
tic and therapeutic ultrasound due to increased interest in medical applications of ultrasonically
excited bubbles (Dayton and Rychak, 2007; de Jong et al., 2000; Ferrara et al., 2007; Klibanov,
1999; Sassaroli and Hynynen, 2005). One-dimensional (1D) linear models of a cylindrical
bubble in a rigid tube have been studied theoretically and experimentally (Geng ef al., 1999;
Oguz and Prosperetti, 1998; Sassaroli and Hynynen, 2005; Leighton, 1995). Qin and Ferrara
(2006) developed a model for a bubble within a compliant vessel and tissue layer using COMSOL
MULTIPHYSICS 3.2 that predicts a bubble natural frequency in agreement with the one-
dimensional cylindrical bubble model but predicts frequency increases as the tube stiffness
decreases (Qin and Ferrara, 2007). The goal of the present study is to further investigate the
effect of a surrounding compliant vessel on the natural frequency of a gas body, both experi-
mentally and with a coupled boundary element method and finite element method (BEM-FEM)
model.

2. Methods
2.1 Theory and simulation

Simulations of the three phase system, consisting of the gas bubble, surrounding liquid, and
solid elastic tube, were done using a coupled BEM-FEM model developed in Miao and
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Fig. 1. Bubble normalized natural frequency versus ratio of bubble radius to tube radius. Experimental results (solid
markers) are compared to 1D model predictions (open markers) and simulation results (gray markers). Marker shape
indicates whether the bubble is at the middle (circles), intermediate (triangles), or end (squares) of the tube. Solid and
dashed lines connecting the data points are added so that the 1D model predictions and simulation results, respec-
tively, can be readily identified. Experimental value for Ry/r,.=0.66 at tube end was not obtained. Inset shows a
spherical gas bubble inside a circular tube immersed in liquid.

Gracewski, 2008. The model geometry is axisymmetric with an initially spherical gas bubble,
located with its center on the axis of symmetry and a circular cylindrical tube with its generator
along the axis of symmetry, as shown schematically in the inset of Fig. 1. The acoustic excita-
tion is modeled as a pressure applied at infinity in the surrounding liquid similar to that used in
the Rayleigh—Plesset and Gilmore models for spherically symmetric bubble dynamics (Leigh-
ton, 1994; Young, 1989).

The gas inside the bubble is assumed to be spatially uniform and to obey the polytropic
gas law (Prosperetti, 1991). A pressure jump is applied at the gas-liquid boundary equal to the
surface tension times the local curvature (Miao and Gracewski, 2008; Hartland, 2004). The
liquid is assumed to be incompressible, irrotational, and inviscid, and therefore modeled with
the potential flow equations using the BEM. A linear elastic FEM was employed to solve the
dynamic equations in the solid structure domain. Tractions and the normal velocity are assumed
continuous across the fluid-solid boundary to couple the finite element and boundary element
domains. To obtain the natural frequency of a bubble in a tube using the BEM-FEM model, an
initial tensile pulse of half cycle sinusoid is applied at infinity to trigger the bubble’s harmonic
oscillation. The free vibration period is determined from the equivalent radius (radius of a
spherical bubble with equal volume) versus time plot after the excitation pulse is over. Except
where indicated, bubbles in the simulations were excited by a half pulse of amplitude 1 kPa and
frequency 1 kHz.

The results from the simulations and experiments were compared to the model for the
resonance frequency of large bubbles developed in Oguz and Prosperetti, 1998, which is accu-
rate when the initial radius, R, of the bubble is greater than ~0.2 times the tube radius, 7.
This model replaces the spherical gas bubble with a cylindrical one of the same volume, occu-
pying the cross-section of the tube, as shown in the inset of Fig. 2. This simplifies the system to
one-dimensional motion, where the gas bubble provides the effective stiffness, and the two
liquid columns to either side provide the effective inertia, from which the natural frequency of
the spring-mass system can readily be determined. The bubble position is specified by L, and
L,, the distances from the bubble center to the left and right ends of the tube, respectively, in a
tube of length, L. The effective length of the liquid column on either side is obtained by sub-
tracting half of the thickness 4 from L, and L,, and adding a correction factor AL=0.62r,. that
accounts for the inertia of the liquid outside the tube (Levine and Schwinger, 1948). For this
model, the natural frequency of the bubble is determined as
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Fig. 2. Bubble normalized natural frequency versus its normalized position. The bubble radius is 1 cm, tube radius
is 2 cm, and tube length is 20 cm. Solid line is the 1D model with large bubble assumption, and dotted line is the
simulation result with surface tension of 20 N/m in an essentially rigid tube (E=2 GPa). The simulation without
surface tension (not shown) predicted frequencies about 0.5% lower than the 1D model, whereas the simulation with
surface tension predicted frequencies on average 1.0% higher than the 1D model up to 2z/L=0.8. Inset shows the
spherical gas bubble replaced by a cylindrical bubble of equal volume, with radius equal to the tube radius.
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where f, is the open volume resonance frequency of the bubble.
2.2 Experimental methods

Resonance frequency was measured for a range of bubble sizes, bubble axial positions, tube
sizes, and tube materials. In the proposed biomedical applications, gas bubbles with a diameter
of a few microns will be injected into the blood stream and pass through capillaries in the
human body with diameters several times larger than that of the gas bubbles. The system of
interest is scaled up for the laboratory testing, where a balloon of approximately 1.0—2.0 cm in
diameter is placed within a tube of 2.5 cm diameter.

Tubes with a range of stiffnesses were used, including Plexiglas, high-density polyeth-
ylene (HDPE), and polyvinyl chloride (PVC). The tube material properties and dimensions are
given in the Table 1. The cross-section of the PVC tube was slightly oval and the radius of the
minor axis was used for the simulation and model calculations. If the material tensile properties
could not be readily obtained from the manufacturer, they were determined by following ASTM
D638-03 procedure—Standard Test Method for Tensile Properties of Plastics. The samples
were prepared in the form of standard dumbbell-shaped type I specimens and pulled with an
MTS Alliance RT/50. The elastic modulus values in Table 1 were obtained using a strain rate of
0.001 in./s in the strain range from 0% to 2%. Poisson’s ratio for each material was determined

Table 1. Material properties, dimensions of tubes used in the experiments, and corresponding balloons.

Elastic
Length Radius Thickness Density modulus
Material (cm) (mm) (mm) (g/cm®) (MPa) Ro/ rupe
Plexiglas 19.1 12.5 2.6 1.19 2200 0.60
HDPE 20.5 12.5 3.0 0.91 170 0.58, 0.66, 0.69
PVC 21.0 11.3 2.6 1.21 16 0.70, 0.74, 0.80
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to be approximately 0.499 from the elastic modulus values and longitudinal wave speed mea-
surements across the thickness of samples, and this value was used for the simulation.

A spherical air-filled finger-cot (balloon) was used to experimentally model a gas
bubble. Each balloon was inflated using a syringe to a gauge pressure of 60 cm of water. The
resulting balloon radii ranged between 7.0 and 9.0 mm, corresponding to a membrane tension
range of 20—26 N/m. For this range, the nondimensionalized membrane tension o/ (pyR,) is an
order of magnitude smaller than for the surface tension of a 3 um diameter bubble in water and
the presence of the membrane increases the resonance frequency by less than 5% (Young,
20006). Therefore, the balloon was considered to be an adequate representation of a bubble. The
measured balloon radii were compared to the values calculated from the balloon’s measured
open volume resonance frequency without the tube using the Minnaert equation with surface
tension o (Minnaert, 1933),

1 (3r 2 20 \12
fo= ( p°(1+ U)——”) . )
27Ry\ p PoRo/ PRy

where R is the equilibrium bubble radius, I' is the polytropic exponent, p is the ambient liquid
pressure, and p is the liquid density. The values for these constants used in the calculations are
I'=1.4, py=101 230 Pa, and p=1000 kg/m?>. Due mainly to folding of the balloon’s membrane
where it was tied off, there were minor differences (< 6 % ) between the balloon’s measured and
calculated radii. The last column of Table 1 summarizes the balloon sizes used for each tube.
The middle, intermediate, and end positions were approximately 2.0 cm, 6.0 cm, and 9.7 cm,
respectively, from tube end.

A stainless steel cylindrical exposure chamber with a shaker (Labworks Inc., model
ET-140) on the bottom was used to measure the bubble resonance frequency. The chamber,
25.5 cm in diameter and 35.5 cm in height, was filled with degassed, de-ionized water at room
temperature. Each balloon was held in position with strings tied to a vertical flexible tube or the
supporting fixture and located using a three-way positioner such that the balloon center was
10 cm below the water surface and centered in the exposure chamber. The shaker was excited
by a digital signal generator (Hewlett-Packard HP33120A) and power amplifier (Labworks Inc.
PA141). Frequency was swept over a specified range, from 80 to 500 Hz, well below the lowest
tank resonance frequency of approximately 950 Hz. A hydrophone (B&K 8103) was used to
measure the pressure near a balloon and the resonance frequency of a balloon was identified by
a peak in the pressure versus frequency plot.

3. Results and Discussion

Measured and predicted values of the normalized frequency ratio, f/f;, are presented in Fig. 1
for all of the balloon radii and positions used experimentally. The results in Fig. 1 are ordered by
the ratio of balloon radius to the tube radius. A bubble’s natural frequency in a stiff tube de-
creases as the bubble’s position is moved from tube end to tube center, as well as when the
bubble size increases. There is a good agreement between the results from the experiments, 1D
model predictions, and the BEM-FEM simulations, especially when the bubble is located near
the tube center.

The experimental variability was higher for balloons positioned near the tube’s end
than at intermediate positions or in the middle of the tube, due to the higher sensitivity of
frequency on axial position. In Fig. 2, the frequency ratio versus bubble position along the tube
is plotted to illustrate this higher sensitivity. This plot also shows that the 1D model results are
close (~1% difference) to the BEM-FEM simulation results when the bubble is near the middle
of the tube. Near the tube ends, Eq. (1) becomes less accurate because the correction factor AL
dominates either L; or L,. In comparison, the BEM-FEM simulation predicts the bubble fre-
quency to asymptotically converge to that for a bubble in an open volume, as the bubble moves
away from the tube. Simulations predict that the effect of the tube presence is still noticeable
(f71,=0.93) for a distance of one bubble radius away from the tube end.
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Fig. 3. Bubble position at successive peaks of the oscillation versus time curve corresponding to Mm. 1, showing
that the bubble translates into the tube as it oscillates. The bubble radius is 1 cm, tube radius is 2 cm, tube length is
20 cm, and the tube is essentially rigid (E=2 GPa). Excitation is a tensile half pulse with frequency 500 Hz and
amplitude 10 kPa.

The animation in Mm. 1 discussed in Fig. 3 shows that a bubble initially positioned at
the end of the tube is drawn into the tube as the bubble oscillates. The bubble with 1 cm radius
is initially positioned such that one-half is inside the tube with 2 cm radius and 20 cm length.
The elastic modulus was chosen to be 2 GPa, so that the tube is essentially rigid. The bubble is
excited by a half pulse with frequency 500 Hz and amplitude 10 kPa. The bubble frequency
decreases as the bubble moves into the tube, consistent with the resonance frequency trend
shown in Fig. 2. Though similar behavior is observed for a bubble initially at an intermediate
position along the tube, the magnitude of translational motion is less pronounced, because the
translational velocity decreases as the initial bubble position approaches the middle of the tube.
Slight asphericity can also be observed in the shape of bubble oscillation, even with this small
amplitude.

[Mm. 1. Animation of a 1 cm radius bubble initially at the tube opening, showing the bubble
translating into the tube as it oscillates. This is a file of type “avi” (4.11 Mbytes).]

The asphericity of the bubble oscillations increases with oscillation amplitude, as
shown in the animation in Mm. 2 discussed in Fig. 4 for a bubble that experiences a 45% change
in volume upon expansion. Simulation parameters are the same as in Fig. 3, except that the
excitation pulse amplitude is 100 kPa and the bubble is positioned at the middle of the tube, so
it does not translate. The aspect ratios (z dimension/r dimension) shown in Fig. 4 are 1.07 and
0.69 for the first expansion and collapse, respectively. The displacements of the bubble top and
bottom surfaces (at ¥=0) along the axis of the tube are 73% larger than the radial displacements
of the bubble sides (at z=0). In the animation in Mm. 2, the bubble shape alternates between
more aspherical and nearly spherical for each successive oscillation. For example, the aspheric-
ity decreases during the second expansion and collapse, with aspect ratios equal to 1.01 and
1.00, respectively, but increases again for the third oscillation. The particular behavior of the
bubble oscillations depends on the bubble to tube size ratio, the oscillation amplitude, and the
tube stiffness. The asphericity also increases as R/ ry;, increases (results not shown).

[Mm. 2. Animation of a 1 cm radius bubble centered in a tube, showing aspherical bubble oscilla-
tions. This is a file of type “avi” (3.5 Mbytes).]
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Fig. 4. Bubble shape at time =0 and at its first maximum and minimum volume corresponding to Mm. 2, showing
aspherical bubble oscillations. The bubble radius is 1 cm, tube radius is 2 cm, tube length is 20 cm, and the tube is
essentially rigid (E=2 GPa). Excitation is a tensile half pulse with frequency 500 Hz and amplitude 100 kPa.

4. Summary

In this paper, experiments and simulations were used to investigate the effect of a surrounding
tube on the resonance frequency and free vibration response of a bubble. To the authors’ knowl-
edge, this is the first published experimental measurement of resonance frequency of a spheri-
cal gas body in a tube. Simulations were obtained with a coupled BEM-FEM code that was
developed specifically to investigate the response of acoustically excited bubbles near deform-
able structures. Simulated and experimentally measured resonance frequencies decreased as the
bubble moved into the tube or increased in size. For a bubble near the center of the tube, the
resonance frequency was consistent with a 1D cylindrical bubble model for a large bubble in a
rigid tube. For a bubble near the end of the tube, the experimental variation in resonance fre-
quency increased due to inaccuracies in bubble location and the higher sensitivity of frequency
on position near the end of the tube. The BEM-FEM simulation results predict that the reso-
nance frequency asymptotically approaches the open volume value as the bubble moves away
from the tube end into the open volume. The effect of tube elastic modulus on bubble frequency
is the subject of further investigation; however, varying the magnitude of the tube elastic modu-
lus from a few kPa to few GPa in the BEM-FEM simulations had a negligible effect on the
predicted bubble frequency (results not shown). Simulation of the free vibration response of the
bubble also predicts that a bubble will translate toward the center of the tube due to aspherical
oscillations. This is similar to the bubble translation observed in simulations by Ory et al.
(2000) for the much larger expansion and collapse of a vapor bubble in a narrow tube. The
asphericity increases with vibration amplitude, tending to be more elongated in the axial direc-
tion on expansion and in the radial direction on collapse.
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1. Introduction

Sound intensity fluctuations are observed in the SWARMO95 experiment] when an internal soli-
ton (IS), or a train of IS, propagates approximately along an acoustic track with wave crest
making an angle of approximately 40° (Fig. 1). During a part of this experiment, broadband
pulses (in the 30-200 Hz band) were radiated every minute from an airgun and received on two
vertical line arrays (called NRL-VLA and WHOI-VLA) at a distance of 14—18 km from the
sound source. Figure 1 shows a schematic of the source and receiver arrays. The authors re-
ported analysis of the WHOI-VLA results previously2 and established that the mechanism dic-
tating the temporal behavior of arriving sound signals is governed by horizontal refraction.
Other numerical calculations involved mode coupling.3 However, the same mechanism is not
adequately depicting the temporal variations observed in the NRL-VLA data, for example, Ref.
3. In this paper, the authors present theoretical estimates, supported by experimental data, stat-
ing that specific features of mode coupling are responsible for the intensity fluctuations.

The observed temporal variations during a 1 h long pulse transmission (1 pulse/min)
on the NRL-VLA have the characteristics of (1) predominant frequency in the fluctuations’
spectrum below 20 cph for different sound frequencies [shown in Fig. 2(b)], (2) specific arrival
time spreading for different modes on the time-frequency (TF) diagram [shown in Fig. 3(b)],
and (3) approximately constant correlation time in a wide range of sound frequency [shown in
Fig. 4(b)].

To complement our previous results on the WHOI-VLA having distinctly different of
acoustic track geometry in relation to the IS direction," and where the temporal variations were
due to horizontal refraction, the variations observed on the NRL-VLA can be explained by
specific features of the mode coupling.3 This mechanism can uniquely describe the behavior of
all the pulses that have passed through the IS and were received by the NRL-VLA. A pulse
radiated from the airgun is a sum of separate normal modes propagating with separate group
velocities. After interaction with the IS located at some distance R from the source, this sum
changes and in turn the sound field at the receiver changes (in comparison with unperturbed
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WHOI VLA

Air-gun

Fig. 1. Experimental schematic of the SWARMO5 during Aug. 14, 1995. The directions of acoustic track formed by
UD source and NRL and WHOI vertical line arrays are shown with respect to the predominant direction of the
internal wave shown by dotted lines; « is the horizontal angle between these directions.

waveguide). For other positions of the moving IS relative to the source/receiver track (or for
another geotime), there will be other combinations of modes created, and a different sound field
at the receiver is observed. For fixed source-receiver geometry, the authors perceive this vari-
ability as temporal fluctuations. Typical frequencies of the fluctuations are about ~1—10 cph.

Amplitude of sound field fluctuations

160

Frequency of source, Hz
= £

6 7 8 9 10 11 12 13 14 15 18
T Frequency of fluctuations, cph

Amplitude of sound field fluctuations

2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18
Frequency of fluctuations, cph
(b)

Fig. 2. (Color online) A frequency-frequency (fF) diagram for SWARM95 showing the spectral intensity G of
received signal as function of frequency: (a) theory and (b) experiment.
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Fig. 3. (Color online) Frequency-time diagram for arrival times. Color scale gives amplitudes of separate modes
according to scale above the figures: (a) theory and (b) experiment. Lines 11, 22, etc., in (a) denote positions of
modes without coupling (or without a soliton); in (b), these lines are denoted by black curves with numbers 1, 2, 3,
etc.

The specific waveguide features essential for understanding the nature and properties
of these temporal fluctuations are (1) a narrow thermocline layer (10-35 m deep, within a water
column of ~90 m total depth), (2) approximately constant soliton shapes and velocities during
a few hours (v;,~0.5—1 m/s), and (3) length AR of the IS less than the acoustic track L (AR
~300-1000 m<<L~ 15-20 km). Here, preliminary results in support of the above statement
are presented to explain the received temporal variability at the NRL-VLA array.

2. Waveguide model
A point source with spectrum S(w) was placed at depth z; in a shallow water waveguide. The
authors assume the unperturbed waveguide has a constant depth H, bottom parameters ¢; and

p1, and unperturbed sound speed profile ¢(z). Bottom attenuation is neglected. At the receiver
point (r,z) the Fourier decomposition of the sound field pressure is

o]

P(r,z,t) = 2f P (r,z)e “dw. (1)
0
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Fig. 4. (Color online) Correlation function for SWARM’95 conditions in color gradation of amplitude (scale is
shown); black denotes half level: (a) theory and (b) experiment.

In the absence of perturbations or in the area <R, the amplitude P (r,z) is the following
modal decomposition over waveguide modes ¢; (where g, is eigenvalue):

. Pi(z,) () oliar
P(r,2) —lS(w)El —W expligr). (2)

In the presence of the IS moving with constant velocity v (if there is some angle «
between the direction of the acoustic track and the wave front of the IS, the actual velocity of the
ISisvy=v sin a; see Fig. 1), there is a perturbation of the sound field. At a given moment of time
T, this perturbation occupies an area at the range R <<r<<R+AR, where R=vT, and in this area
the authors have a small addition to the sound speed profile, dc(r,z, T), which depends on the
“slow” time 7. This moving sound speed perturbation produces fluctuations of the sound field
also depending on 7. After acoustic interaction with the soliton, the authors have another modal
decomposition for the sound field for > R+ AR. The authors describe this decomposition using
S-matrix formalism

Przi)=2 |03 %Smm + AR @)exp(iAgu) |exp(gnr), ()

where Agq;,,=4,—q,,, the matrix S(r) satisfies the equation with “initial” condition

EL44 J. Acoust. Soc. Am. 126 (1), July 2009 Katsnelson et al.: Mode coupling and internal waves



Katsnelson et al.: JASA Express Letters [DOI: 10.1121/1.3151719] Published Online 19 June 2009

dsS
—=WS, S(R)=1, (4)
dr

where I is the unit matrix, and the coupling coefficients in simple perturbation theory are

i(g,—aq )] (7 Scr,z
K expli(g)—q,) ]J &(c’ )lpm(z)lﬂl(z)dz- 5)
0

Wml(r) =1 |
Ndnd1

Due to T=R/v, the authors will simply write P ,(7T) (omitting receiver coordinates). Expression
in square brackets in Eq. (3) is effectively the amplitude of the mth mode. The sound field at the
receiver equation (3) has several different scales of periodicity as a function of the IS’s position
R, and thus on the time 7. Since the spatial scales of acoustic variability are determined by the
parameter A;,,=21/|Aq,,|, the authors have correspondingly frequencies of temporal variabil-
ity Q,,,=v|Aq,,,|. Typically the value of (), is ~1074-2X 103 Hz (~1-15 cph). Assuming
that the strongest coupling interaction is between adjacent modes (close coupling), the authors
can write from Eq. (3) a form for the normalized (with respect to the source spectrum) ampli-
tude of mode m created from mode m+1:4,, 1= |,+1(25) 1,,(2) S, ms1/ V877ig,,|. This quantity
depends on frequency, and for each pair of coupling modes, the coefficients 4,, ,,,; have their
own “optimal” frequency, denoted by wg;t:w;"p’:”ﬂ ~ a)g”gl’m, where 4, ,,; has a maximum.
This maximum corresponds to the situation where the two coupling modes have turning point
positions within (or close to) the thermocline layer. In this case, pairs of coupling modes have
approximately the same scale of interference beating (or mode cycle distance) Dy
=2m/ |Aqm+l,m|w:w';‘tz const.

The authors apply this model to examine our hypothesis with the experimental data.
3. Intensity temporal fluctuations

Let us consider the variability of the sound intensity at a fixed frequency (spectral intensity)
1,(T)=|P,(T)|*/2pc during an interval AT (i.e., 0 < T<AT, where AT can be on the order of a
few hours, when the waveguide parameters and IS field’s characteristics are supposed to be
constant). The authors thus consider the spectrum of intensity fluctuations, determined by the
equation

AT
Glw,Q)= f 8 (T)e™MdT, (6)
0
where

1 AT
ST =1,(DNL,)~ 1, (I,)= A_Tf 1,(D)dT. (7)
0

The function |G(w, )| can be shown in a plot with the vertical axis denoting sound frequency
o and water column fluctuation frequency () on the horizontal axis. Values of |G| can be shown
in a color scale on this plane. The authors denote this picture as a “frequency-frequency
(fF)-diagram.”

Figure 2(b) is from the SWARMO5 experimental data' showing the fluctuation spec-
trum versus the sound frequency spectrum. In this case AT is 1 h (i.e., 19:00-20:00 GMT on
August 4, 1995), and the discrete set 7; corresponds to geotimes for 60 broadband pulses, which
were emitted every minute (i=1,2,...,60). In this diagram there exists a predominating fre-
quency of fluctuations in the range ~5+2 cph for the entire sound frequency band [see arrow
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in Fig. 2(b)]. To explain this feature, the authors use the modal decomposition shown in Egs. (2)
and (3) as follows:

G(w,Q)= > G un(®,Q), (8)

m,lnk

where each member of the sum is

AT
mlkn(Q (,z)) /_SmISnkwl(Z )wk(z )l//m(z)l// (Z) exp[i(rAq,,m + 0)] (9)

NG mln

Here, 6= 6,,;;,= OSAT[Q_ (le_an)] and le: V|Aqlm|

Equation (9), as a function of frequency (w), has maxima at the points Q—((,,
- an) =0.

In the spectrum of intensity oscillations, the authors observe many spectral lines cor-
responding to the aforementioned differences. The positions of these spectral lines will depend
on sound frequency, due to the frequency dependence of the modal eigenvalues. These differ-
ences are determined by the dispersion curves ¢;(w) of the separate modes. Their vertical shape
depends on the sound speed profile, the overall depth, and the sound speed in the bottom (i.e.,
the general waveguide properties). The amplitude (or intensity) of each spectral line also de-
pends on frequency and mode number. In particular, in accord with the fact that the main con-
tribution is provided by adjacent modes (the values 4,, ,,,; are maximal in the sum), the spectral
line with maximal intensity occurs at the frequency 0= Q1 or Q=V|Ag,, 41| In Fig. 2(a),
the authors show the result of a calculation of the spectrum ofi intensity fluctuations G(w, ) for
different sound frequencies, using a color scale (normalized here and in all figures from 0 to 1).

For these calculations, the authors take waveguide parameters corresponding to the
experiment in Ref. 1. Specifically, the depth of the source is ~12 m, the water depth at the
receiver array is ~85 m, and the velocity of the perturbation along the acoustic track is v
~ 1.1 m/s. This value of v provides the best correspondence between the theory in Fig. 2(a)
and the experimental data in Fig. 2(b). One can see that the maxima in these spectra are found
on the curves v|Aq,, ,.+1|=const, shown by thin yellow lines in both figures. Every slice of these
curves by a horizontal straight line gives the spectrum of the fluctuations for a given sound
frequency. The authors see that in these spectra there are many maxima, with the most signifi-
cant one corresponding approximately to the fluctuation frequency Qopt:v|Aqm,mH |w=w’:t [see
arrow in Fig. 2(a)]. However, for different sound frequencies, this predominant frequerlicy of
oscillation is provided by different pairs of modes. For example, near w= w ~50 Hz, Qg

=Q,, whereas near w=w> opt ~ 100 Hz, =03, etc.

The value of the dominant fluctuation frequency is g~ 13X 104 Hz (ie.
~5-6 cph). Existence of this dominant frequency of intensity fluctuations is the result of the
previously mentioned constant length scale for the interference beating of pairs of modes at
optimal frequencies. Rough estimates from ray theory for the cycle distance of a ray tangent to
the thermocline layer give D, ~700—800 m, corresponding to the above frequency, ~5 cph.
The authors also note that the estimated velocity of the soliton, v,~ 0.7 m/s, is in accord with
observations in this area.'”

4. Arrival time fluctuations

The group velocity of an individual mode is v'=(dg;/ dw) ! If the length of the acoustic track
is L, then arrival time of a non-coupling mode is #,=L/v§". Because group velocities of indi-
vidual modes depend on frequency, arrival time is also function of frequency, #,=t(w). A set of
these functions (or curves in the TF-plane) for different mode numbers is classically referred to
as a “TF-diagram” and is often used in pulse propagation analysis. If a propagating mode /
meets a soliton at distance R, then after their interaction, a newly created set of modes is gen-
erated. The “additional” modes with index m propagate after leaving the soliton with their own
group velocities. Their arrival time ¢,,, can be estimated as
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Thus for the TF-diagram the authors have additional curves ¢,,,(w). For uniqueness of notation,
the authors denote the arrival time of the uncoupled mode as #;. The frequency and modal
dependencies of arrival time can be different, and this is determined by the specific waveguide
parameters. For typical conditions (including those of the SWARM9S5 experiment), for a given
frequency v§'>v§'> ..., and correspondingly #;, <t#,,<.... For the newly created modes, the
authors have somewhat more complex relationships between the arrival times and the positions
of the additional curves on the TF-diagram. A simpler situation results if the authors take into
account the interaction between adjacent modes only. In this case ;| <t,, t,; <ty <.... The
relationship between ¢, and #,, (as well as between ¢, and ¢,,;) depends on the position of the
soliton (on R) and on the relationship between the group velocities v§" and v§'.

It is noted that the amplitude of the additional pulse, as per Eq. (3), depends on fre-
quency and distance R. It fluctuates as a function of position of the soliton R or as a function of
time 7. This situation can also be described via the TF-diagram, if the authors introduce infor-
mation about the amplitude of a mode at a given frequency using color gradation. These dia-
grams are shown in Fig. 3. In Fig. 3(a), the results of theoretical calculations for our model of
the SWARMOS5 waveguide are shown, where the authors assumed a definite position of the
soliton. Amplitudes of the modes are denoted using color gradation. The authors can see that, in
accordance with our theory, the authors have the most significant amplitude of the additional
modes near the optimal sound frequencies, as introduced earlier. Due to the existence of an
optimal ray cycle distance Dy, the authors can introduce an optimal group velocity v5, for
each mode, having maximal coupling with its neighbors. Arrival times for these optimall3 fre-
quencies are also almost the same, 7, ~ L/ V5, (in our case v~ 1463 m/s), which is pointed
out by the arrow in Figs. 3(a) and 3(b). In Fig. 3(b) the authors show results of the processing of
one pulse received in the SWARMOS5 experiment. The authors also see, in these experimental
data, a similar location for the arrival times of modal pulses, which undergo the most significant
interaction with each other, and give the corresponding point in the TF-diagram.

5. Correlation function

The temporal correlation function for intensity at fixed frequency is the subject of many studies
(see, for example, Ref. 4). It can be introduced as

AT
Fw(T)=J I1,(DI,(T— 7dT. (11)
0

If the temporal variability is a result of IS motion with a constant velocity, 7=R/v, then the
authors can connect correlation range and correlation time via 7=AR,/v, and therefore the
authors can work with the correlation functions I',(AR,). The range dependent correlation
function is often created theoretically due to lack of experimental data that is usually not readily
available. However, the temporal correlation function can be constructed more simply from a
single point measurement of temporal sequence of received pulses. The temporal correlation
length and spatial correlation length are related with each other by the speed of perturbations in
the waveguide. One can be obtained from another by using the speed of the IS.

The frequency dependent range correlation function, calculated within the framework
of our model, is shown in Fig. 4(a). It shows the correlation between two different positions of
the IS. The connection between the range and time correlations can be established if the authors
know the velocity of the IS. However, because the authors do not know the velocity experimen-
tally, the authors will construct this function in the model using range. The correlation length
denoted in this figure is determined using the half maximum value shown in black. The authors
note a comparatively weak decrease in the correlation length with increasing frequency. The
value AR, is estimated at about 80-110 m over a rather broad frequency band. The reason for
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this weak frequency dependence of the correlation length is that only the modes turning tangent
to the thermocline give a significant contribution to the range dependent fluctuations. They have
close “ray cycles,” and a moving soliton creates interaction mostly between these modes. Thus,
in range fluctuations, there is a predominant length scale (the ray cycle distance of the above
mentioned rays), which does not depend (or depends weakly) on frequency.

If the authors now consider the temporal correlation function, then given a constant
velocity of the moving perturbation, the authors have a weak frequency dependence of the cor-
relation time and also a connection between the correlation length and the correlation time. The
correlation length depends mainly on the basic waveguide parameters. Thus the correlation
time is sensitive only to the waveguide parameters and to the soliton velocity.

The authors can estimate the velocity of the perturbation, which produces the mode
coupling. If the authors take the correlation length from theory [Fig. 4(a)] and the correlation
time from experiment [Fig. 4(b)], v=AR,/7~1.1-1.2 m/s. As was mentioned above, the rel-
evant velocity of the soliton is the projection of its intrinsic velocity on the direction of propa-
gation of solitons (thus the authors multiply by sin a~ 0.64), giving v,~0.7—0.8 m/s. This
result is in good agreement with experimental data' and with the results of Sec. 3.

6. Conclusion

The mechanism governing the intensity temporal fluctuations for large angle (~40° in
SWARMY5 data) between the acoustic track and IS crest can be explained by specific features
of mode coupling initiated by IS in shallow water. This is in contrary to the case of small angle
(~5°), which was shown to be governed by horizontal refraction.’

In shallow water the sound speed perturbations (or IS) are usually concentrated in the
thermocline region. Therefore, most significant mode coupling takes place between adjacent
modes, at some optimal frequencies wf)”pt (Fig. 2). Here, the acoustic ray turning points are found
within (or near) the thermocline region. A pair of modes at the optimal sound frequency gives
the most significant contribution to the temporal fluctuations. For different frequency bands,
there are other pairs giving the predominant contribution to the fluctuations. However, they have
approximately the same interference beat length (or ray cycle) Dy, and provide the predomi-
nant frequency of intensity fluctuations (), (for the SWARMOS experiment ()~ 5 cph).

Strongly interacting modes have close group velocities, approximately vggt (each pair
at different frequencies) and correspondingly close arrival times 7, (Fig. 3). In particular, good
mode separation for narrowband pulses is possible only away from this arrival time.

The optimal parameters including the correlation time (or equivalently the correlation
length) are determined mostly by the properties of the unperturbed waveguide.
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A method for time-varying annoyance rating of aircraft noise (L)
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The method of continuous judgment by category is used and evaluated to measure time-varying
attributes in aircraft flyover sounds. The results are also used to estimate preference between the
different experimental sounds. Jurors were asked to rate perceived annoyance on a Borg CR 100
scale continuously during the playback of 11 flyover sequences and the results showed differences
in perception in the time segment where the sound had been modified. The method can be used to
evaluate maximum perceived annoyance, threshold levels, duration of perceptual presence temporal
integration in perception, and perceptual mixtures over time.

© 2009 Acoustical Society of America. [DOI: 10.1121/1.3147485]

PACS number(s): 43.50.Rq, 43.66.Yw [BSF]

I. INTRODUCTION

This work is a continuation of European project Sound
Engineering for Aircraft (SEFA) with aim to develop tech-
nology design criteria to make aircraft more acceptable for
airport communities from noise signature standpoint. During
the SEFA project, several evaluations using the paired com-
parison method' (PCM) and semantic differential method?
(SDM) were used to investigate the perception and prefer-
ence of different aircraft sounds.

Using PCM and SDM to evaluate aircraft flyover sounds
the outcome gives an overall judgment on the flyover se-
quence of an aircraft sound but no information about tempo-
ral judgments in time segments. Due to the complexity of
aircraft sounds (duration and multiple time-varying compo-
nents), the PCM is tedious since the length of the sound
makes it hard for the subject to remember the prior sound
while the SDM evaluations become difficult since the sounds
vary and may contain two extremes of a measured attribute
[tonality, high and low frequency noises (HFN and LEN),
etc.]. The duration of the sound also becomes a limiting fac-
tor for the accuracy since the juror has to remember the
whole sound.

The objective for this work is to find a method for air-
craft sound quality evaluations that overcomes the difficul-
ties described above and that gives information about the
temporal differences of perceived annoyance. This is done by
a continuous annoyance rating, or method of continuous
judgment by category.3

“Electronic mail: crispin@kth.se
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Il. METHOD

Some modifications are made to the method as described
by Kuwano." Instead of rating loudness on a scale by typing
keys with seven discrete values from “very soft” to “very
loud,” the juror is asked to use a turnable knob to rate an-
noyance on a continuous Borg CR 100 scale.” The idea of
using a turnable knob rather than a slider® or keys was that a
twisting motion would help the juror to refer the perceived
annoyance to a physical exertion and would therefore work
as a reference.

A. Measurement equipment

The hardware consisted of a handheld device with a
turnable knob connected to a computer. The computer regis-
tered and recorded the position of the knob every 100 ms and
displayed the response by the juror on a Borg CR 100 scale
on the computer monitor.

B. Experimental sounds

An original recording of an aircraft flyover sound was
modified” and the buzz saw, tonal, LFN (<315 Hz), and

TABLE I. Attribute and stimuli name.

Attribute Stimuli name 1 Stimuli name 2
Low frequency LFN +4 dB LFN —4 dB
High frequency HFN +4 dB HFN —4 dB
Buzz saw BSC +5 dB BSC —5 dB
Sound level Orig +3 dB Orig —3 dB
Tonality Tones +5 dB Tones —5 dB

© 2009 Acoustical Society of America 1
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FIG. 1. Effects of modification of LFN.

HEN (>315 Hz) components, all prominent in different
parts of the sound, were modified and used to create new
synthesized aircraft flyover sounds. The overall sound level
was also modified. Amplifying and reducing each attribute
led to 11 experimental sounds (including the unmodified
sound) to evaluate (Table I). The sounds were played in a
random order for each test subject at 74 dB(A) L,,,, except
for the sounds with modified overall sound levels. The play-
list was repeated twice, the first time for training the subject
and the second for data recording. For the playback a pair of
AKG K501 high fidelity headphones were used for ultimate
acoustic reproduction.

C. Jurors

Nine jurors, six males and three females, aged 20-50
years performed the evaluation. The jury consisted of stu-
dents and staff from the laboratory.

lll. RESULTS

The results for each recording was averaged over the
subjects and used for analysis.

The result for LFN is shown in Fig. 1. The analysis
showed that the subjects rated the sound with reduced LFN
as less annoying throughout the whole flyover sequence,
while amplification led to an increase in annoyance.

The effects of modification of the HFN gave a difference
in judgments in the center part of the flyover sequence, see
Fig. 2. This is expected since this is the part where the HFN
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FIG. 2. Effects of modification of HFN.
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FIG. 3. Effects of modification of BSCs.

is prominent, as the approaching and departing sound is
mainly dominated by LFN.

Buzz saw components (BSCs) are saw tooth shaped
pressure waves created at the fan tips of the engine at high
load, causing a very specific metallic sound® and can be
heard at the approaching phase of an aircraft flyover. As Fig.
3 shows, the effects of modification can also be seen in this
region.

The modification of the overall sound level gave an ef-
fect of the perceived annoyance during the whole flyover
sequence (Fig. 4).

The tonal components, often heard in the approaching
phase of a flyover, have also an effect on the annoyance. In
this case a decrease did not show any effect. This could be
because the tonal components were not prominent in the
original recording (Fig. 5).

IV. FURTHER ANALYSIS

It is obvious from the results above that in most cases an
increase in a sound component also led to an increased an-
noyance. The peak level of the sound was reached at 20 s,
the annoyance rating peaked at 22 s. This indicates that the
jurors’ response time was on average 2 s delayed, which
correlates with previous results by Kuwano and Namba.’

There could be an interest to quantify the judgments into
a preference scale to conclude what sound is preferable. For
this two different methods have been compared with the
merit values obtained from an earlier PCM evaluation’
(Table II). The PCM merits were calculated using the Gul-
liksen procedure.10
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FIG. 4. Effects of modification of sound level.
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FIG. 5. Effects of modification of tonal components.

A. Sum of values above 45

The PCM merit values were compared with the sum of
given responses over a certain threshold. Using 45 as a
threshold value, where the perceived annoyance is “strong”
according to the Borg CR 100 scale, the analysis showed a
correlation coefficient of 0.85 with PCM merits.

B. Peak value

Another hypothesis was that the preference between two
experimental sounds could be predicted by comparing the
maximum received (peak) values. To test this, the averaged
maximum annoyance values for each sound were calculated
and compared to the results obtained with the PCM (Table
II). An analysis showed a correlation coefficient of 0.86.

V. DISCUSSION

The method of continuous judgment by category to-
gether with Borg CR 100 scale showed results that were
consistent with PCM.

The proposed method can be used to quantify annoyance
as a function of maximum perceived annoyance, threshold
levels, duration of perceptual presence temporal integration
in perception, and perceptual mixtures over time. The evalu-
ation with the two repetitions lasted only 20 min for each
subject. Performing the evaluation using PCM would take
about 2 h. By using PCM with sorting algorithms8 the evalu-
ation would take about 1 h. The correlation between the pro-
posed method and the much more time consuming PCM is
acceptable. For more detailed results, the test should be re-

J. Acoust. Soc. Am., Vol. 126, No. 1, July 2009

TABLE II. The calculated values according to the different methods.

Sound Sv? pPV® PCM® merit
Orig —3 dB 142.27 47.82 0.00
LFN —4 dB 192.99 50.36 0.34
HFN —4 dB 245.27 51.15 0.26
BS -5 dB 250.44 52.49 0.41
Orig 308.56 55.44 0.37
Tones —5 dB 362.09 56.41 0.32
BS +5 dB 367.15 56.69 0.45
HFN +4 dB 424.89 57.98 0.64
Tones +5 dB 527.06 58.01 0.57
LFN +4 dB 432.10 59.33 0.47
Orig +3 dB 444.62 61.40 0.64

“Sum of values over 45.
®Peak value.

by - .

Paired comparison.

peated with larger numbers of subject and more repetitions to
help customize the subjects to the evaluation method.
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A “release” mechanism, which has been experimentally observed as the fast component in the hair
bundle’s response to mechanical stimulation, appears similar to common mechanical relaxation with
a damping effect. This observation is puzzling because such a response is expected to have an
amplifying role in the mechanoelectrical transduction process in hair cells. Here it is shown that a
release mechanism can indeed have a role in amplification, if it is associated with negative stiffness
due to the gating of the mechonoelectric transducer channel.

© 2009 Acoustical Society of America. [DOI: 10.1121/1.3143782]

PACS number(s): 43.64.Bt, 43.64.Ld, 43.64.Nf, 43.64.Kc [BLM]

I. INTRODUCTION

Fast adaptation of the mechonoelectric transducer
(MET) channel in hair bundle has been a focus of recent hair
cell physiology because it is considered to be a reverse trans-
duction mechanism with an amplifying effect (LeMasurier
and Gillespie, 2005; Fettiplace, 2006; Hudspeth, 2008; Voll-
rath et al., 2007). However, experimental examinations tend
to show that the partial closure of the MET channel is ac-
companied by reduction in tension at the tip-link (Stauffer er
al., 2005; LeMasurier and Gillespie, 2005), which is attrib-
uted to elongation of the link between the MET and an un-
conventional myosin that is responsible for adaptation
(Gillespie et al., 1993; Holt et al., 2002; Bozovic and Hud-
speth, 2003; Martin et al., 2003). These observations are
puzzling in view of its presumed biological role because
such a phase delayed elongation is the property of a damper
and not of an amplifier.

In this report, we show that such a mechanism can have
indeed an amplifying effect if it is associated with negative
stiffness of the MET. In the following, we examine a specific
example, which is called a “release model” (Stauffer er al.,
2005; LeMasurier and Gillespie, 2005) for fast adaptation.
However, the applicability of the conclusion is not limited to
this particular model as it will become clear by the analysis.

Il. RELEASE MECHANISM

Here we give a brief description of a release mechanism.
Let x, be the length of the link, which serves as a release
element that connects the MET and the slow adaptation mo-
tor. In response to displacement x at tip-link, the MET re-
sponds with force F, given by

F=—ko(x=x,P,—x,), (1)

where k, is the stiffness of the gating spring and x, is the
gating distance. The open probability P, of the channel is

YAuthor to whom correspondence should be addressed. Electronic mail:
sulb@nidcd.nih.gov
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determined by gating energy if its gating is much faster than
relaxation,

1
P,= R
1+ exp[— Bkyx,(x — x, — x,)]

(2)

where B=1/kzT with Boltzmann’s constant kz and the tem-
perature 7. We assume the distance x, obeys a relaxation
equation with time constant 7,

d

d_[xr = (xmaxPr - xr)/T' (3)
Here x,,,P, is the equilibrium distance for the intracellular
Ca* concentration that corresponds to open probability P,.
If this release element has one Ca’*-binding site, P, may be
expressed as

P

:_0’ 4
" v+ P, “@

where v is a constant.

lll. RESPONSE TO SMALL DISPLACEMENTS

Let us assume that displacement x has a time-dependent
component Ax,

x=X+Ax.

If this displacement Ax is small, it elicits small responses
AP,, AP,, and Ax, in the open probability, Ca’*-binding, and
the release distance, respectively. Equations (2) and (4) re-
spectively lead to

APU = Bkgxgﬁo(l - I_)o)(Ax - Axr)v (5)
AP,=———AP, (6)
(v+P,)?

where P, is the steady state open probability. Equation (3)
turns into

© 2009 Acoustical Society of America



d
EAx,: (¥maxAP, — Ax,)/ 7= (CAx - (1 + C)Ax,)/7  (7)

With C=BXack X, Po(1-P,)/ (v+P,)%
If Ax is sinusoidal and we let Ax=0dx cos wt and Ax,
=06x, cos(wr+ ¢,), Eq. (7) leads to (see Appendix)

w7Cdox

Sx. si =
e T

(8)

IV. WORK DONE DURING ONE CYCLE

For a given hair bundle displacement x=Xx+ dx cos wt,
the work W done by force F [Eq. (1)] at the tip-link during
one cycle is

W= —kgf (x=x,P,—x,) - dAx.

By using Egs. (5) and (6), the integrand can be expressed by
a sum of terms proportional to either Ax or Ax,. Of these
terms, only the ones proportional to Ax, contribute, leading
to

W=k,(1 - BkxP,(1-P,)) f Ax, - dAx.

Here k,(1- Bkgx§ﬁ0(1 —P,)) is known as gating stiffness
(Howard and Hudspeth, 1988; Martin et al., 2000) and will
be denoted by Eg. This stiffness is reduced by the gating of
the MET channel and can take negative values. Because the
phase difference between Ax, and Ax is ¢,, the integration
over a cycle results in 7 sin ¢,. With the aid of Eq. (8), we
then obtain

P s
—TK, 5 .  ,L,0X".
8140+ (w7)?

This result shows that the work done by the MET is
negative as long as gating stiffness I%;, remains positive, im-
plying that the MET functions as a damper for periodic
stimuli. However, it should also be noted that the work done
is positive, if gating stiffness is negative. Under this condi-
tion, the MET functions as an amplifier.

How can this be explained? Negative stiffness proves a
180° delay. An additional phase delay introduced by the re-
lease mechanism, in effect, gives a phase advance between
0° and 180°, providing amplification. A 90° phase delay due
to the relaxation process, the condition for maximal damp-
ing, is also optimal for amplification if it is combined with
negative stiffness. This observation is applicable to any re-
laxation process and is not specific to our model.

To take advantage of negative stiffness to do mechanical
work, the system must spend energy to maintain itself in a
state with negative stiffness. One such energy source is the
Ca’* concentration gradient across the plasma membrane and
another is adenosine-5’-triphosphate (ATP) for the myosin
motor.

W=
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V. DISCUSSION

We showed that the release model that we examined
provides amplification when it is associated with negative
stiffness. However, it is clear that this property is not specific
to this particular release model but is generic to any relax-
ation mechanism. One such example is the model proposed
by Tinevez et al. (2007), which posits that fast adaptation is
an epiphenomenon that arises from an interplay between gat-
ing of the MET channel and the myosin motor that is respon-
sible for slow adaptation. It includes viscoelastic relaxation
and relaxation involving the movement of the myosin motor.

Here we have treated linearized response for small
stimuli to obtain some insight into the issue. For this reason,
we have not analyzed the stability of the system, specifically
how the operating point of the MET channel, which makes
gating stiffness negative can be maintained. It appears to us
that the previously reported analysis (Camalet et al., 2000)
on the stability of the operating point of the MET would be
applicable to our model.

Because negative stiffness is intrinsically unstable, a
relatively large stimulus used for experiments would shift the
system into a condition with positive gating stiffness. Such a
large stimulus is outside the validity of our treatment. To-
gether with the difficulty of achieving extremely high time
resolution in stimulation and recording, it may not be sur-
prising to record only relaxation components during experi-
ments (Stauffer er al., 2005; LeMasurier and Gillespie,
2005).
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APPENDIX: DERIVATION OF EQUATION (8)

Since Ax=Re[ &xe')] and Ax,=Re[ dx,e“*#)], Eq. (7)
can be expressed as

i076x,e @) = Coxe™ — (1 + C) x,e! @+,

which leads to

. C
&x,e'fr= —————6x
(1+C)+ioT

The imaginary part of this equation is Eq. (8).
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An efficient code for classifying environmental sounds is described that exploits a recent significant
advance in signal processing known as compressed sensing (CS) [cf.Donoho, D. (2006). IEEE
Trans. Inf. Theory 52, 1289-1306]. CS involves a novel approach to sampling in which the salient
information in signals is recovered from the projection onto a small set of random basis functions.
The advantage of the random basis over traditional Fourier or wavelet representations is that it
allows accurate classification at low target-to-interference ratios based on few samples and little or

no prior information about signals.
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I. INTRODUCTION

Much work has been devoted in recent years to the goal
of developing an automated sound recognition system that
can accurately and efficiently classify a wide variety of com-
mon environmental sounds according to their generating
source. The effort is driven, in part, by the desire to under-
stand through computation modeling our own ability to re-
construct from sound an accurate perception of everyday ob-
jects and events present in our natural environment
(Bregman, 1990; Ellis, 1996, Lutfi, 2008). It is also moti-
vated by the potential for significant benefit arising from the
practical application. Some of the most promising applica-
tions are now being pursued in the areas of remote surveil-
lance (Cristani et al., 2004, 2007; Cowling and Sitte, 2003;
Wang et al., 2008) and multimedia database search (Wang
et al., 2006).

The development of an automated environmental sound
recognition system poses a number of significant challenges,
but first among these is the problem of how best to encode
the salient information in signals. The information rates as-
sociated with environmental signals are exceedingly high,
and not all information in signals will be diagnostic regard-
ing the identity of their source. Preserving a large amount of
information in the initial encoding of signals is costly be-
cause it requires increased rates of sampling and subsequent
computation. At the outset, then, one must decide what in-
formation in signals should be preserved and what informa-
tion can be discarded without significant loss in classification
accuracy. The traditional approach to this problem has been
to represent signals partially in some basis that shares a com-
mon structure with the signals to be encoded, typically a
Fourier or wavelet basis. Signals are sampled densely in this
basis and all information other than that provided by a small
number (M) of significant coefficients is discarded for fur-
ther processing. This approach preserves the salient informa-
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tion in signals, but is clearly wasteful in that it requires a
good deal of upfront processing of information that ulti-
mately will not be used.

A second and equally important issue pertaining to en-
coding is the interference produced by ambient noise in the
environment. Target signals rarely occur in isolation; rather,
they are usually accompanied by other unwanted environ-
mental sounds that compete with the targets. In many appli-
cations the target signal-to-noise ratio is also low (e.g., mili-
tary surveillance applications involving the detection of
intentionally concealed targets). In such cases much of the
information in targets may be lost in Fourier or wavelet basis
since the maximum-valued coefficients are likely to be de-
termined predominantly by the noise. Prior knowledge of the
interference can help in these cases to isolate the target from
the interference, but such knowledge may be incomplete or
entirely lacking in many applications.

The present paper offers a new approach to the classifi-
cation of environmental sounds that deals effectively with
the high information rates associated with potential signals
and the interference produced by extraneous sound sources.
It does so by exploiting a recent significant advance in the
efficient encoding of signals known as compressed sensing
(cf. Donoho, 2006). Compressed sensing (CS) is an emergent
technology that has found increasing application in the areas
of broadband signal monitoring and image reconstruction. It
involves a novel approach to sampling in which the salient
information in signals is recovered from the projection onto a
small set of random basis functions. In the present paper the
advantage of CS-based classification over traditional Fourier-
based classification is demonstrated by applying both to a
representative case of an environmental sound classification
task.

Il. COMPRESSED SENSING

To appreciate the power of CS and the insight on which
it is based, it is instructive to revisit the logic underlying the
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traditional approach to signal encoding. This logic says that
we should project signals onto a basis that mirrors as closely
as possible the underlying structure of the signals. In so do-
ing, we can expect that a small number of basis functions,
those having the largest coefficients, will capture most of the
salient information in signals. The logic is correct, but it
provides no recipe on how to identify the salient functions
without first projecting signals onto the complete basis; a
rather wasteful exercise. CS avoids this problem by taking an
exactly opposite approach to encoding. Instead of matching
the basis to the inherent structure of signals, it requires that
we project onto a basis that is void of any structure, one for
which the basis functions share no feature in common with
signals. The one basis having this property for all signals is
the random basis, which has noise waveforms as basis func-
tions. The logic may seem counterintuitive; but, consider
that, unlike a Fourier or wavelet basis, each function of the
random basis is virtually ensured to have some measurable
correlation with the signal, positive or negative. This is a
direct consequence of the noise basis functions being broad-
band. The insight of CS is that only a small number of these
correlations are required to recover the signal without
erro—we need not project onto the entire basis. All that is
required is that the signals be sparse in some basis; that they
be well-represented in some basis by a small number of non-
zero coefficients.! Sparsity, in fact, is a feature of environ-
mental sounds that underlies the success of popular compres-
sion schemes such as mp3. Consider that a vast number of
the sounds we encounter in our everyday environment are
emitted by objects having relatively simple geometries; bells,
bars, plates, and membranes with different supports. Because
of their simple geometries these objects have relatively few
prominent modes of vibration, and so most of the salient
information in their emitted sounds is captured by a few
nonzero Fourier coefficients. Other environmental sounds,
not sparse in the frequency domain, are nonetheless repre-
sented by a small number of nonzero values in time. The
sound of footsteps, birds chirping, hands clapping, and many
machine sounds are but to name a few. Indeed, with the
exception of continuous broadband noise, it is difficult to
imagine a natural sound that cannot practically be considered
sparse in either frequency or time. In what follows, then, we
use the sparse property of environmental sounds to advan-
tage in their classification.

lll. METHOD

The 50 environmental sounds used in the simulation (25
targets and 25 interferers) were taken from the high-quality
sound effects CDs “Hollywood Leading Edge Sound FX,
The General.” They are listed in Table 1. These sounds were
selected because they have been shown to be easily identified
by human listeners in a previous psychophysical study (see
Gygi er al., 2004); hence, they were deemed, in this sense, to
be “common” environmental sounds. The sounds were also
selected so that they would span a broad range of different
sound categories (e.g., machine, human, weather, and animal
sounds). The original sound recordings ranged in duration
from 0.5 to 3.6 s. For the simulation they were normalized in
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TABLE I. Waveforms used in the simulation as named in the Hollywood

Leading Edge Sound FX CDs.

Targets

Interferers

89_BellChrch.wav
89_GlassSmash.wav
89_IceDroplIntoGlass.wav

89_CarStart.wav
89_HelicPassby.wav
89_SprtBowlingStrike.wav

BABYCRY.wav BASKBALL.wav
BIRD.wav BUBLES.wav
CATX.wav CHICOUGH.wav
CLAPSA.wav CLOCK.wav
COWA.wav CRASHA.wav
CRICKETS.wav CYMBALA.wav
DOGX2.wav DOOROC.wav
DRUMS.wav FOOTSTP.wav
GUN.wav HAMMERNG.wav
HARP.wav HORSERUN.wav
HORSEWNA.wav LAUGH.wav
MATCH.wav PEELOUT.wav
PHONE.wav PINGPA.wav
POURWATR.wav PlanePropPassby.wav
ROOSTER.wav SHEEP.wav
SHOVEL.wav SIREN.wav
SNEEZE.wav SPLASH.wav
STAPLER.wav ScissorsHrCut.wav
TENNIS.wav THUNDER.wav
TOILET.wav TRAIN.wav
TYPEWRILwav WistlePlc.wav
WitrRain.wav ZIPPERA.wav

duration to 3.6 s by zero padding where necessary. They
were also equated in total rms. Finally, because of the sig-
nificant amount of computation required for the simulation,
the sounds were down-sampled from 44.1 to 4 kHz. Each
waveform then was effectively low-pass filtered at 2000 Hz
and contained a total of N=3.6 sX4000/s=14 400 samples.

The simulation was conducted as follows: (1) Select at
random M Gaussian noise waveforms each of length N to
construct an M X N matrix R as the random basis to be used
in all conditions. (2) Compute and store the M X 1 vector a;
of random basis coefficients for each of the i=1---25 targets,

ai=RXi, (1)

where the N X 1 vector X; is the ith discrete target waveform.
(3) Compute the M X1 vector b; of basis coefficients for
each of the j=1---625 possible combinations of target and
interferer,

b, =R(x;+ ay,), (2)

where the N X 1 vector y, is the kth discrete interferer wave-
form and « determines the target-to-interference ratio. (4)
For each target+interferer combination given by j identify

the target by the index i, where a; yields the largest inner-
product with b s

i=arg max(a;,b;). (3)
i=1--25

=1

(5) Repeat steps 1-4 for values of M ranging from 1 t 256
and at different target-to-interference ratios ranging from
—20 to 20 dB. (6) Repeat steps 1-5 replacing the M X N
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FIG. 1. Percent correct identification performance for CS (circles), MAXF
(triangles), and RANDF (squares) is plotted as a function of the target-to-
interference ratio for different values of M indicated at the top of each panel.

random basis R with the N X N Fourier basis and choosing
for a; and b; the M maximum Fourier coefficients in each
case (MAXEF classifier). (7) Repeat steps 1-4 replacing the
M X N random basis R with the incomplete M X N Fourier
basis, using the same M randomly-selected rows of the com-
plete Fourier basis in all conditions (RANDF classifier).

IV. RESULTS

Figure 1 shows the performance of the three classifiers
as a function of the target-to-interference ratio with the num-
ber of coefficients M as parameter. Note first that the poorest
performance overall is achieved by RANDF. Only for M
>32 and a target-to-interference ratio greater than O does
RANDF begin to match the performance of CS. This shows
that random sampling alone cannot account for the high per-
formance levels achieved by CS. Compared to MAXF the
performance of CS is everywhere poorer for M <8, but
somewhere between M =8 and 16 the performance of CS
begins to better that of MAXF as M is increased. The rever-
sal is particularly evident at the lower target-to-interference
ratios where the performance of CS continues to improve
and is near perfect by M =128. The failure of MAXF perfor-
mance to improve similarly over this range is due to the
interference, which at the lower target-to-interference ratios
determines the significant Fourier coefficients. This point
merely underscores one of the fundamental differences be-
tween CS and MAXF described in the Introduction: MAXF
can only improve its performance at low target-to-
interference ratios by using prior knowledge of the interfer-
ence to separate target and interference. CS makes no at-
tempt at separation and so requires no such knowledge. The
projection onto the random basis ensures that any portion of
the target not obscured by the interference will contribute to
the classification. Finally, we note that CS is overall consid-
erably more efficient than MAXF. CS performs as well or
better than MAXF at all target-to-interference ratios with as
few as 16 projections, compared to N=3.6 sX4000/s
=14 400 projections for MAXF.
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V. DISCUSSION

We have shown that, at target-to-interference ratios as
low as —20 dB, CS achieves near perfect classification of an
arbitrary set of environmental sounds with only 128 projec-
tions, and equal or better classification performance than the
M maximum Fourier coefficients with as few as 16 projec-
tions. The results, of course, are for a highly restricted case
in which there is only one exemplar of each target class, and
in which targets and distracters can reasonably be considered
sparse. A much stronger test of the algorithm would require
its application to more realistic tasks in which there are mul-
tiple exemplars of each target class, including non-sparse
targets and distracters. Notwithstanding, the results encour-
age speculation as to how CS might be recruited in the effort
to model human sound source classification. Traditional ap-
proaches based on the extraction of structured features and
programed schema for separating sound sources require high
information rates and much prior knowledge of signals (EI-
lis, 1996; Martin, 1999). Yet, they still fall pitifully short of
the human capacity for classifying sounds in everyday listen-
ing. The present results suggest that the problem may be
more manageable than these efforts imply. The information
rates, perhaps, need not be as high if compression can occur
simultaneously with sampling, and the amount of prior signal
knowledge, perhaps, need not be as great if classification can
occur frequently without the need to separate sound sources.
It remains to be seen whether the attractive features of CS
could be incorporated into a computational model that would
eventually approach the remarkable performance of the hu-
man classifier in more realistic listening situations than con-
sidered here. The present results are, at least, encouraging.
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Behavioral reactions of harbor porpoises (Phocoena phocoena) to underwater noise from pile
driving were studied. Steel monopile foundations (4 m diameter) for offshore wind turbines were
driven into hard sand in shallow water at Horns Reef, the North Sea. The impulsive sounds
generated had high sound pressures [source level 235 dB re 1 uPa,, at 1 m, transmission loss 18
log(distance)] with a strong low frequency emphasis but with significant energy up to 100 kHz.
Reactions of porpoises were studied by passive acoustic loggers (T-PODs). Intervals between
echolocation events (encounters) were analyzed, and a significant increase was found from average
5.9 h between encounters in the construction period as a whole to on average 7.5 h between first and
second encounters after pile driving. The size of the zone of responsiveness could not be inferred as
no grading in response was observed with distance from the pile driving site but must have exceeded

21 km (distance to most distant T-POD station).

© 2009 Acoustical Society of America. [DOI: 10.1121/1.3132523]
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I. INTRODUCTION

The process of driving large diameter steel monopiles
into the seabed in connection to offshore construction activi-
ties can generate underwater sound pressures with source
levels in excess of 230 dB re 1 uPa (Nedwell et al., 2005).
These sounds are likely to disturb marine mammals at con-
siderable distance and even be dangerous at close range (see
review by Madsen ef al., 20006).

The North Sea is an area where a high incidence of pile
driving activity can be expected in the coming years due to
the establishment of offshore wind farms in the German
Bight and along the east coast of Great Britain. The most
common cetacean in the North Sea is the harbor porpoise
(Phocoena phocoena). As harbor porpoises are known to
show aversive reactions to unfamiliar sounds of low to mod-
erate intensity (e.g., Teilmann et al., 2006), there is a poten-
tial for significant impact of pile driving on this species.
During construction of Horns Rev Offshore Wind Farm in
the Danish North Sea, we had the opportunity to study reac-
tions of harbor porpoises to pile drivings by means of sta-
tionary acoustic monitoring.

Il. MATERIALS AND METHODS

Horns Rev Offshore Wind Farm was built in 2002 and is
located about 25 km west of the Danish coast on Horns Reef

YAuthor to whom correspondence should be addressed. Electronic mail:
jat@dmu.dk
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(55°29”N 7°50”E). The wind farm consists of 80 turbines
placed on a hard sandy bottom in 6—12 m of water. Turbine
foundations consist of 4 m diameter steel monopiles, which
were driven approximately 30 m into the seabed with a hy-
draulic hammer (IHC Hydrohammer S-600) from a jack-up
rig. The hammer delivered on average about one blow per
second. Each pile driving operation took between 0.5 and 2.5
h to complete, with total duration determined both by total
number of blows delivered and duration of breaks in pile
driving due to readjustment of the monopile. Pile driving
was performed in the period March 30 to August 1, 2002 on
days with calm weather.

Mitigation measures were taken to protect seals and por-
poises from exposure to excessive and possibly dangerous
levels of noise during pile driving. Acoustic pingers (Aqua-
mark100) were deployed on all anchors of the rig, and a seal
scarer (Lofitek) was lowered into the water from the rig
whenever the jack-up rig was anchored at a new position.
Furthermore a ramp-up of energy delivered to the pile was
performed at the beginning of each pile driving. This
ramp-up did not follow a standardized scheme but occurred
as a natural consequence of the gradual increase in delivered
energy over the first series of blows as the pile was gradually
advanced into the top meters of the seabed.

Effects on harbor porpoises were studied by static
acoustic monitoring: T-PODs (Chelonia Inc., UK, Version 1)
placed inside the wind farm area and outside in reference
areas. Three stations were operational and provided useful
data in the period during which pile driving was undertaken.
One station was located inside the 4 X4 km? wind farm
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area, a second station 7.5 km to the east of the wind farm and
the third station 21 km west of the wind farm. T-PODs were
mounted in 500 kg steel cages with the hydrophone about 1.5
m above the seabed in depths between 5 and 10 m.

Briefly described, the T-POD consists of a sensitive hy-
drophone and a detection circuit designed to detect harbor
porpoise signals and logs only the time of occurrence of
detected clicks. For a detailed description of the T-POD see
Kyhn et al. (2008). Settings used were as follows: A (target)
filter: 130 kHz, short integration time; B (reference) filter: 90
kHz, long integration time; A/B ratio: 5; A-filter threshold: 0;
scan limit: 160; minimum click duration 50 us. Duty cycle
was 75% (5 periods of 9 s monitored every minute). Follow-
ing download to computer the data were analyzed by the
associated software (Tpod.exe Version 5.41), where clusters
of associated clicks were grouped into trains and filtered into
five categories by the train classification algorithm of the
software, according to the likelihood that the clicks origi-
nated from porpoises. Only click trains from the two best
categories, “cetacean high” and “cetacean low,” were used
for analysis. Trains, which occurred close to each other in
time, were further grouped into clusters, termed encounters.
An encounter was defined as a group of click trains with no
gaps between individual trains exceeding 10 min (Carstensen
et al., 2006). Inter-encounter intervals were determined as
the silent periods between encounters and by definition of the
encounters; by definition, intervals were always at least 10
min long.

A. Statistical analysis

The effect of pile driving was investigated by comparing
inter-encounter intervals associated with pile driving opera-
tions to inter-encounter intervals recorded during the entire
construction period from March 30 to August 1, 2002. The
first three encounters after end of each pile driving operation
were identified, and the corresponding inter-encounter inter-
vals prior to these encounters were analyzed. Even in the
absence of a reaction to the pile driving the first inter-
encounter interval will have an expected value larger than
the mean of all inter-encounter intervals when intervals are
sampled in this way. This is due to a sampling bias often
referred to as the “bus paradox” (Ito et al., 2003) and dictates
that if one picks a random minute of the day (end point of
pile driving) and evaluates the duration of the interval into
which this minute falls, then there is a higher probability of
picking a long interval than a short interval simply because
there are more minutes to pick from in the long intervals. To
circumvent this serious sampling bias inter-encounter inter-
vals associated with pile driving were compared to an
equivalent number of inter-encounter intervals randomly
sampled from the entire ensemble of intervals during the
construction period (minus those associated with pile driv-
ing).

The statistical analyses were carried out within the
framework of mixed linear models by means of PROC MIXED
in the SAS system (SAS Institute Inc., Cary, NC). Inter-
encounter intervals were log-transformed after subtraction of
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10 min as the intervals by definition have a lower limit of 10
min. Intervals were then modeled as

Y[(ij)=M+ti+sj+tsij+el(ij)' (1)

Y is the observed interval duration, equal to the sum of w (is
the overall mean log-transformed interval), 7 (contribution
from pile driving; two levels: pile driving or not pile driv-
ing), and s (variation among stations; three levels for posi-
tions 1, 6, and 7). The interaction term ts describes a differ-
ential response to pile driving across stations, thus allowing,
for example, for a stronger response close to the pile driving
site. The error term e contains residual variation not ex-
plained by the model with different variances for intervals
associated with pile driving and remaining intervals.

A formal statistical test of differences in the two distri-
butions could not be performed as appropriate tests for this
scenario are not available. Instead the sampling and compari-
son procedure where intervals were sampled at random from
the entire construction period and compared to intervals as-
sociated with pile driving was repeated 1000 times in a boot
strap-like fashion, and medians of the test statistics were
used to describe differences in the two distributions. Thus,
pile driving activity terms [¢ and zs of Eq. (1)] and station
term s were tested for significance with a partial F-test, i.e.,
considering the specific contribution of the given factor in
addition to all other factors. A level of significance of 5%
was used.

Second inter-encounter intervals after pile driving were
compared to the intervals immediately following the inter-
vals sampled for the first comparison, and similarly for third
inter-encounter intervals. As second and third inter-encounter
intervals thus were not sampled independently, but followed
directly once the first inter-encounter interval was sampled,
they are expected to have distributions similar to the overall
distribution of intervals, i.e., not subject to the bus paradox
sampling bias.

B. Acoustic measurements

Sound measurements were made on May 2, 2002 during
pile driving of the last 10 m of the monopile at turbine foun-
dation No. 17 on a line almost straight east from the foun-
dation. Water depth was approximately 6.5 m at the four
measuring stations. Measurements were done with a Reson
TC4034 hydrophone and analyzed online with a spectrum
analyzer (Stanford research analyzer, SR785). The setup was
calibrated on site by means of a pistonphone (G.R.A.S
42AC) but for technical reasons the power spectrum could
not be absolutely referenced and total signal energy could
not be calculated.

Measurements were made from a small ship with the
hydrophone 4 m below the water surface.

Illl. RESULTS
A. Behavioral reactions

In total 1811 encounters were recorded on the three
T-PODs in the study period. Ninety-one inter-encounter in-
tervals were associated with pile driving (29, 15, and 47 pile

Tougaard et al.: Letters to the Editor
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FIG. 1. (a) Example of acoustic detection of harbor porpoises (encounters)
in the hours before, during, and after pile driving at Horns Reef. Data from
station 6 (inside construction area) during the last month of pile driving
activity (July 2002), where 18 pile driving operations were conducted. (b)—
(d) Mean inter-encounter intervals prior to first, second, and third encounters
after pile driving compared to mean inter-encounter intervals sampled from
the entire construction period from March 30 to August 1, 2002. Error bars
show 95% confidence intervals of the mean values.

driving events for positions 1, 6, and 7, respectively) and
were used in the analysis as first inter-encounter intervals.
Thirty-eight of these first inter-encounter intervals (11, 4, and
23 for positions 1, 6, and 7, respectively) started during pile
driving whereas the remainder intervals started prior to onset
of pile driving. By definition, all first intervals ended at the
first encounter following cessation of the associated pile
driving.

First inter-encounter intervals after pile driving opera-
tions were longer and less variable in duration than the over-
all sample of inter-encounter intervals, seen in Fig. 1(a) as an
increased gap between encounters following onset of pile
driving. The statistical analysis showed a significant general
increase in the first inter-encounter interval after pile driving
operation had ceased, whereas the increase in second and
third inter-encounter intervals was not significant [Figs.
1(b)-1(d); Table I; term ¢ in Eq. (1)]. The variation across
stations during the whole study period was not significant
[term s in Eq. (1); p,=0.1894 for the first inter-encounter
interval, p,=0.1791 for the second inter-encounter interval,
and p,=0.0742 for the third inter-encounter interval]. The
relative increase in inter-encounter intervals [interaction term
ts in Eq. (1)] was not significantly different among stations
for neither the first (p;,=0.5604), second (p,=0.6840), nor
third inter-encounter interval (p,,=0.4845). In other words,
there was no grading in response with distance from pile
driving site. The data did not permit a test of whether inter-
encounter intervals changed over the entire experimental pe-
riod, but there were no clear indications in the data of a
habituation of the harbor porpoises to the pile driving sounds
over the period.

B. Sound measurements

Measurements of impact sound from a single pile driv-
ing are shown in Fig. 2. The energy delivered to the pile in
the period when measurements were obtained varied be-
tween 360 and 450 kJ per blow.

Impulse sounds had durations around 0.2 s. Signals had
peak energy at 160 Hz but also significant energy at consid-
erably higher frequencies, up to and possibly beyond 100
kHz, which was the upper frequency limit of the recording
equipment (Fig. 2, insert). Sound pressures decreased with
distance from the pile driving site with a transmission loss of
nearly 6 dB per doubling of distance. Based on this transmis-
sion loss, the sound pressure level was back-calculated to a
source level of 235 dB re 1 wPa,, at a distance of 1 m.
Actual sound pressure levels close to the foundation were
likely considerably lower due to near field effects created by
the very large transduction area (4 m diameter cylinder in 6
m of water).

IV. DISCUSSION

Harbor porpoises at Horns Reef reacted to pile driving
operations at all three measuring stations. The fact that the

TABLE I. Statistics of inter-encounter intervals between acoustic encounters of harbor porpoises in connection
to pile driving and for the construction period as a whole. Results of statistical test on first, second, and third
intervals following end of pile driving shown in rightmost columns.

Following pile driving All other
Inter-encounter Mean  Median Variance Mean  Median Variance
interval (min) (min) (log transf.)  (min) (min) (log transf.) F P
First 447 273 1.01 355 175 1.48 6.54 0.0114
Second 221 78 227 146 59 2.06 .71 0.1791
Third 169 74 1.81 145 54 2.16 1.88  0.1727
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FIG. 2. Sound pressure level measured at four different distances from pile
driving of a 4 m diameter steel monopile into hard sand on Horns Reef.
Straight line is best fitting simple transmission loss model. Insert: Power
spectra of pile driving impact pulses measured at three different distances
from the pile driving site at Horns Reef (from top to bottom: 230, 460, and
930 m), where a 4 m diameter steel monopile was driven into hard sand at
approximately 6 m water depth. Broken line indicates background noise/
system noise.

response was not graded across stations with increasing dis-
tance from the construction site is surprising, yet consistent
with similar measurements during pile driving at another off-
shore wind farm (Nysted, Western Baltic; Carstensen ef al.,
2006). All three measuring stations were thus well within the
zone of responsiveness for porpoises despite the large differ-
ence in the exposure to sound. The zone of responsiveness
may thus have extended well beyond 20 km but in the ab-
sence of a grading in responses we are unable to extrapolate
beyond the furthest measuring station.

When discussing behavioral effects of any impact, the
important point is how this behavioral change affects the
long term fitness of the individual animals and the local
population as a whole (Bejder et al., 2006). Each pile driving
clearly represents a considerable impact on the individual
porpoise within the zone of responsiveness, yet this distur-
bance should be seen in a broader perspective. If porpoises
within the zone of responsiveness are prevented from feeding
(or nursing their calves) for the entire duration of the pile
driving and for the following couple of hours, the impact
may not be trivial, in particular, if many pile driving opera-
tions are undertaken in the same area within a short time

14 J. Acoust. Soc. Am., Vol. 126, No. 1, July 2009

span. However, the porpoises at Horns Reef most likely do
not form a stable and stationary population but are part of a
much larger and spatially dynamic population in the North
Sea. Thus, if porpoises within the zone of responsiveness are
forced out of the area by the pile driving, but then are able to
resume feeding again as soon as they are out of range of the
pile driving sounds, the impact on the individual porpoise
may be much less severe. Studies that can address impact on
individual animals in terms of energetic consequences are
clearly needed in order to assess the long term consequences
of the disturbance.
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Use of forward pressure level to minimize the influence
of acoustic standing waves during probe-microphone

hearing-aid verification
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Probe-microphone measurements are a reliable method of verifying hearing-aid sound pressure
level (SPL) in the ear canal for frequencies between 0.25 and 4 kHz. However, standing waves in
the ear canal reduce the accuracy of these measurements above 4 kHz. Recent data suggest that
speech information at frequencies up to 10 kHz may enhance speech perception, particularly for
children. Incident and reflected components of a stimulus in the ear canal can be separated, allowing
the use of forward (incident) pressure as a measure of stimulus level. Two experiments were
conducted to determine if hearing-aid output in forward pressure provides valid estimates of in-situ
sound level in the ear canal. In experiment 1, SPL measurements were obtained at the tympanic
membrane and the medial end of an earmold in ten adults. While within-subject test-retest reliability
was acceptable, measures near the tympanic membrane reduced the influence of standing waves for
two of the ten participants. In experiment 2, forward pressure measurements were found to be
unaffected by standing waves in the ear canal for frequencies up to 10 kHz. Implications for clinical

assessment of amplification are discussed.

© 2009 Acoustical Society of America. [DOI: 10.1121/1.3143142]

PACS number(s): 43.25.Gf, 43.64.Ha, 43.66.Ts, 43.58.Vb [BLM]

I. INTRODUCTION

Measures of sound level in the ear canal are an integral
part of clinical hearing-aid verification. Modern hearing-aid
verification systems determine sound pressure level (SPL) in
the ear canal using speech or speech-like stimuli in an effort
to characterize the audibility of speech as a function of fre-
quency for individual listeners. These measures account for
the acoustic variability of individual ear canals. Probe-
microphone measures of the hearing-aid response are prefer-
able to behavioral verification methods because they provide
better test-retest reliability (Hellstrom and Axelsson, 1993), a
continuous representation of the frequency response instead
of data only at discrete frequencies, and the ability to test
infants or young children who are not able to participate
reliably in behavioral assessments (Zemplenyi et al., 1985).

Despite these advantages, interactions between the inci-
dent SPL in the ear canal and the acoustic reflections from
the tympanic membrane (TM) limit the accuracy of these
measurements for frequencies above 4 kHz. Specifically, par-
tial cancellation of the acoustic signal occurs for frequencies
with wavelengths less than four times the distance between
the termination of the probe microphone and the TM. Such
variations in SPL are therefore dependent on the position of
the probe microphone relative to the TM (Gilman and Dirks,
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1986; Chan and Geisler, 1990). Gilman and Dirks (1984)
demonstrated that, when a probe microphone is placed at a
fixed insertion depth, marked frequency-dependent differ-
ences in SPL will occur due to individual variations in ear-
canal length. The purpose of the current study was to exam-
ine two different approaches to quantifying in-situ probe-
microphone measurements at frequencies above 4 kHz.

Because many hearing aids have limited usable gain
above 4 kHz (Boothroyd and Medwetsky, 1992), clinical rec-
ommendations regarding probe-tube insertion depth have not
previously considered the potential influence of pressure
minima in the ear canal at higher frequencies. Several inves-
tigators have recommended procedures to minimize the in-
fluence of standing waves at frequencies that are within the
bandwidth of most hearing aids. Burkhard and Sachs (1977)
recommended a probe-tube insertion depth of 5 mm past the
termination of the earmold (EM). The authors argued that
this depth would limit errors within the frequency range for
most hearing aids and avoid acoustic irregularities, such as
evanescent modes, stemming from the increase in diameter
of the sound channel from the EM sound bore to the ear
canal. Caldwell er al. (2006) measured consonant spectra and
speech-weighted noise at 1, 5, and 10 mm past the termina-
tion of the EM and found that the 10 mm position provided
the highest overall sound level, as well as the highest output
at 6.3 and 8 kHz. Despite mean results showing that the
sound level in the high frequencies is greatest at the deepest
insertion depth, the impact of standing waves on individual
probe-microphone measurements cannot be determined from
the group data presented by Caldwell er al. (2006).

© 2009 Acoustical Society of America 15



Current clinical recommendations have been developed
to minimize cancellation from standing waves for frequen-
cies below 4 kHz. However, investigators have demonstrated
that hearing-aid bandwidth can be extended to higher fre-
quencies. Amplification at frequencies as high as 16 kHz was
demonstrated more than 25 years ago (Killion and Tillman,
1982). The current ANSI standard (ANSI, ANSI S3.22-2003)
for determination of a hearing aid’s frequency range (band-
width) is determined by calculating the average full-on gain
of the device at 1000, 1600, and 2500 Hz and drawing a line
20 dB below this average parallel to the abscissa. The lowest
and highest intersecting frequencies represent the bandwidth
of the device. This procedure tends to over-estimate the
bandwidth available for a hearing-impaired listener because
of insufficient gain to amplify the relatively low amplitude of
speech energy at frequencies above 4 kHz. Moore et al.
(2008) conducted a study to determine the gain required to
make speech audible at frequencies up to 12.5 kHz for lis-
teners with mild to moderate hearing losses. Despite limita-
tions in hearing-aid gain and reduced speech energy at high
frequencies, Moore ef al. (2008) found that speech could be
made audible at 10 kHz in approximately 40% of ears in
their cohort. Although most current prescriptive formulas for
hearing-aid gain do not provide targets for frequencies above
6 kHz, these studies suggest that making speech audible at
frequencies up to 10 kHz is possible for some individuals
with mild to moderate hearing loss.

Investigators have evaluated the effects of extended
bandwidths on ratings of listener preference and sound qual-
ity. Ricketts and colleagues (2008) found a preference for the
sound quality of a signal with 9 kHz bandwidth over a 5.5
kHz bandwidth for adults with normal hearing and those
with hearing loss. Other investigators have suggested that
rating of sound quality for music is greatest with an upper
frequency of 16 kHz or greater, and that sound quality rat-
ings for speech can suffer when the low-pass frequency cut-
off is less than 10 kHz (Moore and Tan, 2003). Children, in
particular, may experience additional improvements in
speech recognition with bandwidths that exceed those of cur-
rently available devices. Stelmachowicz et al. (2001) system-
atically varied the cut-off frequency of a low-pass filter to
assess the perception of /s/ for children and adults with nor-
mal hearing and hearing loss. Results suggested that for all
listeners, perception of /s/ for female and child talkers
reached maximum performance only when the upper band-
width extended to 9 kHz. Further investigation (Moeller
et al., 2007) found that children with hearing loss were de-
layed in their acquisition of fricative sounds, even when am-
plification was provided at an early age. The authors con-
cluded that these delays may be related to the limited
bandwidth of hearing aids relative to the high-frequency gain
necessary to achieve audibility for fricative sounds.

Recent advances in hearing-aid technology, which have
resulted in devices with broader bandwidth, have created the
need for reliable and valid probe-microphone measures at
frequencies above 4 kHz. Theoretically, placement of the
probe microphone at or in close proximity to the TM mini-
mizes acoustic standing waves for frequencies up to 10 kHz
because the distance between the probe microphone and TM
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would be less than the wavelengths for frequencies greater
than 10 kHz (Dirks and Kincaid, 1987; Gilman and Dirks,
1986). However, the frequencies of standing waves in a
closed ear canal are not determined solely by the distance
between the probe microphone and the TM. Because the TM
is not perpendicular at the termination of the ear canal, the
distance between the probe microphone and the TM cannot
be accurately represented by a single value. Consequently,
the acoustic impedance at the eardrum has also been evalu-
ated to account for the influence of acoustic reflections in the
ear canal on estimates of in-sifu sound level (Stinson et al.,
1982). Previous studies have also demonstrated large varia-
tions in SPL measurements taken at or near the TM at high
frequencies (Dreisbach and Siegel, 2001; Khanna and Stin-
son, 1985). The sound level measured in the ear canal is a
combination of the incident or forward sound presented to
the ear as well as an outgoing reflected component. There-
fore, accurate estimation of sound pressure in the ear canal
should take into account impedance characteristics in order
to estimate both forward and reflected pressure components.

The problem of standing waves in the ear canal is not
unique to probe-microphone measures for hearing-aid verifi-
cation. Acoustic standing waves have also been shown to
affect in-situ calibration for evoking and measuring otoa-
coustic emissions. Variations in the length of the ear canal,
depth of probe insertion, and reflectance characteristics of
the TM can lead to significant differences in the level of the
stimulus used to generate an emission. These challenges
have led researchers to propose several approaches to im-
prove the validity of sound level measurements in the ear
canal. Farmer-Fedor and Rabbitt (2002) proposed a measure
of in-situ sound level in a manner that differentiates the in-
cident acoustic intensity in the ear canal from the outgoing
reflected acoustic intensity. Their results suggested that such
a method is more reliable than SPL and less likely to be
affected by variations in the sound level related to reflec-
tance. Scheperle et al. (2008) used a measure of forward
pressure level (FPL) that also allows for an estimation of the
incident acoustic pressure in the ear canal without the influ-
ence of reflected components that are responsible for acous-
tic standing waves. They compared in-situ calibration for
distortion product otoacoustic emissions using SPL, sound
intensity level (SIL) (Neely and Gorga, 1998), and FPL.
Their results suggested that for in-sifu calibration, SIL and
FPL resulted in a more stable calibration and constant mea-
sure of sound level across frequency than SPL.

More recently, Withnell er al. (2009) found that behav-
ioral thresholds expressed in incident pressure were not af-
fected by standing waves when compared to in-situ measures
of SPL. Because the acoustic impedance of the ear varies
significantly across individuals, the amount of reflected
sound energy will also lead to variability in the frequency
and extent of standing waves, as well as in the sound trans-
mitted to the middle ear. Estimates such as SIL and FPL,
which account for the variability associated with incident
and reflected components of the signal, seem well-suited to
address the problem of quantifying sound level in the ear
canal. These measures have not previously been applied to
the measures typically used for hearing-aid verification.

McCreery et al.: Probe-microphone measures in forward pressure



The goal of the present study was to evaluate two dif-
ferent approaches to minimize the influence of acoustic
standing waves on real-ear probe-microphone measurements
for hearing-aid verification. In experiment 1, measurements
at four probe-microphone placements in the ear canal were
compared to determine the influence of standing waves at
frequencies up to 10 kHz for adults with personal EMs. In
experiment 2, behavioral threshold measures referenced to
transducer voltage (dB re 1 uV), ear-canal SPL (ecSPL),
and FPL in the ear canal were obtained in children to deter-
mine if a measure of incident pressure can provide a more
accurate representation of input to the middle ear than ecSPL
for frequencies above 4 kHz. It was hypothesized that the
variation across frequency of FPL would be more similar to
decibel referenced to transducer voltage than to ecSPL val-
ues, because FPL is not affected by acoustic standing waves
in the ear canal. For the purposes of this discussion, ecSPL
and FPL will be used to describe measurements taken at the
medial end of the probe tube in the ear canal, while SPL and
dB pV describe measurements referenced to coupler and
voltage values, respectively.

Il. METHOD: EXPERIMENT 1
A. Participants

Ten adults (five females and five males) age 25-54 years
(mean=38.7 years) participated in experiment 1. All partici-
pants had normal middle-ear pressure (*+50 daPa) and TM
mobility as evidenced by 226 and 1000 Hz tympanograms
(Tympstar, Version 2, GSI). None of the participants had a
history of ear surgery. Otoscopic evaluation confirmed that
none of the participants had excessive cerumen in the ear
canal. Participants were selected for this study because they
had a personal EM. Each EM included in the study was
constructed of acrylic material. An equal number of right and
left ears were included in the study. Three participants had
EMs with parallel vents, while the remaining seven partici-
pants had unvented EMs. EM vents were occluded with ad-
hesive putty to ensure that the acoustic effects of venting
would be minimized.

B. Procedure

For each subject, ear-canal measurements were obtained
in one ear using an Etymotic Research ER-7C probe-
microphone system. Two Etymotic Research ER 7-14C
probe-microphone tubes were glued together to maintain a
constant 2 mm separation between the two probe-
microphone locations. Measurements were taken at four po-
sitions in the ear canal: 2 mm past the sound bore of the EM
(EM+2 mm), 4 mm past the sound bore of the EM (EM
+4 mm), 2 mm distal to the TM (TM-2 mm), and at the
TM (TM). A 5-s segment of broadband noise (70 dB SPL)
was delivered to the ear canal via an Etymotic Research 2A
earphone, which was coupled to the EM. The stimulus pre-
sentation and microphone recording were processed by a per-
sonal computer using a Digital Audio Laboratories CardDe-
luxe sound card. The sampling rate was 32 kHz, and the
probe-microphone response was low-pass filtered at 10 kHz.
All measurements were completed in a sound-treated booth.
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FIG. 1. Each panel displays ecSPL as a function of frequency for each
probe-microphone placement. The solid black line is the mean across sub-
jects, and the shaded region represents the range of ecSPL values measured
at each frequency.

Results were obtained in a single session approximately 30
min in duration. Subjects were seated in a chair, and the
probe-microphone tubes were placed at the eardrum for the
first set of measurements. TM placement was verified using a
tactile method in which the subject indicated when the probe
tube touched the TM. The probe was then withdrawn slightly
and secured to the inter-tragal notch using adhesive putty to
prevent the probe tube from moving when the EM was
placed in the ear. The EM was placed in the ear canal adja-
cent to the probe tubes for all subjects. In rare cases, acoustic
measures revealed that placement of the EM collapsed the
probe tube, resulting in a significantly reduced acoustic re-
sponse. In these instances, the EM was removed and reposi-
tioned. Three repetitions of each measurement were made at
the TM and at TM -2 without repositioning the probe micro-
phone. The EM was then removed, the probe tubes were
placed at EM+2 mm and EM+4 mm positions, and the
procedure was repeated. The output files were saved and
analyzed using custom software.

lll. RESULTS: EXPERIMENT 1
A. Frequency and depth of pressure minima

Figure 1 shows the mean probe-microphone responses
across subjects (in spectrum level) as a function of frequency
at the four probe placements. The gray shaded area denotes
the range of values across subjects. The largest range of re-
sponses across subjects occurred at frequencies above 2 kHz.
Comparisons across the four probe placements were made
for both the frequency of the minimum ecSPL (i.e., notch
frequency) and the notch depth, defined as the difference
between the maximum ecSPL below the notch and the ecSPL
at the notch frequency. These calculations were analyzed to
determine if placements at or near the TM resulted in a
smaller notch depth or if the notch occurred at higher fre-
quencies than for probe placements near the terminal end of
the EM. Means and standard deviations for notch depths and
notch frequencies for each placement are reported in Table I.

Analyses of variance (ANOVAs) were used to analyze
differences between probe placements with notch frequency
and notch depth as within-subjects factors. Notch depth is
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TABLE I. Mean and standard deviation notch depth and frequency.

EM+2 EM+4 T™-2 ™
Notch depth
(dB) 23.8 (3.25) 22.04 (3.11) 21.19 (2.56) 19.7 (5.37)
Notch frequency
(Hz) 6422 (1431) 7043 (1201) 7832 (1726) 8567 (1470)

plotted as a function of frequency for each probe placement
in Fig. 2. Mean notch frequency increased significantly with
proximity to the TM [F;,;=6.06, p=0.003, 7’,=0.402].
Post hoc tests using Bonferroni adjustments made for mul-
tiple comparisons (p=0.0125) revealed a significant differ-
ence between the TM and EM+2 conditions only. The depth
of the notch did not vary significantly across probe place-
ment [F3,,=3.01, p=0.15, 1]2[,=0.104]. The smallest indi-
vidual notch depth at the TM position was greater than 10
dB, suggesting that clinically-significant notches were
present in all participants even at the TM placement.

B. Test-retest reliability

Figure 3 displays the mean ecSPL differences across the
three trials for each probe-tube placement, as well as a
shaded area representing the range of ecSPL differences
across trials. Below 4 kHz, the average difference in ecSPL
was less than 2 dB for all four positions. Above 4 kHz, the
average difference was less than 5 dB for all four positions.
Variations greater than 10 dB were observed for each place-
ment, except for the TM position, where the maximum varia-
tion across trials was approximately 8 dB. The maximum
variation in ecSPL occurred between 4 and 10 kHz, which
corresponds with the frequency range where significant pres-
sure minima are most frequently observed.

IV. DISCUSSION: EXPERIMENT 1

Previous clinical recommendations for probe-tube inser-
tion depth are based on minimizing the influence of acoustic
pressure minima on in-sifu probe-microphone measurements
by placing the probe microphone in close proximity to the
TM. However, the results from experiment 1 suggest that

clinically-significant standing waves influence probe-
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FIG. 2. Notch depth in ecSPL is plotted as a function of frequency for each
participant. Probe placements are represented by symbols with circles for
EM placements and squares for TM placements. Open symbols correspond
with distal probe positions, while solid black symbols correspond with me-
dial positions.
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FIG. 3. The solid black line represents the mean differences in ecSPL across
three trials as a function of frequency. The shaded area represents the mini-
mum and maximum deviations observed at each frequency across three
trials. Each panel represents a different probe placement.

microphone measurements even when the probe is placed in
close proximity to the TM. Several participants had pressure
minima at frequencies significantly lower than expected
based on the distance between the probe microphone and the
TM and the frequency corresponding with i wavelength. All
participants had marked pressure minima below 10 kHz and
several participants showed pressure minima at the TM for
frequencies within the bandwidth of current hearing aids. A
probe-microphone response that decreases at higher frequen-
cies could lead clinicians to make unnecessary adjustments
to the response of a hearing aid, which could lead to patient
discomfort and/or rejection of amplification.

Significant standing waves measured in close proximity
to the TM in all participants raises concerns that the tactile
method of probe placement may not have resulted in the
desired probe insertion depth or that notches influence mea-
surements near the TM. While some previous studies have
revealed that the frequency of the pressure minimum in the
ear canal is dependent on the distance between the probe and
the TM (Gilman and Dirks, 1986), other studies where in-
situ measurements of sound level were taken at or near the
TM revealed significant pressure minima that would not be
predicted based solely on this distance (Dreisbach and
Siegel, 2001; Khanna and Stinson, 1985). Given significant
individual differences in the impedance and reflectance be-
tween individuals at frequencies above 4 kHz (Voss and
Allen, 1994; Stinson er al., 1982), the fact that pressure
minima cannot be easily predicted based on the measurement
distance from the TM is not surprising. Even if probe-
microphone placement at the TM provided an estimate of
in-situ sound level that was not affected by standing waves,
the potential for patient discomfort and difficulty in estab-
lishing and maintaining this position makes the clinical rec-
ommendation impractical.

Data from experiment 1 also suggest that the within-
subject test-retest reliability for all probe positions was good.
Below 4 kHz, the mean variability was less than 3 dB.
Greater variability was present at higher frequencies where
changes in probe position resulted in larger deviations across
trials. As might be expected given the complex interaction
between the incident and reflected acoustic energies for fre-
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quencies above 4 kHz, the largest deviations across trials
occurred in the frequency region of the notch. The amount of
variability at frequencies >4 kHz across trials where at-
tempts were made to maintain the position of the probe at the
same location is indicative of the difficulty faced by clini-
cians in making consistent measurements at higher frequen-
cies. While probe-microphone measurements have accept-
able within-subject test-retest reliability, the presence of
significant pressure minima for frequencies above 4 kHz
suggests that ecSPL may not provide a valid measure of
ear-canal sound level for hearing aids with wider band-
widths.

Distance between the probe and TM is one factor that
influences the frequency of ecSPL pressure minima in the ear
canal, but the oblique orientation of the TM at the end of the
ear canal means that the probe distance from the TM is never
a single value. Alternatively, the acoustic impedance of the
sound source and ear canal may help to more accurately
characterize in-situ sound levels. Scheperle et al. (2008) used
a calibration method for otoacoustic emissions that measures
the Thevenin-equivalent source impedance and pressure to
isolate the incident and reflected components of the ear-canal
response. Their results indicated that the ear-canal response
expressed in FPL was less likely to contain substantial varia-
tions in pressure than measurements expressed in ecSPL.
Therefore, experiment 2 was conducted to determine if FPL,
which accounts for the acoustic impedance of both the trans-
ducer and ear canal, would provide a more accurate estimate
of the sound input to the middle ear compared to traditional
probe-microphone measures expressed in SPL.

V. METHOD: EXPERIMENT 2
A. Participants

16 normal-hearing children (8 males and 8 females),
ages 9-15 years (mean=12.1), participated in the second ex-
periment. This age range was selected to reduce the likeli-
hood that behavioral thresholds were elevated at high fre-
quencies due to noise-induced hearing loss. None of the
participants had a history of ear surgery. Otoscopic evalua-
tion was completed to confirm that participants did not have
excessive cerumen in the ear canal or tympanostomy tubes.

B. Procedure

Data collection took place in a sound-treated room over
two sessions approximately 30-45 min in length. At the first
visit, hearing thresholds were measured in the test ear of
each subject at 4, 6, 8, 9, and 10 kHz using Sennheiser HD
25-1 earphones. These results were compared to normative
data collected from 32 children in a previous study using the
same transducer (Stelmachowicz et al., 2007). An automated
method of limits with adaptive step-size was used until the
standard deviation of the threshold response was less than or
equal to 2.5 dB at each frequency. If a participant did not
meet the inclusion criteria in one ear, evaluation of the other
ear was attempted. Individuals with variations in behavioral
thresholds were excluded to limit the presence of notches
that were the result of threshold variability instead of stand-
ing waves. Four participants were excluded on the basis of
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FIG. 4. Schematic of brass cavities and coupler used to obtain source cali-
brations in experiment 2.

hearing outside the normative range or variations in thresh-
old >15 dB between adjacent frequencies, reducing the
number of participants to 12. Following high-frequency au-
diometric testing, an impression of the ear canal was taken
for the test ear of each participant in order to make a custom
EM. Ear impressions were sent to a laboratory for fabrica-
tion. All EMs were a full-shell style constructed from clear,
vinyl material and were tubed with No. 13 standard EM tub-
ing with a 1.9 mm internal diameter and 3.6 mm external
diameter. EMs were either unvented due to limitations in
ear-canal size or vents were occluded with putty. The tubing
of the EM extended to the termination of the sound bore at
the canal and extended 2 cm from the lateral surface of the
EM to simulate the approximate tubing length needed for a
behind-the-ear (BTE) hearing aid. The result was an average
transmission-line length of 34.17 mm (range 29-38 mm).
Following receipt of the fabricated EM, participants returned
for a second session approximately 2 weeks after the first
session.

Prior to testing, a calibration of the sound source was
conducted with each participant’s EM coupled to the trans-
ducer to determine the Thevenin-equivalent source imped-
ance and pressure. The source calibration is similar to that
used in previous studies to obtain separate estimates of inci-
dent and reflected sound levels in the ear canal (Allen, 1986;
Keefe et al., 1992; Scheperle et al., 2008). Specifically, five
brass tubes with lengths of 83.0, 54.3, 40.0, 25.6, and 18.5
mm were attached to a brass plate at one end. Tube lengths
were selected to provide % wave resonant peaks at 2, 3, 4, 6,
and 8 kHz and allowed for accurate impedance measure-
ments through 10 kHz. A diagram of the brass tubes and 30
mm brass coupler is shown in Fig. 4. The transducer for both
sound source calibration and threshold measurements was an
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Etymotic Research ER-2A insert earphone. The earphone
tube was coupled directly to the EM tubing in the same
manner used for a BTE hearing-aid coupling.

To record sound levels in the ear canal, a probe-
microphone tube (ER-7C, Etymotic Research) was placed 4
mm past the termination of the EM sound bore either by
threading the probe tube through a parallel pressure vent in
the EM or by attaching the probe tube to the outside of the
canal portion of the EM using 3M Transpore surgical tape. A
distance of 4 mm was chosen to approximate clinical probe
distances recommended in previous studies. Stimulus presen-
tation and probe-microphone recording were processed by a
personal computer using a Digital Audio Laboratories Card-
Deluxe sound card. Ear-canal responses were recorded digi-
tally with a sampling rate of 32 kHz and saved for later
analysis.

First, the Thevenin-equivalent source characteristics
were derived for each participant’s EM. Each EM was at-
tached to the brass coupler using adhesive putty. Broadband
noise with a flat (voltage) spectrum and 256 ms duration was
presented at 61 dB SPL (as measured in a 2 cc coupler)
through the EM to each of the five cavities. Using custom
software (EMAV, Neely and Liu, 1994), multiple measure-
ments were taken and averaged in each brass tube to reduce
the noise level. The obtained source impedance and fre-
quency response for each brass tube were compared to the
expected impedance and frequency response based on the
length of the tubes, and an error was calculated based on the
deviation from the expected response. If significant devia-
tions between the measured and expected responses were
obtained, the EM coupling was adjusted and measurements
were repeated until the obtained output closely approximated
the expected output for all five brass tubes.

Based on the acoustic response as measured at 4 mm
past the termination of the sound bore in each of the brass
tubes, a Thevenin-equivalent source pressure and impedance
was derived for each individual’s EM. Next, the same broad-
band noise was presented through the EM in the participant’s
ear to determine the pressure and load impedance character-
istics of the ear canal at the same probe position. In rare
cases, acoustic measures revealed that placement of the EM
collapsed the probe tube, resulting in a significantly reduced
acoustic response. In these instances, the EM was removed
and repositioned. Custom software determined the frequency
corresponding to the minimum ecSPL in each participant’s
ear canal (i.e., the notch frequency). Behavioral thresholds
were then measured through the EM at octave frequencies
from 0.5 to 8 kHz plus 9 and 10 kHz. To provide additional
resolution in the frequency region of the notch, thresholds
were also measured at the notch frequency and in i—octave
steps from one octave below the notch to % octave above the
notch. An automated method of limits with a 5 dB step-size
was used until the standard deviation of the threshold re-
sponse was less than or equal to 2.5 dB at each frequency.
Measurements of load impedance were used to derive the
three estimates of sound level for each participant’s threshold
responses. Thresholds were expressed in (a) dB ecSPL as
measured at the probe microphone, (b) voltage at the ER-2A
transducer (dB re 1 wV), and (c) ear-canal dB FPL mea-

20 J. Acoust. Soc. Am., Vol. 126, No. 1, July 2009

TABLE II. Notch frequencies and thresholds for each subject in ecSPL,
FPL, and transducer voltage (dB re 1 uV).

Notch
Subject (Hz) ecSPL FPL dB uV
1 8623 23.2 27.1 24.1
2 8289 —4.7 -0.5 16.5
3 7436 —9.8 4.4 19.8
4 7429 22.5 38.9 34.7
5 6965 —4.8 74 22.1
6 5907 —1.5 9.7 25.1
7 5773 —20 5 24.4
8 5591 —-1.5 6.7 19.6
9 5152 7.1 19.4 29.7
10 3958 14.4 18.5 15.7
11 2933 22.5 22 15.6
12 2848 34 4.9 11.7
Mean 5908.67 4.23 13.63 21.59
Std 1942.65 13.98 11.61 6.57

sured at the probe microphone, which was derived using load
impedance of the ear canal in a manner similar to that used
by Scheperle ef al. (2008). The decibel relative to transducer
voltage was used as a reference because auditory thresholds
should not be influenced by local pressure minima resulting
from interactions between incoming and outgoing sounds in
the ear canal.

VI. RESULTS: EXPERIMENT 2

The frequency of the minimum ecSPL (i.e., the notch
frequency) and corresponding values for both transducer
voltage and FPL are presented in Table II. Comparisons of
sound levels at the notch frequency reveal that 10 of 12
subjects had FPL responses greater than ecSPL responses,
while 2 subjects had no difference between FPL and ecSPL
(S11 and S12). Figure 5 shows the mean threshold data in
relative pressure as a function of frequency in ecSPL, FPL,
and transducer voltage (dB wV) for all 12 subjects in experi-
ment 2. The profile of threshold values was similar across all
three estimates of sound level with two exceptions. First, at
frequencies =2 kHz, the mean ecSPL response is greater
than the mean ear-canal FPL response by approximately 6
dB. In the frequency region >2 kHz corresponding with the
minimum ecSPL, FPL was more similar to dB 'V than ec-
SPL. A repeated-measures ANOVA for frequencies =2 kHz
indicated that the mean difference between ecSPL, FPL, and
voltage was  significant [F,g,=9.90, p=0.003, 7]2p
=0.198]. Post hoc tests using Bonferroni adjustments for
multiple comparisons (p<<0.0167) indicated that at low fre-
quencies, SPL was significantly higher than FPL, with a
mean difference of 5.5 dB. However, the 1.5 dB mean dif-
ference between dB voltage and ecSPL for low frequencies
was not significant.

An additional repeated-measures ANOVA compared
thresholds at the notch frequency. The mean differences be-
tween the three estimations of sound level at the notch (ec-
SPL, FPL, and dB wV) were significant [F,,,=19.183, p
<0.001, 172p=0.636]. Post hoc tests using Bonferroni ad-
justments for multiple comparisons (p<<0.0167) indicated
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FIG. 5. Behavioral thresholds in relative pressure plotted across frequency for ecSPL (light-shaded line), FPL (dark-shaded line), and dB uV (dotted line).
Each panel represents data from an individual subject in descending order by ecSPL notch frequency.

that the differences between all three measures were statisti-
cally significant with ecSPL resulting in the lowest estimate
of sound level at the notch frequency and FPL resulting in a
higher estimate of sound level than ecSPL. The mean differ-
ence between ecSPL and dB FPL at the notch frequency was
12.2 dB, indicating that FPL results in higher estimations of
ear-canal sound level than ecSPL at the frequency where the
influence of standing waves is significant. This finding sug-
gests that thresholds referenced to FPL are less influenced by
standing waves at the notch frequency than ecSPL. The
variation in FPL near the notch frequency is similar to that of
dB ©V, which is assumed to be independent of measurement
error from acoustic standing waves.

Figure 6 displays the mean threshold data across partici-
pants normalized to the notch frequency. To assess the rela-
tionship between ear-canal measures of ecSPL, FPL, and
dB wpV thresholds, a series of linear regression models was
calculated and compared using R>-change tests for nested
models. Given that the pattern of the relationships between
FPL, ecSPL, and dB uV was different at frequencies below
2000 Hz compared to frequencies above 2000 Hz, the regres-
sion models for comparison across the notch frequency were
constrained to frequencies greater than 2000 Hz. The full
regression model with dB uV as the criterion and both ec-
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SPL and FPL as predictors had an R?>=0.351, [Fy.136
=36.731, p<0.001]. Both ecSPL and FPL had significant
regression weights at frequencies above 2000 Hz, but the
standardized regression weight (8) for FPL was positive,
while 8 for ecSPL was negative. The pattern of results sug-
gests that as dB uV increases, FPL also increases for fre-
quencies around the notch. Additionally, ecSPL decreases
compared to dB pV for the range of frequencies around the
notch, consistent with observed patterns of standings waves
measured in the ear canal.

Nested comparisons were completed with ecSPL and
FPL as individual predictors of dB uV for frequencies above
2000 Hz to determine if either FPL or ecSPL alone was able
to predict thresholds in dB wV, as well as the full model that
contained both estimates. The linear regression model with
ecSPL as the predictor of dB uV threshold revealed an R>
=0.168 [F} 137=27.63, p<0.001]. While ecSPL was found
to have a significant relationship with dB 4V at frequencies
above 2000 Hz, the model with only SPL as the predictor did
not predict thresholds in dB uV as well as the full model
(R>-change=-0.183, F| 3=38.31 p<0.001) with signifi-
cantly less variance accounted for. The linear regression
model with FPL as a predictor of dB uV threshold had an
R?=0.303, [F, 3,=59.483, p<0.001]. Comparison of the
FPL as the sole predictor of dB uV threshold was signifi-
cantly better than the ecSPL-only model (R?-change
=0.135, F;3;=48.45 p<0.001) and was not significantly
different from the model with both ecSPL and FPL as pre-
dictors of dB wV threshold (R?-change=-0.48, F 1.136
=10.23 p=0.15).

VII. DISCUSSION: EXPERIMENT 2

Results from experiment 1 indicated that probe place-
ment at or near the TM did not reduce the influence of pres-
sure minima on probe-microphone measurements for any of
the participants. These findings highlight the difficulty of us-
ing distance from the TM as a clinical guideline for probe-
microphone measurements. Using a method described by
Scheperle et al. (2008), FPL for behavioral threshold was
calculated, in addition to voltage at the transducer and ec-
SPL. FPL is an estimate of ear-canal sound level that sepa-
rates incoming and outgoing pressures in the ear canal when
the impedance of the ear canal is known. The primary hy-
pothesis of experiment 2, based on theoretical expectations,
was that FPL would be less affected by standing waves than
ecSPL, and more similar to the voltage at the transducer in
the shape of its frequency response near the notch frequency.

Data from experiment 2 confirmed two distinct patterns
of results for the relationship between the three estimates of
sound level. At frequencies =2000 Hz, ear-canal measure-
ments in ecSPL are higher than FPL measurements by ap-
proximately 6 dB. This pattern was statistically significant
and observed consistently across all 12 subjects. Just as pres-
sure minima at the notch frequency are the result of cancel-
lation between incoming and outgoing sound pressures with
opposing phases, the enhancement at frequencies =2000 Hz
is potentially the result of summation of the two components
in phase. The enhancement of ecSPL related to the summa-
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tion of incoming and outgoing acoustic pressures occurs for
frequencies =2000 Hz, which have wavelengths >6.75 in.
Given the fact that these wavelengths exceed the length of
the ear canal, this increase in ecSPL should be independent
of the location at which measurements are taken in the ear
canal.

At frequencies >2000 Hz, ear-canal measurements of
threshold in ecSPL exhibit minima that are not evident in
either FPL or dB uV. Substantial pressure minima in ecSPL,
but not in FPL or dB uV, were observed in 10 of the 12
subjects. The two exceptions (S11 and S12) did not have
significant differences between ecSPL and FPL, but did have
an enhancement of ecSPL at frequencies =2000 Hz. An en-
hancement of ecSPL at lower frequencies should also be ac-
companied by a corresponding pressure minimum in each
case. One explanation could be that both subjects had pres-
sure minima at frequencies above 10 kHz, which were not
measured in the current study. Both subjects also had mini-
mum ecSPL values at frequencies close to 2 kHz, which was
much lower than the other participants. Given that the rela-
tionship between each estimate of sound level (ecSPL and
FPL) with dB wV is different for frequencies above and be-
low 2 kHz, the close proximity of the ecSPL notch to 2 kHz
may have resulted in no difference between the two esti-
mates. Despite the lack of an apparent pressure minimum in
each case, FPL and ecSPL were otherwise similar for both
participants above 2000 Hz. This observation is an indication
that FPL would not likely lead to additional errors in estima-
tion of in-situ hearing-aid gain in cases where a SPL pressure
minimum is not measured.

Viil. CONCLUSIONS

The purpose of the current experiments was to identify
methods of minimizing the influence of acoustic standing
waves in the ear canal on in-sifu probe-microphone measure-
ments, which are used clinically to estimate hearing-aid gain
and output. Current methods are based on placing the probe-
microphone tube close enough to the TM to limit the fre-
quency of standing waves to frequencies above the band-
width of commercially-available hearing aids (e.g., Burkhard
and Sachs, 1977). Recent research suggests that there may be
advantages to designing hearing aids with usable frequencies
as high as 10 kHz to improve speech perception (Stelma-
chowicz et al., 2001) and perception of sound quality (Moore
and Tan, 2003). As manufacturers begin to extend the upper
frequency limits of hearing aids, current probe-microphone
measurement schemes are unlikely to provide valid measures
of ear-canal sound levels. The goal of experiment 1 was to
determine if probe placements close to the TM could reduce
the influence of standing waves to frequencies approaching
10 kHz. Four probe-microphone placements at different po-
sitions relative to the EM and TM were used to measure the
ear-canal response in ten subjects. Pressure minima ranging
from 12 to 26 dB were present at all four probe placements,
and even when the probe tube was placed near the TM,
clinically-significant pressure minima were observed below
10 kHz. While the use of a tactile method of probe placement
at the TM without visual confirmation might not have re-
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sulted in insertion depths as close to the TM as desired, our
finding of significant variations in ecSPL for measurements
taken near the TM is consistent with previous studies
(Dreisbach and Siegel, 2001; Khanna and Stinson, 1985).
Although additional efforts to place the probe tube closer to
the TM might reduce the influence of standing waves, the
potential for patient discomfort and difficulty establishing
and maintaining such a TM placement would still limit its
clinical utility for hearing-aid verification.

The test-retest reliability of probe-microphone measure-
ments at all positions for each subject was acceptable with
differences less than 5 dB over most of the frequency range.
More substantial errors were observed with the probe place-
ments closest to the TM, where small changes in probe po-
sition are likely to have larger effects on the measured re-
sponse. Larger deviations between repeated-measurements
for the same probe position at frequencies above 4 kHz high-
light the difficulty in maintaining consistency across mea-
surements, even when care is taken to maintain a constant
probe position. In addition to being potentially uncomfort-
able for patients and not feasible with children, the current
data suggest that placement of the probe microphone at or
near the TM does not appear to adequately minimize the
impact of standing waves on estimates of in-situ sound level.
While placement close to the TM resulted in a pressure mini-
mum with an average frequency greater than 6 kHz, 18 of the
40 placements revealed significant pressure minima in the
ecSPL at frequencies that would be within the bandwidth of
most current hearing aids. This finding suggests that acoustic
standing waves in the ear canal compromise the validity of
probe-microphone measurements even for hearing aids with
an upper bandwidth of 6 kHz. Errors in the estimation of
ear-canal sound level of this magnitude may lead to inaccu-
rate assignment of gain and output and could pose potential
risk to residual hearing sensitivity.

In experiment 2, FPL was used to obtain an estimate of
sound level in the ear canal that is independent of outgoing
acoustic reflections from the TM. The hypothesis was that
FPL would be more similar to decibel based on voltage at the
transducer than ecSPL, since the decibel based on the trans-
ducer voltage should be theoretically independent of acoustic
reflections. For frequencies >2000 Hz, FPL was found to be
a better predictor of dB voltage than ecSPL. At frequencies
=2000 Hz, however, ecSPL was found to be approximately
6 dB higher than FPL. The enhancement of ecSPL at fre-
quencies =2000 Hz is most likely the result of summation
between the incoming and reflected sound energy in the ear
canal, which is a counterpart to the cancellation at frequen-
cies >2000 Hz, which results in pressure minima in the es-
timation of the incoming signal. Because summation occurs
at lower frequencies with % wavelengths greater than the
length of the ear canal, the 6 dB enhancement in ecSPL
compared to FPL will be constant along the length of the ear
canal and at the TM. Therefore, the 6 dB difference between
ecSPL and FPL at low frequencies would only need to be
taken into account in hearing-aid verification if probe-
microphone measurements are taken in FPL and thresholds
are referenced to ecSPL. Alternatively, cancellation has the
ability to impact clinical decisions about the assignment of
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amplification. For higher frequencies where cancellation can
result in significant pressure minima, the response of the
hearing aid will appear to be inadequate. The frequency,
gain, and output characteristics of the hearing aid may be
adjusted unnecessarily by the clinician to compensate for
what appears to be insufficient gain. The use of FPL for
hearing-aid measurements could potentially result in smaller
errors in estimating in-situ hearing-aid gain by taking into
account the influence that reflected sound pressure has on
in-situ measurements of hearing-aid gain and output.

ACKNOWLEDGMENTS

This study was supported by grants from the National
Institute of Deafness and Other Communication Disorders
(Grant Nos. RO1 DC04300, R01 DC-008318, P30 DC-4662,
and T35 DC-008757).

Allen, J. B. (1986). “Measurement of eardrum acoustic impedance,” in Pe-
ripheral Auditory Mechanisms, edited by J. B. Allen, J. L. Hall, A. Hub-
bard, S. T. Neely, and A. Tubis (Springer-Verlag, New York), pp. 44-51.

ANSI (2003). ANSI S3.22-2003 Specification of Hearing Aid Characteris-
tics (American National Standards Institute, New York).

Boothroyd, A., and Medwetsky, L. (1992). “Spectral distribution of /s/ and
the frequency response of hearing aids,” Ear Hear. 13, 150-157.

Burkhard, M. D., and Sachs, R. M. (1977). “Sound pressure in insert ear-
phone couplers and real ears,” J. Speech Hear. Res. 20, 799-807.

Caldwell, M., Souza, P. E., and Tremblay, K. L. (2006). “Effect of probe
tube insertion depth on spectral measures of speech,” Trends Amplif. 10,
145-154.

Chan, J. C., and Geisler, C. D. (1990). “Estimation of eardrum acoustic
pressure and of ear canal length from remote points in the canal,” J.
Acoust. Soc. Am. 87, 1237-1247.

Dirks, D. D., and Kincaid, G. E. (1987). “Basic acoustic considerations of
ear canal probe measurements,” Ear Hear. 8, 60S—67S.

Dreisbach, L. E., and Siegel, J. H. (2001). “Distortion-product otoacoustic
emissions measured at high frequencies in humans,” J. Acoust. Soc. Am.
110, 2456-2469.

Farmer-Fedor, B. L., and Rabbitt, R. D. (2002). “Acoustic intensity, imped-
ance and reflection coefficient in the human ear canal,” J. Acoust. Soc.
Am. 112, 600-620.

Gilman, S., and Dirks, D. D. (1984). “A probe EM system for measuring
eardrum SPL under hearing-aid conditions,” Scand. Audiol. 13, 15-22.
Gilman, S., and Dirks, D. D. (1986). “Acoustics of ear canal measurement

of eardrum SPL in simulators,” J. Acoust. Soc. Am. 80, 783-793.

Hellstrom, P. A., and Axelsson, A. (1993). “Miniature microphone probe
tube measurements in the external auditory canal,” J. Acoust. Soc. Am. 93,
907-919.

Keefe, D. H., Ling, R., and Bulen, J. C. (1992). “Method to measure acous-
tic impedance and reflection coefficient,” J. Acoust. Soc. Am. 91, 470-
485.

Khanna, S. M., and Stinson, M. R. (1985). “Specification of the acoustical
input to the ear at high frequencies,” J. Acoust. Soc. Am. 77, 577-589.
Killion, M. C., and Tillman, T. W. (1982). “Evaluation of high-fidelity hear-

ing aids,” J. Speech Hear. Res. 25, 15-25.

Moeller, M. P., Hoover, B., Putman, C., Arbataitis, K., Bohnenkamp, G.,
Peterson, B., et al. (2007). “Vocalizations of infants with hearing loss
compared with infants with normal hearing: Part I—Phonetic develop-
ment,” Ear Hear. 28, 605-627.

Moore, B. C., Stone, M. A., Fullgrabe, C., Glasberg, B. R., and Puria, S.
(2008). “Spectro-temporal characteristics of speech at high frequencies,
and the potential for restoration of audibility to people with mild-to-
moderate hearing loss,” Ear Hear. 29, 907-922.

Moore, B. C., and Tan, C. T. (2003). “Perceived naturalness of spectrally
distorted speech and music,” J. Acoust. Soc. Am. 114, 408-419.

Neely, S. T., and Gorga, M. P. (1998). “Comparison between intensity and
pressure as measures of sound level in the ear canal,” J. Acoust. Soc. Am.
104, 2925-2934.

Neely, S. T., and Liu, Z. (1994). “EMAV: Otoacoustic emission averager,”

McCreery et al.: Probe-microphone measures in forward pressure 23



Technical Memo No. 17 (Boys Town National Research Hospital, Omaha,
NE).

Ricketts, T. A., Dittberner, A. B., and Johnson, E. E. (2008). “High-
frequency amplification and sound quality in listeners with normal through
moderate hearing loss,” J. Speech Lang. Hear. Res. 51, 160-172.

Scheperle, R. A., Neely, S. T., Kopun, J. G., and Gorga, M. P. (2008).
“Influence of in situ, sound-level calibration on distortion-product otoa-
coustic emission variability,” J. Acoust. Soc. Am. 124, 288-300.

Stelmachowicz, P. G., Lewis, D. E., Choi, S., and Hoover, B. (2007). “Effect
of stimulus bandwidth on auditory skills in normal-hearing and hearing-
impaired children,” Ear Hear. 28, 483—-494.

Stelmachowicz, P. G., Pittman, A. L., Hoover, B. M., and Lewis, D. E.
(2001). “Effect of stimulus bandwidth on the perception of /s/ in normal-
and hearing-impaired children and adults,” J. Acoust. Soc. Am. 110, 2183—

24 J. Acoust. Soc. Am., Vol. 126, No. 1, July 2009

2190.
Stinson, M. R., Shaw, E. A., and Lawton, B. W. (1982). “Estimation of

acoustical energy reflectance at the eardrum from measurements of pres-
sure distribution in the human ear canal,” J. Acoust. Soc. Am. 72, 766—
773.

Voss, S. E., and Allen, J. B. (1994). “Measurement of acoustic impedance
and reflectance in the human ear canal,” J. Acoust. Soc. Am. 95, 372-384.

Withnell, R. H., Jeng, P. S., Waldvogel, K., Morgenstein, K., and Allen, J. B.
(2009). “An in situ calibration for hearing thresholds,” J. Acoust. Soc. Am.
125, 1605-1611.

Zemplenyi, J., Dirks, D., and Gilman, S. (1985). “Probe-determined
hearing-aid gain compared to functional and coupler gains,” J. Speech
Hear. Res. 28, 394-404.

McCreery et al.: Probe-microphone measures in forward pressure



Impact of meteorological conditions on noise propagation from

freeway corridors

N. C. Ovenden®
Department of Mathematics, University College London, Gower Street, London WCIE 6BT,
United Kingdom

S. R. Shaffer and H. J. S. Fernando
Department of Mechanical and Aerospace Engineering, Center for Environmental Fluid Dynamics,
Arizona State University, Tempe AZ 85287-9809

(Received 20 November 2008; revised 1 April 2009; accepted 10 April 2009)

This paper examines the impact of meteorological conditions on the propagation of vehicular noise
from urban freeways. A parabolic equation model coupled to an analytical Green’s function solution
close to the source field is used to compute the refracted sound field up to half a mile from the
freeway to predict the noise exposure of residential areas nearby. The model was used in conjunction
with meteorological and sound-level measurements taken at two freeway sites over the course of
four days in Phoenix, AZ. From the data collected, three test cases of varying levels of atmospheric
stratification and wind shear are presented and discussed. The model demonstrates that atmospheric
effects are able to raise sound levels by 10—20 dB at significant distances away from the highway,
causing violations of acceptable limits imposed by the Federal Highway Administration in

residential areas that are normally in compliance.

© 2009 Acoustical Society of America. [DOI: 10.1121/1.3129125]

PACS number(s): 43.28.Gq [JWP]

I. INTRODUCTION

Noise pollution is a serious and worsening environmen-
tal concern in urban areas. Not only does it diminish the
quality of human life'™ but it also alters wildlife habitats and
breeding sites.? Highway traffic, airports, heavy industry,
railways, and even leisure activities located close to built-up
areas all contribute to the noise menace, and thus urban plan-
ners and managers pay close attention to mitigate it. This
paper concerns a main contributor to noise pollution in urban
areas—the freeway noise—which varies considerably in
time and space in the proximity of roadways. The noise level
therein depends on a myriad of factors, to name a few, the
traffic speed and volume, vehicle type, ground conditions,
terrain, sound barriers, atmospheric absorption and meteoro-
logical variables (e.g., temperature, wind velocity, and turbu-
lence), and their spatial and temporal proﬁles.s’(’ While a ma-
jority of these factors are accounted for in operational sound
prediction models, currently available models do not take all
the salient factors into account.”” For example, the latest
version of the Federal Highway Administration’s (FHWA)
traffic noise model (TNM) Version 2.5 released in 2004 does
not include the effects of temperature and wind variability;
i.e., uniform, isothermal atmospheric conditions are assumed
in the calculations. The latter is a reasonable assumption for
shorter (less than 200 m) distances from the sound source,
but errors can be substantial when predicting intermediate
and far-field noise, since refraction of sound due to tempera-
ture and wind causes anomalous intensity variations at a sig-
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nificant distance from the source. For example, noise mea-
surements conducted in Scottsdale, AZ, following
complaints by residents living more than about 400 m (
~1/4 mile) from the East Loop 101 freeway, suggest that
ground-level inversions (surface stable temperature stratifi-
cations) can increase the sound level by as much as
10—15 dB."" While the noise level therein under neutral at-
mospheric conditions is well within the FHWA noise abate-
ment criterion (NAC), an inversion can cause the dBA level
to exceed NAC. FHWA-NAC recommends implementing
abatement procedures such as noise walls or modified pave-
ment types (quiet pavements) when the energy averaged or
equivalent sound-level (L.,) approaches an A-weighted value
of 67 dBA. The challenge, however, is accounting for inver-
sions and wind shear.

The influence of atmospheric factors becomes particu-
larly critical when noise mitigation is realized via a combi-
nation of techniques, for example, noise walls and quiet
pavements. The Arizona Department of Transportation
(ADOT) has received approval from the FHWA for the Quiet
Pavement Pilot Program to investigate the usefulness of
pavement surface type as a noise mitigation strategy, subject
to the condition that Arizona would be a pilot program with
specific research objectives and requirements.” ADOT
would overlay Portland Cement Concrete Pavement in the
Phoenix valley with a 1 in. thick asphalt rubber friction
course (ARFC) surface. Where the ARFC is placed and noise
walls are required, the walls may be reduced in height in
view of the extra mitigation offered by ARFC surfacing.11
Beginning in 2003, ADOT has been monitoring six sites
across the Phoenix Metropolitan Area for traffic-generated
noise to evaluate the effectiveness of ARFC. While measure-
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ments show that ARFC has reduced freeway noise apprecia-
bly (8—10 dB) at close-in community locations, sound re-
fraction due to environmental conditions can defeat the noise
abatement approaches (e.g., the use of walls) at some dis-
tances away. Noise walls are expensive and typically cost
~$1M/mile, and hence merits of their installation should be
carefully evaluated a priori.

The effectiveness of AFRC pavements, sound walls, and
environmental factors become dominant only at certain in-
trinsic frequency ranges. The relationships between these
variables and A-weighted noise levels in the field thus are
intricate and can only be delineated via models that properly
quantify fundamental relationships between sound levels and
environmental factors. Such models will help in design, in
interpretation of measurements taken at different positions/
times, and in placing results on a unified scientific basis. For
full forecasting, both the sound and environmental variables
need to be predicted and their interaction should be quanti-
fied. A straightforward (yet onerous, because of computa-
tional expense) method is the nesting of an acoustic model
with an environmental forecasting model. A simpler method-
ology is to use available representative atmospheric data
from the area to feed the acoustic model, assuming local
smaller scale variations are unimportant. The research re-
ported herein is of this latter ilk and includes a meteorologi-
cal measurement component. The aim is to examine how
different meteorological conditions, especially ground based
inversions and shear, can affect freeway noise, by taking
Phoenix as a case of interest.'>"

A suite of computational approaches are presently being
used for atmospheric sound propagation studies,” which in-
clude (i) Gaussian-beam methods, (ii) fast-field program
models, and (iii) parabolic equation (PE) models. Ray theo-
ries, although robust for indoor acoustics, rapidly become
highly cumbersome to compute in downward refracting me-
dia where many rays are needed and caustics are problem-
atic. Additional complications, such as diffraction by ob-
stacles, turbulence, and prediction of acoustic shadow
regions, further urge the use of alternative methods. The key
to PE models is the use of an effective sound speed based on
temperature and wind speed of the actual mean flow field
that both modify the isotropic adiabatic sound speed.m’15
When assuming a line (or an axisymmetric) source, the two
dimensional wave operator is factored into left- and right-
traveling components transverse to the source. The unsteady
pressure field due to a source can then be resolved by march-
ing the computation across the domain away from the source
by discounting any waves that propagate toward the source.
Major disadvantages of this method are that it becomes in-
accurate at high elevation angles and cannot directly account
for back scatter unless the more difficult task of handling
propagation in both directions is addressed. It has many ad-
vantages, however, including the ease of incorporating atmo-
spheric absorption, varying boundary conditions, and geom-
etries (e.g., complex terrain) along with actual spatially
varying meteorological profiles. For these reasons, method-
ologies based on the PE prove highly popular,m_22 although
it is common practice to use hybrid models combining sev-
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eral methods to exploit features of the problem at hand in an
attempt to circumvent potential caveats of any individual
methods.”*

In order to understand and quantify the effects of atmo-
spheric temperature and velocity profiles on sound propaga-
tion, we have combined a field measurement campaign (Sec.
II) with modeling efforts (Sec. III). The field measurements
are to provide realistic vertical profiles of temperature and
crosswind velocities to the model and were performed over
4 days at two freeway sites in Scottsdale, AZ and Mesa, AZ,
where meteorological and sound data were taken and re-
corded over roughly a 6 h period between 6 a.m. and 12 p.m.
(Sec. IV). For the modeling, the sound data are inputted into
a Green’s function model to evaluate the near source field
generated from the freeway traffic (Sec. V). This source field
along with the meteorological data is then inputted into a PE
model to compute the refracted sound field out to a distance
of 600 m. The results are compared to neutral atmospheric
conditions, and the effect of stratification and wind shear is
separated and quantified in three 20 min time-averaged cases
selected from the field data (Sec. VI). The conclusions of the
study are given in Sec. VIIL.

Il. EXPERIMENTS

The experiments discussed herein were conducted by the
Center for Environmental Fluid Dynamics at Arizona State
University (EFD-ASU) in collaboration with ADOT and Tl1-
ingworth & Rodkin, Inc. The EFD-ASU team made detailed
measurements of atmospheric meteorological conditions, II-
lingworth & Rodkin Inc. provided sound measurements, and
ADOT videotaped the traffic and recorded its speed.

The field experiments were conducted on October 10
and 11, 2006, in a location just on the west side of Phoenix
loop 101 (ADOT location 3E, 33°30'05.95" N
111°53"17.09” W) and on November 7 and 8, 2006, just on
the north side of Phoenix loop 202 (ADOT location 3D:
33°28'56.65" N 111°45'48.16” W). The details of motiva-
tion for site selection are outlined in Ref. 10. Although both
sites are situated in urban locations, the freeways are rela-
tively new so that housing and other buildings are located
some distance (at least 0.5 km) away. Hence, the terrain
neighboring in both freeways is relatively flat and homoge-
neous with hard sandy soil and sparse bushes. A cross section
of the terrain for the route 202 site is shown in Fig. 1.

Measurements were taken from 7 am. to 11 a.m. in
order to better understand how noise levels change during a
period of a temperature inversion, typical daytime convec-
tive conditions, and during the morning transition period. It
is interesting to note that the temperature conditions near the
surface were found to be unstable even in the early morning
hours, and this is believed to be due to retention of heat by
the roadway surfaces even after the sunset, because of the
high thermal capacity of road surfaces.

A number of instruments were employed, which in-
cluded 3D sonic anemometers and a sound detection and
ranging (SODAR) with radio acoustic sounding system
(RASS). SODAR measures vertical wind profiles of all three
components whereas RASS measures the vertical tempera-
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ture profile. Sound measurement instruments at the 3E site
were also located at the following positions, where range is
the horizontal distance from the center of the nearest travel
lane and height is measured above ground level (agl).

Location Range Height
1 15.24 m (50 ft) 1.52 m (5 ft)
2 15.24 m (50 ft) 3.66 m (12 ft)
3 30.48 m (100 ft) 1.52 m (5 ft)

Note at the 3D site there was an additional sound meter at
76.22 m (250 ft) from the center of the nearest travel lane at
a height of 1.52 m (5 ft) agl. The sonic anemometers were
located on towers at the same distance from the highway as
the sound measurement instruments, while the SODAR/
RASS systems were located further away to avoid possible
contamination of the sound-level measurements (Fig. 1).

The sonic anemometers were operated at a frequency
10 Hz, providing all three velocity components and tempera-
ture. The data collected enable us to obtain detailed informa-
tion on mean flow and temperature close to the surface, as
well as turbulent statistics. During October 10 and 11 two
sonic anemometers were located on a tripod 15.24 m (50 ft)
from the center of the nearest travel lane and three on a tower
30.48 m (100 ft) from the center of the nearest travel lane.
The heights of instruments on the tripod were 1.8 and 2.9 m
agl and the height of those on the tower were 2, 4, and 6 m
agl. During measurements on November 7 and 8, a tripod
was located at 15.24 m (50 ft) where the heights of the son-
ics were 1.8 and 2.9 m agl, while sonics at the tower were
placed at levels 6.8, 10.4, and 13.8 m agl. On November 8,
one more sonic was placed on a tripod at a location 76.22 m
(250 ft) from the center of the nearest travel lane at 2.2 m
agl to measure atmospheric conditions close to the furthest
sound measurement point.

The SODAR/RASS system was utilized to measure
wind speed and temperature profiles, respectively, between
roughly 20 to 600 m agl during the October and November
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deployments. This system provided more details on the
structure of the atmospheric boundary layer during the peri-
ods of measurements at high altitudes, but for the present
study the most important is the data taken up to 200 m or so
in height. Both the SODAR/RASS and the sonic anemom-
eters were set up to enable the wind velocity component
across the highway to be separated from the wind velocity
component parallel to the highway. Only the component per-
pendicular to the highway is inputted into the sound propa-
gation model.

lll. MODELING

Based on the initial sound data from the field experi-
ments, we construct a two-dimensional model of acoustic
propagation from a single monofrequency coherent line
source in a vertically layered atmosphere. A rectangular xy
coordinate system is used with y measuring the vertical
height and x the horizontal range from the center of the near-
est travel lane. All lengths are non-dimensionalized on a
typical source height L, velocities are non-dimensionalized
on the sound speed measured at ground level C, density is
non-dimensionalized on the density of air at 1 atm (p,
=12kgm™), and pressure p is non-dimensionalized on
pOCé. For a given frequency f (Hz), we define the Helmholtz
number as w=2fL,/ Cy and by writing the acoustic pressure
perturbation as p(x,y,f)=p.(x,y)e”" the Helmholtz equa-
tion for a line source at X=X, of strength S in a vertically
layered atmosphere is obtained:

Pp o i(EZ(W%) o’
a2 2o\ W oy )T 20)

Here, ¢ is the non-dimensional effective sound speed which
includes the effects of both temperature and crosswind.
Given the measured vertical temperature 7(y) and crosswind
U, (y) profiles, the effective sound speed is defined in a stan-
dard manner to be

pe=S8x-xp). (1)

.
\VYRT(y) + Uy(y)

cly)= c

where vy is the ratio of specific heats and R is the ideal gas
constant. The boundary conditions imposed are a far-field
Sommerfield radiation condition as r=\x*+y?> becomes
large, which takes the form

ap. w
Pe _ i(j)pc =o(r"'?) and p,=0(r"?) asr—,
or c
(2)
and an impedance boundary condition at the ground surface
1 dp. 1
-z =_p. aty=0. (3)
iwdy Z

Throughout this paper, the empirical impedance model of
Delany and Bazley28 is used where, for a ground surface
with flow resistivity o (Pa's m™2), the impedance Z is given
by
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Two models are used in tandem to compute the far-field
sound propagation: (i) a near-field analytic Green’s function
solution assuming a homogeneous atmosphere and (ii) a PE
approximation. Figure 2 shows the regions of the x-y domain
where each model is used.

The near-field Green’s function solution” is used to ob-
tain the acoustic field in the vicinity of the line source where
the refractive effects of atmospheric factors are assumed to
be negligible. In other words, the Green’s function solution
assumes a constant effective sound speed c¢=1 and solves
Eqgs. (1)—=(3) with this assumption up to the edge of the high-
way, at 6.7 m (22 ft), obtaining the sound field

pxyiyo) i
S 4

i
- ZHBI)(waz +(y +30)%) + PAx,y:v0),

(5)

H (o + (v - 30)?)

where Hf)l) is the zeroth order Hankel function of the first
kind, and the term P,(x,y;y,) represents the correction to the
hard-wall solution for Z finite. This correction is derived by
Chandler-Wilde and Hothersall*’ and is given in terms of

A= Vx?+ (v + ),
—
y=(y+yo)/ N2>+ (y +y0)°,

a=1+ 2= (1-23"2(1- )2,

with the result
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The first integral expression is calculated using Gauss—
Laguerre quadrature and the second surface wave term (due
to its strong exponential decay away from the ground) is
evaluated using the formula given in Ref. 30. We assume
over the near-field calculation that the ground impedance is
typically of porous asphalt with o=3 X 107 Pas m~2, which
is given in Table 4.9 of Attenborough et al.®

The near-field Green’s function solution provides an
acoustic field at the edge of the freeway p;n(y)=p (Xeqge-Y)-
which is subsequently used as an initial condition for a two-
dimensional Cartesian variant of the standard axisymmetric
PE model, first derived by Gilbert and White."*

The PE model used is the parabolic wide-angle approxi-
mation of Eq. (1) assuming a two-dimensional line source.
The pressure field is rewritten as p.(x,y)=(x,y)e’®" and
(x,y) is obtained by solving the equation

a1 [1 a<~232¢/> 2(1 )aw]
—+—| =—\|\cF— |+t =-1|—
ox 4o’ Pay\ dyox &2 o

_i| Ll oy 2<L_ )
—2w|:52&y(c &y)+w 2 1 1,0] (6)

Equation (6) and the impedance boundary condition (3) are
finite-differenced and the solution is obtained by marching
forward in the x direction. Sandy soil is taken to be the
ground surface type beyond the freeway with o=4
X 10° Pas m™2 and we assume the ground to be completely
flat to concentrate strictly on atmospheric effects in this
study.

The radiation condition (2) is dealt with numerically by
a buffer zone'>!% occupying approximately the upper one-
third (100 m) of the grid domain, v, <y <ym.» Where the
effective sound speed ¢ in Eq. (6) is replaced by

3 (-1
E(y):E(y){1+iA(—y_yan ” .

Ymax ~ Yatt

Here, A is a real parameter that can be optimized for each
frequency component. To ensure the effectiveness of the
buffer zone, the initial pressure profile obtained from the
near-field Green’s function method p;,;(y) must also be
smoothly reduced to zero within the buffer zone to prevent
spurious reflections from the truncated top of the grid do-
main. Thus,
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where 1=<B<=4 is another optimized parameter dependent
on frequency.

Effects of atmospheric absorption are additionally incor-
porated following the method outlined in Ref. 5 (Sec. B.5)
by applying an attenuation rate dependent on the local hu-
midity, temperature, and atmospheric pressure in dB m™! to
each frequency band at 1 m agl before summing to form the
Leq versus range plots (Figs. 8, 10, and 12). This method
follows the International Standard ISO 9613-1:1993(E). The
attenuation rate used here is based on a relative humidity of
20%, which is typical for the city of Phoenix, and the tem-
perature profiles obtained from the measurements taken. The
pressure in the absorption calculation is assumed to be
101.325 kPa.

IV. CHOSEN TEST CASES AND MODELING
PARAMETERS

Based on the large amount of meteorological and sound
data collected, three test cases are presented here. To exclu-
sively illustrate the strong dependence of acoustic properties
on environmental conditions, the main focus will be on one
site (Rt. 202). Temperature and crosswind profiles above
40 m are obtained from the SODAR/RASS measurements in
10 m increments, whereas data at lower altitudes are gleaned
from the sonic anemometers. The meteorological profiles are
time-averaged over a period of 20 min. To obtain the
surface-layer velocity profile for an unstable convective
boundary layer (below 60 m), theoretical curves of the
Monin—-Obukhov (MO) stability theory are fitted to the sonic
data. The MO theory suggests that near the ground both ver-
tical temperature and velocity gradients have the form

P
é ~A1=By)**y™?  for {=Uy(y), T(y), (7)

where A; and B, are parameters fitted to the data.” Since
dtldy diverges like y™3 as y—0, the chosen temperature
profile is made linear near the ground so that 7(y) ~Ay+B
and the velocity takes instead a standard logarithmic form,
Uy(y) ~A log(y/y*), where y* is the aerodynamic roughness
length. Above 60 m the theoretical curve smoothly transi-
tions into the SODAR-RASS data. If the useful range of data
from the SODAR-RASS is less than 300 m, the theoretical
curve is held constant at the last entry from the SODAR-
RASS. Measurements and theoretical profiles for the three
chosen cases are shown in Fig. 3. The following representa-
tive cases were selected for study:
A November 7, 2006 (Rt 202) 11 a.m. Wind shear at
very high altitudes but little temperature stratification.
Note that in this case, the SODAR-RASS data were
usable up to 250 m compared with 200 m in the other
cases.
B November 7, 2006 (Rt 202) 8 a.m. Significant strati-
fication and shear flow.
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C November 8, 2006 (Rt 202) 8 a.m. Strongly stratified
with a sharp change in temperature at approximately
120 m above the ground and a crosswind jet at ap-
proximately 50 m above the ground.

V. ANALYSIS OF TRAFFIC SPECTRA TAKEN BY
NOISE METERS

The overall acoustic source field we are attempting to
replicate consists of a six-lane highway (three lanes in each
direction) with multiple moving sound sources that vary ac-
cording to their speed, traffic density, and vehicular type.
Without knowledge of the exact acoustic signature of every
car and truck, a number of severe but unavoidable assump-
tions need to be made about the nature of the sound sources.
We emphasize here that the focus of this paper is on the
meteorological aspect of noise transmission from freeways
as opposed to understanding the composition of sound
sources emitted.

Our sound data consist of 5 min time-averaged 1/3 oc-
tave data from three sound meters placed close to the high-
way. We have no information about the sound generated
from separate lanes of traffic or the frequency output of dif-
ferent vehicle types traveling at different speeds. Hence, the
principal aim of our model noise source must be to generate
a representative sound field that matches the three sound
meter measurements taken at the site. Figure 4 shows the
difference between the 5 min averaged dBA level taken from
the sound meter at 1.5 m (5 ft) above the ground and located
15.2 m (50 ft) away from the center of the nearest travel lane
and the sound meter at 1.5 m (5 ft) above the ground and
located 30.5 m (100 ft) away from the center of the nearest
travel lane. This clearly shows a geometric attenuation of
3 dB as the distance from the source doubles, providing jus-
tification to the assumption that the freeway can be treated as
series of line sources; we assume that this holds true for the
entire study domain. Note that because the SODAR-RASS
meteorological data are only available in 20 min time-
averaged periods, the 5 min time-averaged acoustic data
(L) ™(f,) in A-weighted decibels (dBA) for each frequency
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FIG. 4. (Color online) The difference in overall A-weighted sound level on
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what is expected for a line source as Pj,.~ "' in a neutral atmosphere.

f,.] are also combined into 20 min average values for consis-
tency in the long-range noise propagation model. This is
achieved by extracting four consecutive 5 min time-averaged
sound measurements, [LZ min(¢ )], for k=1, 2, 3, and 4, and
then averaging using the following formula:

4
1 min
L,(f,) =101og,, ZE 103 ™ ¢ l10
k=1

For the purpose of our model, the traffic noise is ap-
proximated as a series of monofrequency coherent line
sources positioned vertically above the center of the nearest
travel lane (see Fig. 2). The strength and effective height of
these virtual sources are unknowns that are determined by
replicating as closely as possible the 1/3 octave data ob-
tained from the three closest sound meters. As the sound
meters are positioned relatively close to the source, the in-
fluence of meteorological conditions is regarded as negli-
gible over the range up to the furthest sound meter, and a
neutral atmosphere is therefore assumed in the near field.
This enables the unknown line source parameters to be de-
termined by using the Green’s function model for acoustic
propagation from a line source above an impedance plane as
detailed in Sec. III. As mentioned before, the flow resistivi-
ties chosen are o=3X 10" Pasm™ for the asphalt and o
=4 X 10° Pa's m~2 for the sandy soil where, for the loop 202
experimental site (Fig. 1), the surface is assumed to be as-
phalt out to a range of 6.7 m (22 ft) from the virtual line
sources with sandy soil beyond, as shown in Fig. 2. Repeat-
ing the calculation for other flow resistivities suggests that
neither representating the asphalt as a hard wall (Z=) nor
varying the sandy soil flow resistivity between 2 X 10? and
6 X 10° Pas m~2 changes the results significantly.

For a given 1/3 octave interval, the height of a repre-
sentative line source can be calculated by accurately trying to
replicate the differences between the dBA values recorded by
the three sound meters. This is done by varying the source
height to minimize the sum of the absolute errors between
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FIG. 5. (a) Virtual source heights for the three cases obtained by minimizing
an error norm based on decibel differences between sound meters. (b) Mea-
sured dBA minus the dBA obtained from the Green’s function solution for
each virtual line source at the three sound meter locations. Circles show
measured minus computed dBA for the meter at location 1, diamonds for the
meter at location 2, and crosses for the meter at location 3.

the differences obtained by the Green’s function model in the
meter locations and the actual measured differences. How-
ever, this can lead to unrealistic virtual source heights and so
an additional height penalty is also imposed. A norm based
on this premise can be obtained by defining AM-Z. to be the
dBA difference actually recorded at frequency band f be-
tween meter locations i and j (as numbered in Sec. II) and
AGQ(H) to be the dBA difference obtained between meter
locations i and j from a virtual monofrequency coherent line
source at frequency f and at height H above the surface. Our
virtual source height H is then determined by minimizing

> [AMY; - AGL(H)| + 3H,

i<j

where the term 3H represents the additional height penalty
mentioned above. Once the height is determined, the source
strength can be obtained by averaging the source strengths
required to reproduce the three meter readings. The source
heights calculated for each frequency band in Cases A—C are
plotted in Fig. 5(a) and Fig. 5(b) shows for all three cases the
difference between the dBA measured at each sound meter
and that determined from the virtual source obtained through
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FIG. 6. Virtual source strengths for the three cases obtained by minimising
an error norm based on dB differences between sound meters.

the optimization process described above. Observe that the
virtual line sources replicate the measured sound field accu-
rately to well within 1 dBA error for most frequencies and
meter readings. Note additionally that there is generally very
good agreement on the source heights obtained in each case
for all frequencies (using data taken on different days at dif-
ferent times) although three obvious exceptions are the sig-
nificant virtual source height differences for the 1, 1.25, and
2 kHz components between Case A and the other cases. We
point out, however, that local norm minima are obtained for
Case A at approximately the same heights as the virtual
heights obtained for the two other cases but these are not
optimal with the chosen norm. Other small discrepancies in
Fig. 5(b) for the lower frequencies can be explained as the
dBA difference errors do not vary that much with height due
to the large wavelengths so that variations of source height
do not significantly alter spatially the sound field generated.
Perhaps, in fact, the most problematic difficulty in selecting
source height here occurs around 400-500 Hz range where
the norm error at small heights takes unacceptably high val-
ues (possibly 7 dB) but only approaches zero again at source
heights of well over 2 m or so. This can be observed in the
increase in measured minus computed errors at around
400 Hz and providing some justification for imposing a
height penalty.

Following the determination of source heights, it is rela-
tively straightforward to use the Green’s function near-field
model to obtain the A-weighted source strengths and these
are shown for Cases A—C in Fig. 6. Note the good agreement
in the source strength profile across the frequency ranges
63-2.5 kHz for the three cases. The sound signature is al-
most identical for Cases B and C, both taken at the same
time during rush hour on consecutive days, whereas Case A
has lower sound levels particularly in the 100—200 Hz and
800 Hz-2 kHz band, possibly due to the lower traffic levels
occurring in the late morning.

VI. CONSTRUCTION OF L., PLOTS

In each chosen case, the model is run for each frequency
component, based on the central frequency of the 1/3 octave
band, with and without the influence of meteorological ef-
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FIG. 7. (Color online) Case A: A-weighted SPL contours without meteoro-
logical effects (top) and with meteorological effects (bottom). The effect of
atmospheric absorption is not included here. Each contour line represents a
change of 3 dBA. The bold contour represents the 67 dBA level.

fects for comparison. For efficiency, the frequency range of
the computation is reduced from spanning the entire range of
25 Hz-20 kHz to only include those bands between 63 Hz
and 2.5 kHz (17 components in all). Such a restriction, due
to A-weighting, produces an error of less than 0.2% in terms
of the final overall sound pressure level (SPL) when com-
pared to the actual values measured by the sound meters.

The spatial A-weighted SPL distribution for each fre-
quency component is resolved by the PE model on a grid of
size and spacing dependent on the wavelength (based on a
usual ten grid points per wavelength). These results are sub-
sequently interpolated onto a grid of 1 m spacing with a
range of 0-600 m horizontally and 0-300 m vertically.
Then at each grid point the A-weighted frequency contribu-
tions L,(f,)(x,y) are combined to produce the overall L,
SPL level by the formula

17
Loy=1010g,o >, 105Un/10,

n=1
with f,={63, 80, 100, 125, 160, 200, 250, 315, 400, 500,
630, 800, 1000, 1250, 1600, 2000, 2500}.
Results of the spatial SPLs are presented in Figs. 7 and 8

for Case A, Figs. 9 and 10 for Case B, and Figs. 11 and 12
for Case C. For each case, Figs. 7, 9, and 11 show a contour
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FIG. 8. (Color online) Case A: Overall A-weighted SPL and the SPL of each
frequency component at a height of 1 m above the ground. The top figure
shows the SPL for neutral conditions (bold blue dash-dot line), with meteo-
rological effects but without atmospheric absorption (bold black dashed
line) and with both meteorological effects and with atmospheric absorption
(bold black solid line and frequency bands). The shaded area in the top
figure represents the region where the SPL range exceeds the 67 dBA
threshold. The bottom figure shows contours of A-weighted SPL with me-
teorological effects for each frequency component at an altitude of 1 m with
atmospheric absorption. Each contour line represents a change of 3 dBA.

plot of the equivalent spatial sound field obtained in a neutral
atmosphere directly above the contour plot of the resolved
spatial sound field when the temperature and crosswind ve-
locity effects are included. Note that the downwind side of
the freeway is always shown and the vertical range displayed
is only up to 20 m in height agl. It is clear from these figures
that the overall impact of the meteorological effects is sig-
nificant in all three cases examined. Indeed, significantly
higher noise levels are predicted near the ground downwind
for all cases. For guidance, FHWA’s NAC threshold of
67 dBA is shown as a thick contour line on the spatial con-
tour plots of L, (Figs. 7, 9, and 11). Furthermore, on the
range plots (the top plot in Figs. 8, 10, and 12), the shaded
area also represents SPLs exceeding the 67 dBA threshold.
Below each case is examined in more detail.

The meteorological effects are weakest for Case A with
little temperature stratification and a crosswind of the order
of 2 ms™! persisting from about 30 m to around 150 m in
altitude. However, Fig. 7 clearly shows how the crosswind
shear flow present up to 30 m above the surface focuses
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FIG. 9. (Color online) Same caption as for Fig. 7, but for Case B.

sound into a thin layer of 3—5 m in height, where the sound
intensity is raised by roughly 10—15 dB. As a result, the
sound level close to the ground does not fall below 67 dBA
until a horizontal distance of approximately 220 m from the
freeway is reached, as opposed to approximately 110 m pre-
dicted for a neutral atmosphere (see Fig. 8). A close exami-
nation of the impact of the meteorological effects on indi-
vidual frequency components (Fig. 8, bottom) reveals that
the frequency bands 200—250 Hz and 1-2.5 kHz remain the
most intense out to the far-field.

Case B occurred during rush-hour traffic on Loop 202
with a stronger wind shear from the ground attaining a cross-
wind speed of 6 ms™' at 60 m in height. More severe tem-
perature gradients can also be observed, with the temperature
falling 5° with increasing altitude before rising back to its
ground-level value at an altitude of 100 m. The competition
between the near-ground negative temperature gradient and
positive wind shear means that overall near-ground sound
levels drop more rapidly than they would in neutral atmo-
spheric conditions over the first 150 m or so from the free-
way. However, the refractive effects due to wind shear and to
the presence of a temperature inversion at higher altitudes
lead to sound rays being refracted back toward the ground
from above and sound focusing at around 550 m from the
freeway. Indeed, Figs. 9 and 10 indicate that the A-weighted
SPL starts to exceed the 67 dBA threshold close to the
ground at a range of 500 m before continuing to exceed
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FIG. 10. (Color online) Same caption as for Fig. 8, but for Case B.

67 dBA almost up to the edge of the calculation domain. It
would appear that the frequency range 800 Hz—1.6 kHz is
particularly influenced and focused most intensely by the
combination of wind shear and temperature gradients (see
bottom of Fig. 10) although all frequency ranges appear to be
subject to some degree of near-ground focusing at the 500 m
range. It is especially interesting to note that the most in-
tensely focused frequency range components appear, in fact,
to fall to perceptively low sound levels (below 40 dBA) in
the range 200—400 m from the freeway. The spatial contours
in Fig. 9 thus strongly suggest that this case could be a typi-
cal example of excessive sound levels occurring far from the
freeway which are unlikely to be abated by the use of a
sound barrier.

Case C is also taken during rush-hour traffic and has the
most severely altering meteorological profiles, being strongly
stratified and having a crosswind jet peaking at 4 ms~! at a
height of 50 m above the ground. Figures 11 and 12 show a
concentration of sound rays and pockets of constructive and
destructive interference between the rays in a roughly 5-6 m
wide layer close to the ground, particularly beyond the
300 m range. As a result, the effect of wind shear with only
a mild negative temperature gradient close to the ground
leads to the near-ground SPL persisting in excess of the
67 dBA threshold up to almost 350 m from the freeway.
Once again the dominant frequencies responsible appear to
be 1 and 1.25 kHz with other neighboring frequencies also
being strongly influenced by the meteorological conditions.
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VIl. CONCLUSIONS/FURTHER COMMENTS

This work represents a combined experimental and the-
oretical study on the impact of meteorological conditions on
the propagation of traffic noise from a freeway corridor.
Clear indications from the results obtained are that TNMs
used to judge the environmental noise impact on nearby
communities must incorporate the usual or expected meteo-
rological conditions that occur in that geographical location.
This is of particular importance for the case of ARFC de-
ployment that motivated this study, wherein the reduction in
the effectiveness of the pavement with use is deduced via
measurements made over certain time periods in different
years. Without corrections for the effects of meteorology, the
validity of such assessments is highly questionable unless
only the near field data are utilized. It should also be added
that some of the atmospheric effects observed in this paper
offer the possibility of rendering traditional mitigation tech-
niques, such as noise walls, ineffective. However, this would
not occur with strategies based on controlling the traffic
noise at source, by developing quiet pavement materials such
as ARFC for instance.

The combined Green’s function and PE model has
shown its capabilities in taking meteorological data and near-
field sound measurements to generate a spatial map of pre-
dicted noise levels. The model also enables analysis of indi-
vidual frequency components (e.g., as in Fig. 8 for Case A),
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FIG. 12. (Color online) Same caption as for Figs. 8 and 10, but for Case C.

and there is some indication in this study that the frequency
range 1—1.6 kHz is the most significantly influenced by me-
teorological conditions and thus provides the principal con-
tribution to far-field traffic noise levels; however, this predic-
tion requires experimental confirmation. If such further
evidence arises, mitigation strategies targeting this frequency
band would be the most effective in preventing excessive
noise levels at large distances from the freeway corridor.
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Asynchronous control of vortex-induced acoustic cavity
resonance using imbedded piezo-electric actuators
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This paper presents an experimental investigation of the control of a vortex-induced acoustic cavity
resonance from flow over a bluff body using embedded piezo-ceramic actuators in order to alter the
resonant flow-acoustic interactions. The action of the actuators was asynchronous. Experiments
were mainly conducted at the flow velocity of acoustic resonance, where the vortex shedding
frequency from the upstream bluff body approached the frequency of the first acoustic mode of two
downstream cavities. The fluctuating acoustic pressure was measured using a microphone. The
perturbed flow field around the bluff body was monitored using two single hot wire anemometers
and one X-wire. It was found that the induced transverse vibrations were effective to reduce the
acoustic resonance. The cavity sound pressure level at resonance was reduced by 8.2 dB in presence

of actuation. The physics behind the control mechanism is discussed.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3143784]

PACS number(s): 43.28.Ra, 43.50.Ki [AH]

I. INTRODUCTION

Flow-induced acoustic resonance occurs as a result of
strong interactions between unsteady separated flows and the
acoustic modes of a cavity, when the dominant frequency of
the flow separation approaches that of one acoustic mode of
the cavity.l_6 This phenomenon is commonly found in many
engineering applications, and may be classified into self-
induced and vortex-induced resonances. The former is ex-
cited by vortices shed from the orifice leading edge over the
cavity, and often occurs in landing-gears, weapon bays in
aircraft, and open cavities in moving vehicles. The latter is
caused by vortex shedding from a bluff body in crossflows
and is frequently seen in tube or plate bundles of heat ex-
changers and boilers,7 cascades of compressor blades,8 and
guide/turning vanes in ducts and radial diffusers.” Flow-
induced acoustic resonance may induce an acoustic pressure
amplitude sufficiently high to cause very serious noise or
vibration problems.10

Control of self-induced resonance has been extensively
explored using passive and active control techniques.” Typi-
cal passive methods include modifications of the geometries
of the acoustic source regions,12 13 use of fences or screens
within the cavities,'*'> and use of small leading edge spoil-
ers to control the source.” In contrast, active control tech-
niques involve energy input via actuators to manipulate the
shear flow, effectively reducing the flow-acoustic interaction,
using either independent external disturbance, i.e., open-loop
control, or feedback-signal-controlled system, i.e., closed-
loop control. Active control techniques can be synchronous
or asynchronous, depending on whether the actuation fre-
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quency is equal to the system fundamental frequency.16 To
mention a few typical examples, Sarno and Franke'’ success-
fully suppressed shear layer oscillations in a cavity through
45° steady or pulsating mass flow injection at the cavity
leading edge, resulting in a reduction of 10 dB in the cavity
sound pressure level (SPL) at the frequency of the acoustic
resonance. Using a closed-loop method, Huang and Weaver'®
and Ziada er al." used the fluctuating acoustic pressure in-
side the cavity as feedback signals, which was then amplified
and phase-shifted by a controller to drive control loudspeak-
ers at the entrance of the tunnel and at the upstream corner of
the cavity, respectively. In this way, the shear layer oscilla-
tion across the cavity was attenuated. Cattafesta et al. 202!
and Kook et al.” used an oscillating piezo-electric flap and
electrodynamically driven leading edge spoilers, respec-
tively, which were hinged near the cavity leading edge, to
disturb the shear layer separation. The action of the flap was
controlled by a closed-loop controller with the feedback sig-
nals from the fluctuating acoustic pressure within the cavity.
As a result, attenuation in cavity pressure was obtained at the
frequency of acoustic resonance.

Control of vortex-induced acoustic resonance has been
scarcely reported in the literature, apart from a few papers
reporting numerical simulations of the phenomenon. This
phenomenon may be important in cascade structures, such as
turbines, helicopters, and fans, in which a blade interacts
with the wake of an upstream blade; the other is the occur-
rence of acoustic resonance, as evidenced by Mohany and
Ziada'® who measured the acoustic resonant interaction be-
tween vortices shed from an upstream cylinder and the first
acoustic mode of the tunnel where the cylinder was located
and obtained a SPL of 155 dB in a wind tunnel and the work
of Roozen et al.*® in which strong vortex-induced noise was
measured near the bass-reflex port of a loudspeaker. Their
work was mainly focused on investigations of acoustic-
structure coupling rather than control.
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Vortex-induced acoustic resonance induced by vortex
shedding from bluff bodies may possibly be controlled by
effectively impairing the source, i.e., vortex shedding. Many
investigations of passive and active control of vortex shed-
ding from bluff bodies have been reported in the literature.
Passive control methods typically include changing the cross
section of structures and adding fixed mechanical vortex dis-
turbers such as longitudinal grooves or riblets to alter vortex
shedding.24’26 As examples of active open-loop control,
Hsiao and Shyu27 used acoustic waves emitted from a slot on
the surface of a cylinder to actively disturb the fluid field and
demonstrated that a local disturbance near the shear layer
instability frequency and around the flow separation point
caused an increase in lift and a reduction in drag and the
vortex strength (Re=420-34 000). Williams er al.*® intro-
duced symmetric and anti-symmetric forcing of water flow
(Re=470) at a frequency of about twice the vortex shedding
frequency (f,) through two rows of holes located at =45°,
respectively, away from the forward stagnation line of the
cylinder. They observed a change in shedding frequency and
flow structure. Most existing closed-loop vortex shedding
control methods rely on feedback signals provided by hot
wires in the turbulent wake. Warui and Fujisawa29 reduced
the vortex strength at Re=6700 using electromagnetic actua-
tors installed at both ends of a circular cylinder to create a
lateral oscillation. Tokumaru and Dimotakis®® and Filler
et al.’! created cylinder rotary oscillations to produce regu-
lated injection of circulation into the wake. Both led to an
attenuation in vortex strength and drag. Ffowcs Williams and
Zhao** used a loudspeaker mounted on a wind tunnel wall to
impair vortex shedding from a cylinder at Re=400. Using
the same technique, Roussopoulos33 observed an increase by
20% in the onset Reynolds number for vortex shedding.
Huang34 used sound within a cylinder to generate a pulsating
flow through a thin slit near the separation point on the cyl-
inder surface, and suppress vortex shedding from both sides
of the cylinder in the Re range between 4 X 10 and 1.3
X 10%,

Cheng et al.® developed a novel perturbation technique
to control both vortex shedding and structural vibration. The
essence of the technique is to generate a controllable trans-
verse motion of a structural surface using embedded piezo-
ceramic actuators to alter fluid-structure interactions. The ef-
fectiveness of this technique has been demonstrated for the
case of active control of vortex shedding and associated
structural vibrations for different cases of fluid-structure in-
teractions, including resonant flow-structure coupling on a
flexible-supported rigid cylind<3r,36’37 resonant flow-structure
coupling on a fix-supported flexible cylinder,38 and non-
resonant coupling on a fix-supported flexible cylinder.39 This
technique has recently been successfully applied to the con-
trol of noise caused by blade-vortex interaction™ (BVI) and
the control of airfoil aerodynaunics.41 Piezo-ceramic actua-
tors are lighter and smaller than other actuation devices such
as loudspeakers and electromagnetic actuators. Owing to its
special design, the actuator presently used requires a rela-
tively low energy input to generate appreciably large dis-
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placements. Typically, without any loading, it can vibrate at a
maximum displacement of about 2 mm and a frequency up
to 2 kHz.

This paper presents results from an experimental study
to extend the aforementioned technique to the control of the
vortex-induced acoustic resonance by means of reducing
vortex strength by a bluff body. Asynchronous control was
carried out in this study to establish the feasibility of the
technique. The test configuration comprises an upstream
bluff body acting as the vortex generator, and two down-
stream acoustic cavities, within which acoustic resonance
phenomenon occurs. Experiments were focused on the oc-
currence of acoustic resonance when the vortex shedding fre-
quency coincided with the frequency of the first acoustic
resonance of the cavity. Uncontrolled flow-acoustic interac-
tions were first investigated. A simple asynchronous control
system was developed. Control performance was assessed in
terms of the cavity SPL at resonance. To understand the con-
trol mechanism, the perturbed flow field and the resonant
flow-acoustic interaction were analyzed in detail.

Il. EXPERIMENTAL PROCEDURES

Experiments were carried out in a closed circuit wind
tunnel, as shown in Fig. 1(a). This facility, designed for aero-
acoustic experiments, was previously used for flow-silencer
testing.42 It has a 1.82-m-long square test section of 0.1
X 0.1 m?. A parabolic contraction at the inlet improved the
uniformity of the flow velocity profile and reduced boundary
layer thickness. A flat-walled diffuser, with a half angle of
14°, was used downstream of the working section to increase
pressure recovery. The maximum flow velocity was 50 m/s
with a turbulence intensity of less than 0.1% in the upstream
section. The background noise of the tunnel was low since
the motor and fan noise was mostly absorbed by acoustic
lining. This has been experimentally verified.

A rigid thick rectangular plate, with a height of &
=11 mm, a width of w=47 mm, and a length of 98 mm, was
used as bluff body. The plate was rigidly fixed on both side
walls of the test section and located about 0.37 m down-
stream of the exit plane of the tunnel contraction, as shown
in Figs. 1(a) and 1(b). The plate angle of attack was zero.
Note that w/h was about 4.3, falling into the range between
3.2 and 7.6, where only one vortex separated from the lead-
ing edge of the plate may develop along the plate at any
instant. This is a typical pattern of flow around a rectangular
platf:.43 To improve the two-dimensionality of vortex shed-
ding from the plate, the cross section of the plate leading
edge was made semi-circular* [Fig. 1(b)]. Two identical
cavities with square cross sections were located downstream
of the plate, symmetrical with respects to x-z plan, on the top
and bottom walls of the tunnel, respectively, and at the same
streamwise location. The two cavities act as side-branch
acoustic resonators. The origin of the coordinate system,
shown in Fig. 1(a), was defined at the center of the model
trailing edge, with x, y, and z corresponding to the stream-
wise, transverse, and spanwise directions, respectively. The
depth (L) and width (B) of each cavity were 440 and 70 mm,
respectively. The first acoustic resonance frequency of the
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cavity (f!) was approximately f=c/4L=~193.2 Hz,* where
c is the speed of sound. The corresponding critical flow ve-
locity U, (=f;h/St) at resonance, when shedding frequency
fs=f., was estimated to be about 8.5 m/s, using a Strouhal
number St of 0.25, as suggested by Welsh et al.** for similar
w/h ratios. The distance between the trailing edge of the
plate and the downstream wall of the cavities was about
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9.8h. This distance ensured an effective resonant fluid-
acoustic interaction in the near wake of the plate, as demon-
strated later.

Two curved piezo-ceramic actuators [thin layer compos-
ite unimorph driver and sensor (THUNDER)],*® with a
length of 63 mm and a width of 14 mm, were embedded in a
slot of 80 mm long, 30 mm wide, and 7 mm deep on the top
side of bluff body and 1.5 mm from the model trailing edge
[Fig. 1(b)]. The two actuators were installed at x=—1.41 to
0.14h and x=-2.77 to —1.50h [Fig. 1(b)], respectively. The
characteristics of the actuators have been thoroughly dis-
cussed previously.46 Typically, without any loading, the
present actuator (THUNDER-8R) can vibrate with a peak
displacement of about 2 mm and a frequency up to 2 kHz.
The actuators were installed in a cantilever manner to create
the maximum perturbation displacement in the transverse
y-direction, and thus better control performance for the same
excitation condition. The actuators and the walls of the slot
around the actuators were lubricated to minimize contact
friction. A thin plastic plate with a thickness of 1.2 mm,
mounted flush with the upper surface of the plate, was con-
nected with the cantilevered end of the actuators using
double-sided glue and was placed at x=-2.82 to —0.091A
[see Fig. 1(b)]. Driven by the actuators, the plate oscillated to
create a uniform transverse vibration of the plate surface, as
confirmed by the measurement of velocity at several points
over the place by a laser vibrometer. The motion of the plate
may have created a small step on the test model surface. But
the gap between the plate and the model was small such that
leakage effects were deemed negligibly small. Furthermore,
the plate had a maximum displacement of less than 0.9 mm,
and was rather stiff. Therefore, spanwise variation in trans-
verse displacement (80 mm) due to the actuators could be
neglected. The actuators were simultaneously activated by a
sinusoidal signal with controllable frequency. The input volt-
age was generated by a simple asynchronous control system,
including a signal generator (Model DS345) and a dual-
channel piezo-driver amplifier (Trek PZD 700), as indicated
in Fig. 1(c).

A 127 mm diameter condenser microphone (B&K
4189), mounted flush with the center of the top wall of the
upper cavity [Fig. 1(a)], was used to measure the fluctuating
acoustic pressure inside the cavity. To analyze the control
effect on the flow field, one or two tungsten single hotwires
of 5 um in diameter, with wire aligned with z direction, were
deployed to measure the fluctuating flow velocity and
streamwise mean velocity. Figure 1(a) shows a typical ar-
rangement of one single wire case, placed at x/h=2 and
y/h=1.5. Furthermore, the fluctuating flow velocities along
x- and y-directions in the wake of the test model were mea-
sured using a 5 um tungsten X-wire. The measured flow
velocities were corrected using the method of Durgun and
Kafali,"” in view of the present blockage ratio (=11%). In
addition, the perturbation displacement (Y,) was measured
using a Polytec Series 3000 dual beam laser vibrometer [Fig.
1(a)]. After amplification, all measurement signals were re-
corded using a personal computer through a 12-bit AD board
at a sampling frequency of 6 kHz per channel. The duration
of each record was about 20 s.
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lll. UNCONTROLLED FLOW-ACOUSTIC INTERACTION

Uncontrolled flow-acoustic interactions were first exam-
ined to provide a baseline for comparison. As previously
mentioned, in the present setting, one would expect the
sound inside the cavity to be induced by both self-induced
resonance and vortex-induced resonance. It is therefore im-
portant to ensure that the two cases have very different criti-
cal flow velocities so that they can be separated. In view of
this, a test was first conducted before the installation of the
bluff body to investigate the variation of the frequency of the
shear layer (fg;) separated from the two cavities and SPL at
fs1 with the free-stream flow velocity U.,, as shown in Fig. 2.
It can be seen from Fig. 2(a) that fg; generally increased
with U... Two plateaus appear within the velocity ranges of
U,=20-26 m/s and U,=32-36 m/s [Fig. 2(a)], where fg
is locked-in to the first and third acoustic mode frequencies
of the cavity, i.e., f/(=193.4 Hz) and f]/(=576.2 Hz), re-
spectively. The first range matches the theoretical prediction
of the critical flow velocity corresponding to the first mode
resonance [U,=21.3 m/s, calculated from U,=f,Bm/
(4S1),"® with St=0.5 (Ref. 45)]. The SPL at fg; is rather high,
up to 126 dB, in the two lock-in ranges, suggesting the oc-
currence of strong resonance. Note that the second acoustic
resonance mode was not excited, which is consistent with the
analyses on acoustic resonance in a cavity with one closed
end by Morse.*

Similar experiments were repeated after the test model
was installed. Figure 3 illustrates the dependence of the fre-
quency of the vortices shed from the test model (f,), SPL at
f, and the magnitude of the power spectrum of the fluctuat-
ing flow velocity E at f, on the free-stream flow velocity
(U,). The hotwire was located at x/h=1 and y/h=0.75,
where the flow velocity fluctuation was observed to be very
strong. Although the lock-in phenomenon under the first-
mode acoustic resonance still exists, the flow velocity range
corresponding to f/(=193.4 Hz), ie., 83 m/s<U.<9.2
m/s, obviously becomes narrower, consistent with observa-
tion of Welsh er al..** Recall that the calculated f/(=193.2
Hz) is very close to the measured value and the calculated
U, (=8.5 m/s) lies in the lock-in range from 8.3 to 9.2 m/s,
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FIG. 3. Dependence of the frequency of the vortices shed from the test
model (f,), SPL at f; and the magnitude of the power spectrum of the
fluctuating flow velocity E at f, on the free-stream flow velocity (U..) in the
presence of the test model. The hot wire was located at x/h=1 and y/h
=0.75.

in reasonable agreement with the measurement. Furthermore,
for 8.3 m/s<U.,<9.2 m/s, the averaged SPL at f, is about
81 dB when the test model is installed (Fig. 3). Clearly, the
oscillations caused by self-induced resonance and the vortex-
induced resonance have very different critical flow velocities
so that their effects can be easily separated. The strongest
acoustic resonance was observed at U.,=8.53 m/s, corre-
sponding to a Reynolds number Re (=U,./ v, where v is the
kinematic viscosity) of 6200, where both the SPL at f, and
the E at f; reach their maximum value of 83 dB and 0.11,
respectively. This working condition was chosen as the con-
trol target in the following control tests.

IV. CONTROL PARAMETERS AND PERFORMANCES

Two important parameters, i.e., the perturbation fre-
quency f, and perturbation voltage V), of the controller need
to be determined. To this end, a series of tests was conducted
to document the effect of these two parameters on the SPL at
£, i.e., the strength of the vortex-induced acoustic resonance.
Figure 4(a) shows the variation of the SPL at f,, and the root
mean square (rms) value of perturbation displacement ¥
with f,,. A maximum permissible voltage, with a rms value
Voms=141 'V, was applied to the actuators as f, varied
within 0—90 Hz. In this low frequency range, the noise gen-
erated by the actuator itself, if any, was undetectable by the
microphone. Compared with the unperturbed case (f,
=0 Hz and V=0 V), the SPL at /5 was reduced when the
actuation was employed. The maximum attenuation occurred
at f,=30 Hz, resulting in a reduction of 8.2 dB in the SPL.
At a fixed f,(=30 Hz), Fig. 4(b) shows the variation of the
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SPL at f] and Y prms With Voo It can be seen that the SPL at
f,, monotonously decreased as Vorms Was increased from
0 to 141 V. Obviously, a greater actuation voltage is desir-
able. Further iterations between f, and V., failed to im-
prove the control performance significantly, implying that the
combination of f,=30 Hz with V=141 V were the opti-
mum parameters for the asynchronous controller. In fact, the
natural frequency of the actuator presently used was de-
signed to be around 30 Hz, at which the rms value of the
perturbation displacement Y, was largest, up to about
0.64 mm [Fig. 4(a)]. In addition, ¥ increased monoto-
nously with V., [Fig. 4(b)], though not linearly.”® The large
Y rms may partially account for the better control authority at
Jf»=30 Hz and V,,;,;=141 V over other combinations of f,
and V., Unless otherwise stated, this optimum set of pa-
rameters was used in the experiments hereinafter. The power
spectral density of the surface oscillating velocity was mea-
sured using the laser vibrometer, as shown in Fig. 5. It has
been observed that the actuation-produced surface oscillation
is predominately controlled by its first harmonic component
at 30 Hz. Other harmonics are all below 4% of the dominant
frequency. Therefore, the surface motion could be approxi-
mately considered to be simple harmonic.

The control performance of the above tuned asynchro-
nous controller was further evaluated in terms of the power
spectrum of SPL at f/. Figure 6 shows the results, with and
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FIG. 5. Power spectrum of perturbation when the perturbation frequency f),
was 30 Hz and rms value of perturbation voltage Vi is 141 V.

without control, at Re=6200. Four evident peaks in the SPL-
spectrum appear in the absence of control, corresponding to
the natural frequency of shear layer separation, i.e., f;, the
frequencies of the first, third, and fifth cavity acoustic modes,
ie., f(; (=vortex shedding frequency f i f(s)*
respectively. The asterisk used in this paper denotes the nor-
malization of frequency f by h and U., i.e., f*=fh/U.. As
mentioned before, only odd modes of the cavity appear Fig-
ure 6 shows that, under control, the SPL at f = f decreases
from 83 to 74.8 dB, although a small peak at f; =0.039
emerges, apparently due to the excitation. In addition, reduc-
tions in the SPL at f "* and fi > are also noticeable. Gener-
ally, the control was ‘deemed to be effective.

V. DISCUSSIONS

To understand the underlying physics, the perturbation
effect on the flow field in the wake of the test model was
examined. Figure 7 displays the power spectrum, E, of fluc-
tuating flow velocity with and without perturbation. The
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FIG. 6. Spectrum of SPL with and without perturbation. The perturbation
frequency and the rms value of perturbation voltage were 30 Hz and 141 V,
respectively. Re=6200.
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spectra were normalized in this paper so that [jE(f)df=1.
The hotwire was placed at x/h=1.5 and y/h=1. Without
perturbation, a pronounced peak, due to vortex shedding
from the test model, occurred at f f *=0.25 in E. The
peak magnitude at f was 0.065. Upon the deployment of
control, the peak magnitude at fs was reduced to 0.039 or
around 5 dB, i.e., 60% of its unperturbed counterpart, sug-
gesting an effective impairment in the energy of the vortices.
In order to make sure the control does not affect the flow
only locally, Fig. 8 compares the cross-flow distributions of
the mean velocity U* and the Reynolds stresses u?*, v?*, and
uv™ measured by an X-wire at x/h=2 with and without per-

turbation. Compared with the unperturbed case, the mini-

mum U* and maximum #%* s v%* and uv* exhibit a consider-

able decrease by 9.3%, 21.6%, 36.7%, and 38.9%,
respectively. The similar control effect is still discernible at
x/h=5, as shown in Fig. 9. Clearly, the vortex strength in the
wake of the model is impaired. The increased mean velocity

deficit in U* is related to the decreased entrainment of high
speed fluid from the free- stream which is induced by the
weakened Vortex strength ? Furthermore, the reduced maxi-
mum «?*, v** and uv* may be ascribed to the impaired vor-
tex strength.

It is pertinent to mention that the ability of the present
technique in suppressing vortex formation from bluff bodies
and reducing vorticity has been demonstrated using exten-
sive particle image velocimetry (PIV) measurement in the
past.3 39 Although the present test model differs from the
ones used in the previous studies, the basic phenomenon
should remain the same. According to Howe’s vortex sound
theory,3 the reduction in vortex circulation strength is respon-
sible for the noise source reduction.

Insight may be better gained into the impairment in the
vortex strength by examining how the flow around the test
model evolves and responds to the control. Figure 10 shows
the control effect on the fluctuating flow velocity spectrum E
at different streamwise locations with constant y/h=0.75.
Before perturbation, a very small peak in E (0.0014 in mag-
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FIG. 8. Cross-flow distribution of mean streamwise flow velocity and Rey-
nolds stresses at x/h=2: (a) U*, (b) u®*, (c) v2*, (d) uv*. Re=6200.

nitude) appears at f;*, as the hotwire is located above the
leading edge of the test model, i.e., x/h=-4 and y/h=0.75
[Fig. 10(a)]. Toward the trailing edge, the magnitude of E at
f;* continually increases, though still rather small until the
hotwire reaches the model trailing edge at x/h=0 and y/h
=0.75 [Figs. 10(b)—10(e)]. The peak value of E at f under-
goes drastic changes behind the trailing edge of the test
model at x/h=1, jumping from 0.011 to 0.11 [Fig. 10(f)],
where the peaks at the second and third harmonics of f'*
ie., ﬂ " and f , are also evident. The measured E at f

progressively decreases with the increasing x/h but remains
much larger than those at x/h<0 [Figs. 10(g)-10()]. The
modification in unperturbed E at f;* can be attributed to the
evolution of vortex shedding from the test model. These ob-
servations are, in fact, consistent with numerical findings re-
ported by Hourigan et al.”" and Mills er al.,”* who observed
that flow over an elongated bluff body separated from the
plate leading edge and formed vortices. The vortices then
reattached on the plate surface and continually moved along
it until reaching the plate trailing edge, where they were shed
into the wake. On the other hand, as a leading edge vortex
approached the trailing edge, the redeveloped thin boundary
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layer in front of it would also separate at the plate trailing
edge and rolled up to form a trailing-edge vortex of like sign.
The vortices from the leading and trailing edges interact and
their interaction occurs alternately on each side of the plate at
the upper and lower trailing-edge corners, resulting in a pair
of regular vortex streets in the wake. In the present case, the
frequency of vortex shedding from the leading/trailing edge
is locked-in with f;~53 In addition, the strength of the trailing-
edge vortex was much higher than that of the leading edge
vortex.” This could explain the small peaks in E at f;* over
the plate surface and the jump in E at f;* in the wake of the
model. Once the perturbation was applied, the perturbation
disturbed the redeveloped boundary layer on the plate from
which the trailing-edge vortices formed, resulting in a sig-
nificant reduction in the energy of vortices, especially in the
wake of the model (Fig. 10). This statement can be further
substantiated by using a more accurate method to quantify
the variation in Ey associated with f;* by integrating E over
a =3 dB bandwidth about f;* in Fig. 10. The percentage ()
of energy reduction under control, compared with the uncon-
trolled case, at different locations are calculated and shown
in Fig. 11. It can be seen that the reduction in Ej,y is most
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pronounced at the trailing edge near the model; for example,
6 are about 67%, 57%, and 51%, corresponding to x/h=1, 2,
and 3, respectively. The impaired vortices near the model
may be possibly responsible for the considerable decrease in
the SPL at f;, consistent with the results in Fig. 5.
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FIG. 11. Comparison in the energy reduction percentage (5) of the fluctu-
ating flow velocity at different streamwise locations (y/h=0.75). Re=6200.
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From the results in Figs. 10 and 11, one may surmise
that the weakened vortex street results from the impaired
strength of the dominant trailing-edge vortex. To confirm
this, the streamwise mean flow velocity above the surface of
the model was measured under control (y/h=0.75), as indi-

cated in Fig. 12. The measured flow velocity U, exceeds the

unperturbed velocity U, by about 5% at x/h=-3 to 0. The
typical time history of the streamwise total flow velocity
signal U, measured by the hotwire placed at x/h=-3 and
y/h=0.75, highlights an increase in U, once the perturbation
is introduced (Fig. 13). The perturbation displacement
(Y prms=0.64 mm) will pump energy into the boundary layer
over the plate and lead to transition to turbulence and subse-
quently early reattachment of the leading edge vortices. This
transition may entrain high-speed free-stream fluid to the
flow near the plate and increase U,. Furthermore, the en-
hanced U, may accelerate the advection of the leading edge
vortex along the model surface, as confirmed by the per-
turbation effect on the phase shift ¢, ,, (Fig. 14) between
two streamwise flow velocities, u#; and u,, simultaneously
measured using two single hotwires above the model lead-

Perturbation on

U (m/s)

_5 o 1b ) 15 20
t(s)
FIG. 13. Typical transition of the total streamwise flow velocity signal U

when the perturbation was switched off and on. The hotwire was located at
x/h==3 and y/h=0.75. Re=6200.
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ing edge (x/h=-4, y/h=0.75) and trailing edge (x/h
=0, y/h=0.75), respectively. Here, ¢, ity is defined by
Gu [ =tan™(Qy ,/ Coy,,)], Where Co, ,,, and Q,, ,,, are the
cospectrum and quadrature spectrum of u; and u,, respec-
tively. The cross-spectrum was computed from the Fourier
transform of the correlation u,(t+ 7u,(1).*® Obviously, buu,
at f;* decreases from 2.6 to 1.7 after perturbation. The com-
parison in ¢”1”2 was conducted within 1 cycle of leading
edge vortex shedding since w/h was designed such that only
one vortex separated from the leading edge of the plate is
developed along the plate at any instant.* The decreased
d’ul"z implies less time for a vortex to travel from the leading
edge to the trailing edge under control. In a test carried out in
a water tunnel, Mills et al.>? introduced a transverse distur-
bance through the oscillation of the top and bottom walls of
the working section to disturb the flow field around a rectan-
gular plate with w/h=6-10. Before control, they found that
the undisturbed leading edge vortices always passed the plate
trailing edge at the same time in one cycle as the leading
edge vortex shedding regardless of the w/h value. They fur-
ther observed that, for steady flow, as the leading edge vor-
tices on one side of the plate passed the corresponding
trailing-edge corner, the reattached boundary layer adjacent
to the other trailing-edge corner began to roll up, forming
trailing-edge vortices, which alternately occurred on both
sides of the plate. Based on the observations, they success-
fully impaired trailing-edge vortices by controlling the dis-
turbance phase within a full disturbance cycle as the leading
edge vortices reached the trailing-edge corner. By doing so,
the disturbed leading edge vortices at one trailing-edge cor-
ner could move downward or upward to interfere with the
initial rollup motion of the redeveloped boundary layer from
another trailing-edge corner, thus greatly reducing the vortex
strength of trailing-edge vortices. Similarly, the present ac-
celerated leading edge vortices on the upper side of the plate
may interact with the redeveloped boundary layer separated
from the lower trailing-edge corner. Without perturbation,
the interaction/disturbance will not occur because the upper
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leading edge vortices and lower trailing-edge vortices cannot
simultaneously appear near their corresponding trailing-
edges. This disturbance of upper leading edge vortices effec-
tively perturbs the rollup of lower trailing-edge vortices by
collision, leading to the impaired strength of lower trailing-
edge vortices.

As seen in Figs. 8 and 9, the perturbation on the upper
side of the model has the equal effect on either side of the
wake centerline. This has been observed in other cases® and
is attributed to the steady formation of vortex streets. In fact,
vortex shedding is a result of initial wake instability.55 In
order to form a stable vortex street, it is essential for the two
oppositely signed vortices separating from the cylinder to
have approximately the same strength through interactions.”®
Therefore, vortex shedding from both sides of the plate ap-
pears equally affected.

From a different perspective, the weakened wake behind
the model was shown to result in a modification in flow-
acoustic correlation. As a matter of fact, the spectral coher-
ence between the fluctuating flow velocity (u) and the fluc-
tuating acoustic pressure (p) showed that the strong
correlation between vortex shedding from the model and the
first acoustic mode of the cavities receded once the perturba-
tion is introduced.

Based on the above analyses, an interpretation for the
impaired vortex-induced acoustic resonance mechanism is
now proposed. The vortex-induced acoustic resonance origi-
nates from the strong interaction between the coupled vorti-
ces shed from both leading and trailing-edges of the bluff
body and the first acoustic mode of the cavities. The trailing-
edge vortex overwhelms the leading edge vortex in terms of
the vortex strength. The asynchronous controlled surface per-
turbation accelerates the advection of the reattached leading
edge vortices along the model surface and thus disturbs the
formation of the trailing-edge vortices, leading to a signifi-
cant reduction in the vortex strength in the wake of the
model. The whole process results in an effective impairment
in the flow-acoustic interaction and subsequently the vortex-
induced acoustic resonance.

V1. CONCLUSIONS

Control of vortex-induced acoustic resonance has been
experimentally investigated using a perturbation technique.
The investigation leads to following conclusions.

(1) Vortex-induced acoustic resonance may be effectively
controlled using an imbedded piezo-electric actuator
along with an asynchronous control system; the SPL at
the first acoustic resonance was reduced by 8.2 dB.

(2) Analyses of the measured data suggest that the effective
control lies in the modification of the vortex strength in
the wake of the bluff body. The vortex-induced acoustic
resonance results from strong interactions between vor-
tices originated from both leading and trailing-edges of
the plate and the acoustic mode of the downstream axi-
symmetric cavities. The convection of the vortex origi-
nated from the leading edge along the plate surface was
accelerated by the controllable surface perturbation. This
subsequently changes the initial conditions in the forma-
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tion of the trailing-edge vortex and further enables a vig-
orous interaction between the two types of vortices, thus
weakening remarkably the vortex strength in the wake of
the plate and hence the flow-acoustic interaction.
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Green’s function approximation from cross-correlation of active

sources in the ocean
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Green’s function approximation via ocean noise cross-correlation, referred to here as ocean acoustic
interferometry, has been demonstrated experimentally for passive noise sources. Active sources
offer the advantages of higher frequencies, controllability, and continuous monitoring. Experimental
ocean acoustic interferometry is described here for two active source configurations: a source
lowered vertically and one towed horizontally. Results are compared and contrasted with
cross-correlations of passive noise. The results, in particular, differences between the empirical
Green’s function estimates and simulated Green’s functions, are explained with reference to theory
and simulations. Approximation of direct paths is shown to be consistently good for each source
configuration. Secondary (surface reflection) paths are shown to be more accurate for hydrophones

with a greater horizontal separation.
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I. INTRODUCTION

Using passive noise, good estimates of the acoustic
Green’s function between two points can be determined from
cross-correlation of sound in the ocean,'™® a technique re-
ferred to as ocean acoustic interferometry (OAI). This con-
cept has been applied across a broad range of physical scales
in different media including ultrasonic noise,7 ambient noise
in a homogeneous medium,8 seismic noise,g_13 moon-seismic
rloise,14 human skeletal muscle rloise,15 and general fluid-
solid systems.16 Noise interferometry is good at obtaining the
travel time part of the Green’s function, and it is common to
estimate both group and phase velocities.'>"> Green’s func-
tion estimates can be useful for inferring information about
the environment through which the acoustic transmission
takes place.g’14 Since noise is ever-present, noise interferom-
etry is also potentially useful for the continuous monitoring
of changes in the environment."”> Green’s function ampli-
tudes from noise are more difficult to extract,3 as will be
shown in Sec. II; however, some progress has been made in
this area.'”"® Noise interferometry extracts the Green’s func-
tion directly from the data, which requires time-averaging
while the active or passive noise builds up. A stationary en-
vironment is therefore assumed. Media can, however, be in-
homogeneous (including range dependence). In fact, a more
complicated environment is beneficial, as the scattering tends
to create a more isotropic field.

Based on theoretical and numerical analysis, active
source interferometry has been suggested as an alternative
method for Green’s function estimation. Although active
OALI has similar difficulties with extracting amplitude infor-
mation as passive techniques, it does present a number of
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advantages, including the use of higher frequencies (larger
bandwidth gives sharper arrivals), controllability, and con-
tinuous monitoring. Greater knowledge of the contributing
sources also means that more realistic simulated data can be
produced.

To obtain an accurate representation of the Green’s func-
tion, sound waves must propagate isotropically.21 An active
set of sources surrounding the receivers could potentially
achieve this. However, only sources that emit acoustic paths
passing through both receivers contribute to the Green’s
function.™ These sources are all located in the end-fire
plane, where end-fire is defined here as within the vertical
plane containing both receivers (i.e., the plane defined by the
vertical and horizontal arrays). Due to the technical complex-
ity of surrounding the receivers completely, two simpler ac-
tive source configurations are investigated here: (1) a source
lowered through the water column at end-fire to a set of
receivers, a configuration previously examined theoretically
and through simulation;l’5 (2) a source towed at a constant
depth along the end-fire direction. A single empirical Green’s
function (EGF) is extracted between any two receivers in the
array, thus there is no array processing performed. Active
sources with similar geometries have been used elsewhere as
a guide source to reduce the environment effects.”? This is
contrary to the approach taken here where unknown details
of the propagation region are actually included in the EGF
estimate.

To understand the salient features of EGF extraction in
relation to the environment and source/receiver geometry, it
is analyzed in Sec. II using ray theory and stationary phase.
Although a homogeneous medium is assumed in the theory,
the stationary phase argument does generalize to a heteroge-
neous medium, which may include varying sound speed pro-
files (SSPs),'” as well as range dependent characteristics.
Wavenumber integlration23 is used in Sec. III for the accurate
modeling of the received waveforms in the experimental
range independent environment.

© 2009 Acoustical Society of America
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FIG. 1. Source-receiver geometry and notation. Receivers A and B define
the y=0 plane, and source S is located within the waveguide of depth D, but
is otherwise unrestricted.

The Shallow Water 2006 (SW06) experiments provided
an opportunity to collect experimental data on a single array
of ocean hydrophones for both active and passive source
OAL and as such, provide a unique set of data for analysis
and comparison of the different source types. In Sec. III,
EGFs obtained using the two active source configurations
(source lowering and towed source) are compared and con-
trasted with EGFs of noise emitted by the ship from which
the source was lowered, and also with EGFs from a noise
field dominated by waves and shipping. The active source
experiments were performed in seas with 2—2.5 m swell,
residual effects from the passing of a tropical storm the day
before.** Although conditions hindered controllability of
the experiments, and the extracted EGFs may have fluctuated
more than usual, meaningful results were still obtained. The
relative merits of different source types and receiver loca-
tions are evaluated through examination of the experimental
results, and by relating these findings to the theory.

Il. BACKGROUND THEORY

Consider the isovelocity waveguide depicted in Fig. 1.
The x, y, and z directions are defined as the horizontal axis,
the axis in-and-out of the page, and the vertical axis, respec-
tively. Cross-correlation of the signals received at A and B
from a source at S yields

Cap(®) = p}|S(@)"G(r,15)G*(r,1s), (1)

where o is angular frequency, S(w) is the source spectrum,
ps is the density of the medium, G(r,,rs) is the Green’s
function between the source S, and receiver ¢, and * denotes
the complex conjugate.

The sum of the cross-correlations over a set of sources

iSS,19

Cap(w) = |PsS(w)|2” f G(ry,r5)G*(rp,rg)ds, (2)

where n is the number of sources per unit length (line
source), area (planar source), or volume (volume source),
and the integral is over the source line, plane, or volume.

In OAI, both the causal and acausal Green’s functions,
G(r,,rp) and G*(r,,rp), respectively, are extracted from the
cross-correlation, Cyz(w):
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G(ry,rp) — G*(ry,rp) = f(Cap(w)). (3)

If the source is only on one side of both A and B, then only
the causal Green’s function is extracted. The relating func-
tion f depends on the physical properties of the medium and
the source distribution, as well as the dimension of the wave
propagation. Its origin and form are explored here from a
stationary phase perspective for four different source types:

(1) active source lowered vertically over the depth of the
waveguide at a location end-fire to the array, modeled as
a vertical line of end-fire sources ([dS~ [dz);

(2) active source towed along the end-fire direction at a con-
stant depth z, modeled as a horizontal line of sources at
end-fire ([dS~ [dx);

(3) stationary ship source, modeled as an “extended” point
source [ [dS~ [&(x,y)dS]; and

(4) ambient noise field, modeled as a horizontal plane of
sources at a shallow depth z (fdS~ [ [dxdy).

The first two cases, which are of main interest here, are
described in Sec. II A. The two latter cases, which are in-
cluded only for comparative purposes, are briefly described
in Sec. II B.

A. Cross-correlations for active sources

The phase of the integral term in Eq. (2) oscillates rap-
idly relative to the amplitude, and hence the integrand aver-
ages to almost zero except at points where its phase term is
stationary (i.e., where the phase term has an extremum). The
integrand can therefore be evaluated via the method of sta-
tionary phase; the integral is estimated in the neighborhood
of the points where the phase term is stationary (at these
locations the source is said to be located at a stationary point)
and the contributions are then summed over all the stationary
points. Stationary phase solutions to Eq. (2) have been de-
rived elsewhere for  various source configura-
tions,™”*"* and hence full derivations are not presented
here. The stationary phase solution assuming three-
dimensional (3D)-wave propagation, for a vertical line of
sources at end-fire, source type 1, is?

[Pt G R (2y))

sin ¢y

Chp(w) = in|S(w)* 2 ( _g (8Z7:Z))
4)

and for a horizontal line of sources at end-fire, source type 2,
. 1921
is

I‘bAA,st"'bB,slp? Gf(R (xst))

cos ¢

f(xst)c )

- 8miw

Ciplw) = inlS(w)|22 (
(5)

where z, and x are the vertical and horizontal end-fire sta-
tionary points, respectively, I is the bottom reflection coef-
ficient, by, is the number of bottom reflections for the path
between the source S, located at stationary point pg, (either zy
or xy), and the receiver ¢ (where y)=A or B), R(py) is the
difference in path lengths from the source, at p, to each of
receivers A and B, G{(R)=¢*/47R is the 3D Green’s func-
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tion within a homogeneous medium, ¢, is the acute angle
between the ray path and the vertical (see Fig. 1), ¢
=(1/Lg)—(1/L,), Ly is the length of the given path S and ¢,
and c is the speed of sound in the medium. The 3D Green’s
function within a homogeneous medium, Gf(R), differs from
the true Green’s function for a particular path between A and
B, C(R), in that it does not incorporate the path dependent
amplitude reduction due to bottom reflections:’

G(R(p)) =T"G{R(py)), (6)

where by is the number of bottom reflections for the arrival
between A and B corresponding to the stationary point p.
The solutions for the line sources, Egs. (4) and (5) differ only
in the trigonometric function of the acute ray angle (1/sin ¢,
versus 1/cos ¢,), and the locations of stationarity.

The cross-correlation sums in Egs. (4) and (5) are
achieved experimentally by lowering a source through the
water column (C} ), or towing it at end-fire to a hydrophone
array (C3,), and then summing the cross-correlations
throughout the period of source movement. An approxima-
tion to the Green’s function, the EGF, g°P, is then obtained
from the cross-correlations:

emp _ ,/'_Cobs 7
8 = NIwlyp, (7)

where C3 is either C}, (vertical) or C5, (horizontal). The
sources are only on one side of the array, and hence only the
causal part of the Green’s function is approximated. The con-
stants (n, p,, ¢, 7, and numeric factors) and frequency de-
pendent source term S(w) of Egs. (4) and (5) can also be
accounted for when comparing g™ with the true Green’s
function, but path dependent factors (I'?4**5, ¢, L,, and Lp)
are more difficult to account for and are therefore neglected.
Hence, the EGF obtained will not give correct amplitudes
but should provide accurate arrival times.

Spurious arrivals, defined as peaks in the cross-
correlation function at times not corresponding to Green’s
function path travel times, can occur for each source geom-
etry. For the horizontal line configuration, spurious arrivals
will result due to stationary phase contributions from cross-
correlations between waves that initially undergo a surface
reflection and ones that do not (for an isovelocity water col-
umn, one wave departs at an angle of ¢ from the horizontal,
and the other departs at an angle of —¢).3 If the source is
close to the sea surface, the spurious peaks converge to the
same time delay as the true Green’s function paths; however,
they are 7 out of phase and will therefore result in shading of
the Green’s function.” For the vertical line configuration,
spurious arrivals will result when the line integral does not
extend from the sea surface through the ocean and underly-
ing sediments to the acoustic penetration depth.5

B. Stationary ship and ambient noise
For a point source (source type 3), Eq. (2) simplifies to
|pS(w)|2I~bA+hBeik(LA—LB)

167 L,Ly

Crplw) = (8)

In general L,—Lp is less than the inter-receiver path length
and therefore arrival times are underestimated. Although the
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stationary ship source is larger than a point source, the area
of integration in Eq. (2) is small, and therefore it is not a true
Green’s function estimate. However, if the ship is close to a
stationary path it may provide a good approximation of that
path:

5=, 9)

where CS% is C3,. For a particular path p, as the ship ap-
proaches the corresponding stationary point, the component
of the EGF corresponding to path p approaches the path p
component of the Green’s function between A and B.

Ship noise cross-correlations will only converge to the
arrival structure of the Green’s function when averaged over
several ship tracks, hence the consideration of ship and wave
dominated ambient noise (source type 4). For a horizontal
plane of sources the stationary phase solution to Eq. (2) is
(Refs. 3 and 6)

Crp(w) = in|S(w)]* > (
Xst

b o+
r A,st B,Stcps
2w cos ¢y

where y, are the horizontal planar stationary points and all
other parameters are the same as for Egs. (4) and (5).

Since this source distribution surrounds the hydro-
phones, both the causal and acausal Green’s functions are
approximated:

gEMP — P = wCX%S. (11)

Gf(R(Xst))> . (10)

lll. EXPERIMENT
A. Data collection

The SW06 experiments were an Office of Naval Re-
search sponsored set of low and medium frequency acoustic
experiments conducted off the northeast coast of the United
States. The acoustic data considered here were collected on
an L-shaped array [geometry shown in Fig. 2(a)] located in
water approximately 70 m deep. This allowed for many hy-
drophone pair geometries. Hydrophones 1-10 (H-1-H-10)
constituted the vertical line array (VLA). They were evenly
spaced at 5.95 m intervals, the lowest, H-10, being 4.65 m
above the seafloor. H-13—H-32 constituted the 256.43 m long
seafloor mounted horizontal line array (HLA). H-13 was lo-
cated 7.795 m from the VLA. Spacing between subsequent
HLA hydrophones decreased from 20.32 m at this end to
8.33 m at the array tail.

Data from four source types were recorded:

(1) 1200-2900 Hz one second duration continuous linear
frequency modulated (LFM) signal emitted by an omni-
directional source lowered from 9.8—60 m at a constant
rate of 1 m/min, at a location 466 m from the VLA, in
the end-fire plane [see source lowering geometry and
location in Figs. 2(a) and 2(b)];

(2) 1200-2900 Hz one second duration continuous LFM
signal emitted by an omnidirectional source held at 10 m
depth towed at 1 kn toward the array in the end-fire
plane, from a distance of 1.5 km from the VLA, to a
location mid-way between H-16 and H-30 [see towed
source geometry and location in Figs. 2(a) and 2(b)];
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FIG. 2. (a) Source and receiver geometries: array hydrophones shown as
circles, and ship location is during source lowering. (b) Plan view of array
(VLA labeled, asterisk marks far end of HLA) and source geometries
(source towed from WP40 to WP41, and lowered at WP42). (c) SSPs from
CTDs 42-44 (black dotted, gray solid, and gray dotted lines, respectively),
and assumed SSP for modeling (black solid line).

(3) 20—100 Hz noise generated by the deployment vessel
R/V Knorr [location shown in Fig. 2(a)] during the
source lowering experiment; and

(4) 20—-100 Hz ship and wave dominated ambient noise.’

The ship and wave dominated noise data, source type 4, were
collected during tropical storm Ernesto over the entire day of
September 2, and data from source types 1-3 were collected
on the afternoon of September 3, 2006. There was little
wind, but there was a residual swell of 2—2.5 m, as well as
strong inhomogeneity in the ocean due to the previous day’s
storm. These made it difficult to move the active source
along the desired tracks. SSPs were recorded from three
CTD-casts (conductivity, temperature, and depth) obtained
before, during, and after the experiments on September 3, as
shown in Fig. 2(c), along with a simpler SSP used for simu-
lations. The September 2 storm would have increased mixing
in the upper layer and hence the SSP would have changed
throughout the day, the most noticeable aspect of which
would have been the formation of a steeper thermocline.
However, the adverse weather conditions meant that no
CTD-casts could be obtained during this period. The Sep-
tember 2 data are therefore analyzed here using simulated
travel times derived from the September 3 model SSP.

B. Data analysis

Active source data from all hydrophone pairs were
bandpass filtered to 1200—2900 Hz, and ship and wave noise
data were bandpass filtered to 20—100 Hz. The ship and
wave dominated ambient noise data were then one-bit nor-
malized in the time domain (i.e., amplitude was discarded
but sign, or phase, of the waveform was retained), bandpass
filtered once again, and spectrally whitened by inversely
weighting the frequency domain data with a smooth version
of their amplitude spectra within the bandpass frequency.
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The active source and stationary ship data did not require
normalization since variations in the source amplitude and
phase characteristics were negligible throughout each experi-
ment.

The preprocessed data were cross-correlated over short
time intervals, and then summed over the period of collec-
tion for each source type. As specified in Sec. II, a raw
summed cross-correlation [see Eqgs. (4), (5), and (10)] yields
a phase and amplitude shaded Green’s function approxima-
tion. Corrections to the phase shading and frequency depen-
dent components for source types 1 and 2 were made. Al-
though source type 3 also has a phase shift, it is geometry
dependent, due to the length discrepancy in the exponential
of Eq. (8), and therefore no correction factors were applied.
Inclusion of the appropriate phase correction is, henceforth,
implicit in the term “cross-correlation.”

The cross-correlation sum corresponds to the EGF (see
Sec. II). The normalized EGFs of the cross-correlations be-
tween H-30 and all other hydrophones are plotted in Fig. 3
overlying a pseudocolor plot of their envelopes for the four
source types in Sec. III A. Simulated direct (D), surface re-
flected (S), surface-bottom reflected (SB, VLA only), and
surface-bottom-surface reflected (SBS) path travel times,
which were determined using OASES,” are overlaid as
dash-dotted lines for comparison. The simulations use the
simplified SSP of Fig. 2(c), and assume a 20 m deep sedi-
ment layer (¢c=1650 m/s, a=2.7 dB/\, p=1.85 g/cm’)
overlying a basement (c=1900 m/s, «=2.0dB/\, p
=2.0 g/cm?). These geoacoustic parameters, inferred at the
active source frequencies from geoacoustic inversion results
at the array site,”® correspond to a critical angle of 25°.
Lower values of the sediment attenuation, which would be
expected in the general region27 or at lower frequencies,
show small peaks in the Green’s function corresponding to
reflections from the sediment-basement interface (not
shown).

The ship dominated ambient noise results, as shown in
Fig. 3(d), have both causal and acausal components because
the sound comes from all directions, though only the first
0.05 s of the acausal signal is shown here. Results from the
other three configurations, shown in Figs. 3(a)-3(c), have
sound traveling in one direction only, left to right from the
perspective of Fig. 2(a), and therefore produce a one-sided
EGF. The stationary ship EGF, (c), and ship and wave domi-
nated ambient noise EGF, (d), show broader peaks than the
active source results, (a) and (b), due to the lower frequen-
cies of the ship (20—100 Hz compared to the 1200—-2900 Hz
active source frequencies).

The EGF envelopes for all source types, as shown in
Fig. 3, exhibit distinct peaks at times agreeing with the simu-
lated direct inter-hydrophone travel times. The times corre-
sponding to these peaks are compared in Fig. 4(a). Simulated
travel times are subtracted from these times, and the result-
ing time differences are shown in Fig. 4(b). Minimal varia-
tions are seen for all HLA hydrophone combinations, though
the stationary ship peak time differences (c) are generally
greater than the others, which is due to the discrete nature of
the source location; no signals from the source pass through
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FIG. 3. (Color online) EGFs (black, normalized to their maximum value) between H-30 and all other hydrophones overlying pseudocolor plots of their
envelopes (dB relative to maximum value) for (a) source lowering, (b) towed source, (c) stationary ship, and (d) causal ambient noise. The lower traces (below
the dashed line) are from cross-correlations with HLA hydrophones; their distance from H-30 is on the left axis. The upper traces are from cross-correlations
with VLA hydrophones; their vertical distance from the seafloor is on the right axis The dash-dot lines are simulated travel times.

the location of the first hydrophone, on their way to the sec-
ond hydrophone, with a direct path in between.

The variation in the EGF peak times corresponding to
the direct arrivals between the hydrophones are notably
larger for the VLA. Due to their location, the VLA hydro-
phones are more sensitive to environmental variations and
more susceptible to movement than their HLA counterparts.

The EGF peaks corresponding to the surface reflected
arrivals in Fig. 3 show more variation than the direct path
peaks, but due to the lower grazing angles, are consistently
more accurate for hydrophones with a greater horizontal
separation. The towed source and ambient noise results,
shown in Figs. 3(b) and 3(d), respectively, show a surface
reflection peak for all ranges larger than 40 m from H-30.
The source lowering, shown in Fig. 3(a), exhibit peaks at
slightly early times for ranges larger than 150 m from H-30.
For ranges less than 150 m, peak times diverge from the
simulated values. The stationary ship results, shown in Fig.
3(c), show an arrival peak for ranges greater than 100 m, but
the VLA arrivals are less clear.

The amplitudes of the EGF peaks are greatest, relative to
the background noise, for the active source cross-
correlations. This is due to high levels of coherently propa-
gating noise which result from the close proximity of the
source and the even distribution of the source over the active
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source line integrals. Unlike the other source configurations,
the towed source results in Fig. 3(b) show a peak in the EGF
at an arrival time earlier than the direct path for all distances.
The reason for this apparent early arrival is explained in Sec.
1B 2.

To explain the features of the EGFs of Fig. 3, OAI data
for one hydrophone pair, H-30 and H-5, will be examined in
detail for each source type in the coming sections.

1. Source lowered vertically

The theoretical vertical line source description in Sec. II
assumes a set of sources that is uniformly distributed along
the line.” The single source used here was slowly lowered,
but was only at one location at any time. The line source
configuration was therefore obtained by cross-correlating
data over short time intervals and summing these cross-
correlations. Thus, while the cross-correlations over depth
are described here, it is only the summed cross-correlations
which are used to approximate the EGF. This EGF approxi-
mation could instead have been implemented as one large
cross-correlation.

The geometry of the source lowering, as well as the
stationary point travel paths and surface and bottom sources
that converge to the stationary points for H-5 and H-30, are
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shown in Fig. 5. Ideally a source should be lowered through
the water column and sediment,5 1% but due to experimental
restrictions the source could only be lowered from 9.8—60 m
(8.5 m above the seafloor).

Correlation gathers of 100 s duration between H-5 and

(a)
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FIG. 5. (Color online) Source lowering. (a) Source (far left) is lowered from
9.8—60 m, and signals are recorded on H-5 and H-30 (solid circles). (b)—(g)
Source-receiver geometry and stationary point paths for (b) direct, (d) sur-
face, and (f) surface-bottom paths. (c), (€), and (g) are the surface (S,) and
bottom (S,) source to receiver paths that converge to the stationary point
paths in (b), (d), and (f), respectively.
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FIG. 6. (Color online) Correlation gathers for source lowering: (a) experi-
mental, (b) simulated, and (c) extract of simulated data. The solid circles
correspond to time differences between the surface and bottom source paths
to H-5 and H-30 [Figs. 5(c), 5(e), and 5(g)], and the transparent circles in (c)
correspond to the direct and surface reflection stationary points in Figs. 5(b)
and 5(d).

H-30 are shown as a function of depth for experimental data
in Fig. 6(a), and data simulated using OASES in Figs. 6(b)
and 6(c). Cross-correlation peaks occur at the time differ-
ences between paths from the source to each hydrophone.
The direct path between H-30 and H-5 is extracted from the
cross-correlation of the direct path from the source to H-30
and the bottom reflected path to H-5 [see Figs. 5(b) and
5(c)]. The simulated time differences between these paths for
sources at the top or bottom of the waveguide [Fig. 5(c)] are
depicted in Fig. 6 as the first set of solid circles (0.16 s). The
curve of maxima connecting these circles corresponds to the
time difference between these paths for each source depth.
The time difference increases to a stationary point at ~40 m
depth [circle in Fig. 6(c)]. This stationary point occurs when
the path to the second hydrophone (H-5) passes through the
first hydrophone (H-30) [Fig. 5(b)]; i.e., the two paths have a
travel time difference equivalent to the direct arrival between
H-30 and H-5.

The surface and surface-bottom reflected arrivals be-
tween two hydrophones can be analyzed similar to the direct
arrival as shown in Fig. 5 and marked with circles in Fig. 6.

Contributions to the EGF at the surface and bottom will
generally cancel. Consider the four paths that converge at the
surface of the waveguide to the direct path to H-30 and bot-
tom reflected to H-5 [first circle (c) S, in Fig. 6(c)], as shown
in detail with schematics of the paths that converge to this
point in Fig. 7. The cross-correlations of paths (b) and (e) are
in phase (one surface reflection each) and their amplitudes
are equal in amplitude at the convergence point. Since the
path length difference of (b) increases towards the surface,
and that of (e) decreases towards the surface, and their rates
of change are also the same, the cross-correlation peaks due
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FIG. 7. (Color online) Close-up view of the simulated correlation gathers
[Fig. 6(c)], showing the direct path to H-30 and bottom reflected to H-5
surface convergence point (a), and the four sets of paths that converge to this
point (b)—(e).

to these combinations transfer smoothly from one path com-
bination to the other, and therefore there is no spurious ar-
rival. A similar argument holds for other sets of paths at the
surface and bottom [including paths (c) and (d) in Fig. 7],
and therefore there is generally no peak in the summed cross-
correlations at these convergence points. Exceptions to this
generality can occur when the total number of surface and
bottom reflections of the two converging paths are not iden-
tical. Since the amplitude of the surface and bottom reflec-
tions coefficients is generally less than unity, one of the con-
verging paths will likely be stronger than the other, creating
a residual peak in the cross-correlation at this point. The
amplitude of this peak will often be negligible, but some-
times it will be large enough to have an impact on the results,
as will be shown for two convergence points in the experi-
mental data here.

The simulated and experimental data of Fig. 6 differ in
three ways:

(1) The experimental data are less sharp, likely due to meter
high waves, which caused both the source and wave-
guide depth to oscillate.

(2) There are variations in amplitudes for different path
combinations, with some path combinations more af-
fected than others. Likely reasons are that the bottom
reflection coefficient, or sediment properties, of the
simulation are only an estimation, and that due to ocean
waves, the angle of the surface reflected signal (relative
to horizontal) would be time dependent and the signal
would be scattered. Most paths depend on some power
of surface and bottom reflection, see Egs. (4)—(10), and
higher order paths are more sensitive to these reflection
coefficients.

(3) Peak times differ slightly, likely due to slight mismatch
in SSP and water column depth between the experimen-
tal and simulated environments.

The amplitude differences between the simulated and ex-
perimental data (item 2) could potentially be used to
invert for surface and bottom reflection.

Having constructed the cross-correlation at each point in
depth, the EGF can then be extracted by summing these
contributions.>"” The cross-correlations were summed over
depth and the resulting EGFs are compared with both simu-
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FIG. 8. H-5 to H-30 EGF from the source lowering experiment (2C) is
compared to the simulated cross-correlations summed from 9.8—60 m
(2 Cimyp), the simulated cross-correlations summed over the entire wave-
guide (2Cg,), and the simulated source shaded Green’s function (G).
Green’s function shows direct (D), surface (S), surface-bottom (SB), and
surface-bottom-surface (SBS) paths.

lated summed data and the source shaded Green’s function in
Fig. 8. The sum of the simulated data over the waveguide,
3 Cgms shows direct, surface reflected, and surface-bottom
reflected peaks at correct Green’s function, G, time lags. The
amplitudes are different, as explained in Sec. II. The signifi-
cantly smaller amplitude of the surface-bottom reflected path
in 2C,, when compared to the Green’s function is due to
losses from the many boundary interactions. The Green’s
function for this path has only one surface and one bottom
reflection, but the two paths that are cross-correlated have
three surface and four bottom reflections between them [see
Egs. (4) and (6)]. The sum of the simulated data from
9.8-60 m only, X2Cg,,» has small spurious peaks at
~0.14 s, which is earlier than the direct arrival. These are
due to the 8.5 m gap in cross-correlations at the waveguide
bottom.

While the experimental data matches well the direct ar-
rival, both the surface and surface-bottom reflected arrivals
appear early in Figs. 3 and 8. This is because in the experi-
mental cross-correlation [Fig. 6(a)], complete cancellation at
the near surface cross-correlation endpoints (second and
third solid circles) does not occur. The amplitude of the sur-
face reflection coefficient is likely less than unity, resulting in
one arrival dominating and therefore contributions near the
surface convergence points (circles in Fig. 6).

2. Source towed horizontally

Following the same reasoning as with the source lower-
ing (Sec. III B 1), short time cross-correlations were summed
as the source was towed from WP40 to WP41. Tapering was
incorporated to cross-correlations near WP40 to minimize
end-effects. Ideally the ship would have continued past
WP41, over the VLA and 1.5 km further, with tapering at
both ends; however, the ship had to stop at WP41 as it could
not sail above the VLA. Tapering at this endpoint is difficult
as this reduces the amplitudes of nearby stationary points.
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FIG. 9. (Color online) Towed source correlation gathers: (a) experimental
and (b) simulated data, as a function of range (0—1.4 km) from H-30. The
summed cross-correlations 2C and 2Cj;,, are at the bottom of each plot.

The cross-correlations at this endpoint are visible in Fig. 3(b)
as peaks in amplitude at times less than 0.05 s corresponding
to the path length difference to each hydrophone at this
point. These times are significantly less than the expected
arrival times of D, S, and B.

The H-5 and H-30 100 s long correlation gathers are
shown in Fig. 9 as a function of range for experimental data,
and data simulated using OASES. The direct, surface reflec-
tion, and surface-bottom reflection stationary points (the
turning points where the travel time for an arrival is a maxi-
mum) are circled. The corresponding stationary phase paths
are shown in Figs. 10(a)-10(c). The stationary points occur
within the first few hundred meters; the cross-correlation
peak times increase rapidly in range to these points (Fig. 9),

FIG. 10. (a)—(c) Source-receiver geometry and stationary point paths for (a)
direct path, (b) surface reflection path, and (c) surface-bottom reflection
path. The gray circles represent weaker stationary points. (d)—(f) Stationary
phase geometries that yield spurious arrivals.
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FIG. 11. H-5 to H-30 EGF from the toward source experiment (2C) is
compared to the simulated summed cross-correlations (= Cg,), and the
simulated source shaded H-5 to H-30 Green’s function (G). Green’s function
shows direct (D), surface (S), surface-bottom, (SB) and surface-bottom-
surface (SBS) paths. An enlarged view of 2Cy,,, from 0.14-0.2 s, showing
inter-hydrophone (D, S, and SB) and spurious (X1-X3) arrivals, is inset.

and then asymptote towards a far-field fixed value. Higher
multiples [gray in Figs. 10(a)-10(c)] also yield stationary
points, but due to increased boundary interactions, their am-
plitudes are much smaller, and are not visible in Fig. 9.

The H-5 to H-30 EGF for the source towed horizontally
(the experimental cross-correlations summed over range),
2C, is compared in Fig. 11 with the simulated summed
cross-correlations, 2Cg,,,, and the simulated source shaded
Green’s function, G. The simulated cross-correlation sum
shows direct (D), surface reflected (S), and surface-bottom
(SB) arrival peaks at correct lag times. The experimental data
have stationary points [Fig. 9(a)] that yield arrival peaks
(Fig. 11) at times slightly less than the simulated direct and
surface reflected arrivals. This is likely due to mismatch be-
tween the experimental and simulated water depths and
SSPs. The experimental summed cross-correlation also has a
higher noise level, which is likely due to convergence diffi-
culties near zero range, where the data are sensitive to taper-
ing and the chosen physical endpoint.

Both the experimental and simulated cross-correlation
sums exhibit numerous high amplitude spurious arrivals. For
example, consider the two spurious arrivals (X2) and (X3)
that are visible in the summed simulated cross-correlations
(Fig. 11) before and after the surface reflected arrival (S).
These are the result of stationary points corresponding to
non-Green’s function arrivals [paths in Figs. 10(d) and
10(e)], as explained in Sec. II.

The arrivals and stationary points that create these peaks
are visible in Fig. 9(b). Peaks corresponding to the time dif-
ference in the direct path to H-30 and the bottom-surface
reflected path to H-5 (with the surface reflection stationary
point at 0.17 s circled) are flanked by a set of arrivals at
slightly earlier and later times. These additional arrivals,
which are due to the cross-correlation of a wave which ini-
tially undergoes a surface reflection with one that does not,
have stationary points corresponding to the geometry of Figs.
10(d) and 10(e), and hence the spurious arrivals (X2) and
(X3) are apparent in the summed cross-correlations of Fig.
11.

A significant peak (X1) is apparent in both the experi-
mental and simulated cross-correlations at 0.15 s, prior to the
direct path (D) arrival. This spurious arrival is due to a sta-
tionary phase contribution from the cross-correlation of the
direct path to H-30 and surface reflection to H-5 [Fig. 10(f)].
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FIG. 12. (Color online) H-30 to H-5 EGFs from stationary ship data as a
function of time during the source lowering event. The summed EGF (2 C)
is shown underneath.

The peaks in the simulated and experimental data exist only
in this varying SSP environment. Simulated cross-
correlations (not shown) for an isovelocity (1500 m/s)
waveguide with the same geometry do not show this peak,
because such a stationary phase geometry does not exist
when considering straight line paths only [the schematic of
straight line paths in Fig. 10(f) comes close to, but does not
satisfy, the equal departure angle requirement; the path to
H-5 always departs the source at an angle closer to the hori-
zontal than the path to H-30].

3. Stationary ship noise and ambient noise

The cross-correlated data from the stationary ship varied
little with time (see Fig. 12). Due to the crude approxima-
tion, a good estimate of the Green’s function is not expected.
Cross-correlation of the ship data during this time yields a
multi-path result that looks similar to the Green’s function,
however the arrival structure will have path dependent inac-
curacies. The times tend to be a little early due to stationary
phase paths not all being sampled by the small ship source
volume.

The structure of ship cross-correlations will only con-
verge to that of the true Green’s function if either the ship
moves along the end-fire direction or the cross-correlations
are averaged over many ship tracks that intersect the end-fire
direction. Ship dominated ambient noise, which has been
investigated in detail for the same data elsewhere,® will not
be discussed further here.

IV. CONCLUSION

It has been demonstrated theoretically and experimen-
tally that the EGF between two receivers can be extracted
from active sources. The EGF is determined by summing the
cross-correlations between the receivers over all source po-
sitions. Here a source was lowered vertically through the
water column, and also towed horizontally at shallow depth.

EGFs determined from two active source configurations,
a vertically lowered source and a horizontally towed source,
were compared with EGFs from a stationary ship at a single
end-fire location, and EGFs from a ship/wave dominated am-
bient noise field. It has been shown that the EGFs from all
source configurations yield direct arrival time estimates that
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match well with the simulated travel times. However, the
stationary ship arrival times were slightly early because it is
only an extended point source.

The horizontal tow results exhibited high noise levels at
times prior to the direct arrival. This noise would be greatly
reduced if the towed source were extended past the array. For
the source lowered vertically had lower noise levels, but sur-
face and surface-bottom paths were not as well determined.
Lowering over the entire water column depth would improve
the result, as would calmer sea conditions; however, due to
difficulties sampling near the surface and bottom as well as
with penetrating the sediment, higher order paths would still
not be retrieved as well as they are for the horizontally towed
source, which shows more overall potential. If instead of a
single source that is moved along a line, or a line of multiple
sources (vertical or horizontal) were used simultaneously,
then the problem of a changing environment could be ame-
liorated. This could potentially be advantageous over the am-
bient noise methods, which although they are sound in most
other aspects, suffer from needing data collection over a time
window larger than the time-scale of some environmental
changes, which results in them providing an estimate of a
time-averaged rather than instantaneous Green’s function.

Active source OAI can potentially be used to construct
new propagation paths between the receivers, which can then
be used for inferring the medium between these paths. To
make this practical, it is important to understand the sources
of error and to take these into account when designing future
experiments. In particular, elimination of spurious arrivals
and reducing arrival time bias are important for developing
active source methods further.

ACKNOWLEDGMENTS

Work supported by the Office of Naval Research under
Grant No. N00014-05-1-0264. L.A.B. is appreciative of sup-
port from a Fulbright Postgraduate Award in Science and
Engineering, sponsored by Clough Engineering, as well as
support from the Defence Science and Technology Organisa-
tion, Australia.

'P. Roux and M. Fink, “Green’s function estimation using secondary
sources in a shallow water environment,” J. Acoust. Soc. Am. 113, 1406—
1416 (2003).

p, Roux, W. A. Kuperman, and the NPAL Group, “Extracting coherent
wave fronts from acoustic ambient noise in the ocean,” J. Acoust. Soc.
Am. 116, 1995-2003 (2004).

K. G. Sabra, P. Roux, and W. A. Kuperman, “Arrival-time structure of the
time-averaged ambient noise cross-correlation function in an oceanic
waveguide,” J. Acoust. Soc. Am. 117, 164-174 (2005).

K. G. Sabra, P. Roux, A. M. Thode, G. D’Spain, W. S. Hodgkiss, and W.
A. Kuperman, “Using ocean ambient noise for array self-localization and
self-synchronization,” IEEE J. Ocean. Eng. 30, 338-347 (2005).

L. A. Brooks and P. Gerstoft, “Ocean acoustic interferometry,” J. Acoust.
Soc. Am. 121, 3377-3385 (2007).
°L. A. Brooks and P. Gerstoft, “Green’s function approximation from cross-
correlations of 20—100 Hz noise during a tropical storm,” J. Acoust. Soc.
Am. 125, 723-734 (2009).

"R. L. Weaver and O. L Lobkis, “Ultrasonics without a source: Thermal
fluctuation correlations at MHz frequencies,” Phys. Rev. Lett. 87, 134301
(2001).
8p. Roux, K. G. Sabra, W. A. Kuperman, and A. Roux, “Ambient noise
cross correlation in free space: Theoretical approach,” J. Acoust. Soc. Am.
117, 79-84 (2005).

Brooks and Gerstoft: Experimental active source ocean acoustic interferometry



°N. M. Shapiro, M. Campillo, L. Stehly, and M. H. Ritzwoller, “High-
resolution surface-wave tomography from ambient seismic noise,” Science
307, 1615-1618 (2005).

10p, Gerstoft, K. G. Sabra, P. Roux, W. A. Kuperman, and M. C. Fehler,
“Green’s functions extraction and surface-wave tomography from mi-
croseisms in southern California,” Geophysics 71, SI23-SI31 (2006).

UK. Wapenaar and J. Fokkema, “Green’s function representations for seis-
mic interferometry,” Geophysics 71, SI33-SI46 (2006).

2, Lin, M. H. Ritzwoller, J. Townend, S. Bannister, and M. K. Savage,
“Ambient noise Rayleigh wave tomography of New Zealand,” Geophys. J.
Int. 170, 649-666 (2007).

By, Yang, M. H. Ritzwoller, A. L. Levshin, and N. M. Shapiro, “Ambient
noise Rayleigh wave tomography across Europe,” Geophys. J. Int. 168,
259-274 (2007).

YE, Larose, A. Khan, Y. Nakamura, and M. Campillo, “Lunar subsurface
investigated from correlation of seismic noise,” Geophys. Res. Lett. 32,
L16201 (2005).

K. G. Sabra, S. Conti, P. Roux, and W. A. Kuperman, “Passive in vivo
elastography from skeletal muscle noise,” Appl. Phys. Lett. 90, 194101
(2007).

190. A. Godin, “Retrieval of Green’s functions of elastic waves from ther-
mal fluctuations of fluid-solid systems,” J. Acoust. Soc. Am. 125, 1960-
1970 (2009).

7G. A. Prieto and G. C. Beroza, “Earthquake ground motion prediction
using the ambient seismic field,” Geophys. Res. Lett. 35, L14304 (2008).

183 R. Taylor, P. Gerstoft, and M. C. Fehler, “Estimating site amplification
factors from ambient noise,” Geophys. Res. Lett. 36, L09303 (2009).

J. Acoust. Soc. Am., Vol. 126, No. 1, July 2009

19 . - - - s
R. Snieder, K. Wapenaar, and K. Larner, “Spurious multiples in seismic

interferometry of primaries,” Geophysics 71, SI111-SI124 (2006).

p, Mikesell, K. van Wijk, A. Calvert, and M. Haney, “The virtual refrac-
tion: Useful spurious energy in seismic interferometry,” Geophysics 74,
A13-A17 (2009).

2R, Snieder, “Extracting the Green’s function from the correlation of coda
waves: A derivation based on stationary phase,” Phys. Rev. E 69, 046610
(2004).

M. Siderius, D. R. Jackson, D. Rouseff, and M. R. Porter, “Multipath
compensation in shallow water environments using a virtual receiver,” J.
Acoust. Soc. Am. 102, 3439-3449 (1997).

H. Schmidt, 0AsEs Version 3.1 User Guide and Reference Manual, Depart-
ment of Ocean Engineering, Massachusetts Institute of Technology
(2004).

2. Traer, P. Gerstoft, P. D. Bromirski, W. S. Hodgkiss, and L. A. Brooks,
“Shallow-water seismoacoustic noise generated by tropical storms Ernesto
and Florence,” J. Acoust. Soc. Am. 124, EL170-EL176 (2008).

K. G. Sabra, P. Gerstoft, P. Roux, and W. A. Kuperman, “Extracting time-
domain Green'’s function estimates from ambient seismic noise,” Geophys.
Res. Lett. 32, L03310 (2005).

*°D. P. Knobles, P. S. Wilson, J. A. Goff, and S. E. Cho, “Seabed acoustics
of a sand ridge on the New Jersey continental shelf,” J. Acoust. Soc. Am.
124, EL151-EL156 (2008).

Iy M. Jiang, N. R. Chapman, K. Yang, and Y. Ma, “Estimating marine
sediment attenuation at low frequency with a vertical line array,” J.
Acoust. Soc. Am. 125, EL158-EL163 (2009).

Brooks and Gerstoft: Experimental active source ocean acoustic interferometry 55



Analyzing lateral seabed variability with Bayesian inference of

seabed reflection data

Jan Dettmer®
School of Earth and Ocean Sciences, University of Victoria, Victoria, British Columbia VSW 3P6, Canada

Charles W. Holland
Applied Research Laboratory, The Pennsylvania State University, State College, Pennsylvania 16804-0030

Stan E. Dosso
School of Earth and Ocean Sciences, University of Victoria, Victoria, British Columbia VSW 3P6, Canada

(Received 11 February 2009; revised 7 May 2009; accepted 8 May 2009)

This paper considers Bayesian inversion of seabed reflection-coefficient data for multi-layer
geoacoustic models at several sites, with the goal of studying lateral variability of the seabed.
Rigorous uncertainty estimation is carried out to resolve lateral variability of the sediments from
inherent inversion uncertainties. The uncertainty analysis includes Bayesian model selection,
comprehensive quantification of data error statistics, and a Markov-chain Monte Carlo approach to
transforming data uncertainties to model uncertainties. Model selection is addressed using the
Bayesian information criterion to ensure parsimony of the parametrizations. Data error statistics are
quantified by estimating full covariance matrices from data residuals, with posterior statistical
validation. A Metropolis—Hastings sampling algorithm is used to compute posterior probability
densities. Four experiment sites are considered along a track located on the Malta Plateau,
Mediterranean Sea, and the inversion results are compared to cores taken at each site. Differences
between profile marginal-probability distributions at adjacent sites are quantified using the
Bhattacharyya coefficient. Differences that exceed the estimated geoacoustic uncertainties are
interpreted as spatial variability of the seabed. The results are compared to an interpretation of

geologic features evident in a chirp sub-bottom-profiler section.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3147489]

PACS number(s): 43.30.Pc, 43.30.Ma, 43.60.Pt [AIT]

I. INTRODUCTION

Knowledge of the uncertainty and spatial variability of
geoacoustic properties of the seabed is important for many
sonar applications in shallow water. Spatial variability is a
measure of the inherent heterogeneity in an environmental
property. In principle, variability is a property of the envi-
ronment and is independent of measurement techniques. In
practice, however, variability is typically estimated from
measured data. Hence, variability estimates are limited by
the resolving power of the data, and improved experiment or
data-analysis techniques may improve the ability to estimate
variability. In geoacoustic inversion, vertical variability is
commonly addressed by resolving vertical seabed structure
in terms of discontinuous layers and/or gradients. Quantify-
ing vertical variability requires estimating the amount of ver-
tical structure resolved (supported) by the data, which can be
addressed using model selection techniques. While much
work has been directed toward resolving vertical seabed
structure, relatively little effort has been applied toward the
challenging problem of quantitatively determining the lateral
variability, which is the focus of this paper.

In contrast to variability, uncertainty is a measure of the
state of knowledge of an environmental parameter and is
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ideally quantified as a probability distribution. Uncertainty is
a property of existing knowledge of the environment, and
hence uncertainty can be reduced by improved experiment or
data-analysis techniques. The uncertainty does not quantify
the variability of the environmental parameter over the re-
gion (e.g., an accurate estimate of the average could be ob-
tained even for a highly variable property). However, mean-
ingful uncertainty estimates are a prerequisite to resolving
environmental variability: differences in parameter estimates
must exceed their uncertainties to be interpreted as lateral
variability.

It is important to note that uncertainties from geoacous-
tic inversion quantify the accuracy of parameter estimates for
the particular model (i.e., parametrization) adopted to repre-
sent the environment. The error due to an inappropriate
choice of model parametrization can be considered part of
the theory error. Therefore, environmental variability can
cause theory error due to under-parametrization, which af-
fects parameter uncertainties. Further, under-parametrization
generally leads to underestimating uncertainty and over-
parametrization leads to overestimating uncertainty since the
amount of data space accessible by the model increases with
the number of parameters. Hence, a quantitative approach to
model selection (i.e., selecting an appropriate model param-
etrization) must be included in the inversion methodology to
obtain meaningful uncertainty estimates whenever the pa-
rametrization is not simple to address.

© 2009 Acoustical Society of America



This paper applies Bayesian inference, including model
selection and comprehensive uncertainty estimation, to
single-bounce reflection data collected at several sites along
a 20-km track on the Malta Plateau to resolve spatial vari-
ability of the upper seabed sediments. The experiment mea-
sured the single-bounce seabed response at a single hydro-
phone for source-receiver ranges from several meters to
1 km and frequencies from several hundred to several thou-
sand hertz. The data are processed as reflection coefficients
as a function of frequency and angle. These data laterally
average environmental properties over an approximately
100-m seabed footprint. The parameter estimates via inver-
sion are uncertain due to the effects of data errors, including
measurement errors (e.g., instrument effects and ambient
noise) and theory errors (due to the simplified propagation
model and idealized parametrization). Collecting more data
(e.g., at more grazing angles or frequencies) or improving
data quality by reducing errors (improving signal to noise
ratio, reducing theory error) will generally reduce the param-
eter uncertainty and improve the ability to resolve variability
between measurement sites.

The differences between the recovered marginal poste-
rior probability distributions for sediment profiles at the sites
can be interpreted in terms of the environmental variability.
In this case, rigorous uncertainty estimation for the indi-
vidual inversions is essential to determine whether observed
differences are due to actual environmental variability or
simply result from uncertain parameter estimates. To this
end, model selection is considered by assessing several mod-
els with increasing numbers of sediment layers using the
Bayesian information criterion (BIC), with each layer de-
fined by four parameters consisting of layer thickness, sound
velocity, density, and attenuation.! Data-error statistics are
estimated from data residuals by computing full non-
stationary data covariance matrices® in initial inversions,
which are subsequently applied in estimating the posterior
probability density (PPD). The validity of the statistical as-
sumptions is examined using posterior statistical tests for
Gaussianity and randomness of standardized residuals, as
well as qualitative plots of residual histograms and auto-
correlation functions.”

Four experiment sites are considered along the track and
plane-wave reflection-coefficient inversion is carried out here
for the upper 4 m of the seabed sediments. Data at three sites
indicate several reflectors in the upper 4 m. For these sites,
model selection studies are carried out to determine the ap-
propriate number of sediment layers based on the BIC. The
use of Bayesian model selection to determine appropriate
parametrization for layering structure that is below the pulse
length of the acoustic source has been considered previously
by the authors for a different experiment location.'

One site contains no discernible reflectors in the upper
4 m; hence, model selection for a layered parametrization is
not carried out, rather the sediments are modeled using con-
tinuous sound-velocity and density gradients.3 The inversion
results for this site have been previously published3 but are
reproduced here in a new way to be consistent with the re-
sults in this paper. While the fine structure of this transition
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layer (gradients in density and velocity) is interesting and
often observed in fine-grained sediments, it is not discussed
in detail in this paper.

In the present study, sediment cores taken at all experi-
ment sites provide an independent estimate of the seabed
structure for comparison with the results from the Bayesian
reflectivity inversion.

Inversion results for all sites are considered in the con-
text of spatial variability along the track. Differences and
similarities between adjacent sites are examined by measur-
ing the amount of overlap between profile marginal distribu-
tions with the Bhattacharyya coefficient (BC).* The interpre-
tation of the spatial variability is supported by a basic
interpretation of the geologic features of a chirp bottom-
profiler section that was collected along the track.”

Il. BAYESIAN INFERENCE

This section gives a brief overview of the Bayesian in-
ference applied in this paper; more complete treatments can
be found elsewhere.®" Let d € RN be a random variable of
N observed data containing information about a physical sys-
tem. Further, let Z denote the model specifying a particular
choice of physical theory, model parameterization, and error
statistics to explain that physical system. Let m € RY be a
random variable with M(Z) free parameters representing a
realization of the model Z. Bayes’ rule can then be written as

P(d|m,Z)P(m|Z)
P@D

where the conditional probability P(m|d,Z) represents the
PPD of the unknown model parameters given the observed
data, prior information, and choice of model Z. The condi-
tional probability P(d|m,Z) describes the data error statis-
tics. Since data errors include measurement and theory errors
(which cannot generally be separated), the specific form of
this distribution is often unknown. To interpret Eq. (1) quan-
titatively, some particular form must be assumed for this dis-
tribution. In practice, mathematically-simple distributions,
such as multivariate Gaussian distributions, are commonly
used; the validity of such assumptions should be checked a
posteriori using statistical tests (described later).”*'? The
general multivariate Gaussian distribution for real data is
given by

P(m|d,Z) = (1)

1

P(dlm,7) = 2m™2|C, |

Xexp(— (a—a(m))'c;'(a- d(m))), @)

where C, is the data covariance matrix and d(m) are the
modeled data. The covariance matrix C, is often unknown
since the source of errors may be poorly understood but can
be estimated non-parametrically using data residuals from an
initial inversion (i.e., the difference between modeled and
measured data).” In inverse theory, P(d|m,Z) is interpreted
as the likelihood function £(m|Z) of m for fixed (observed)
data d. The term P(m|Z) in Eq. (1) represents the model
prior distribution. In this paper, prior distributions are taken
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to be bounded, uniform distributions of the form

M(T)
H (m] - ml-_)_1 if m; <m;<mj,
i=1
P(m|7) =
i= 17M(I)7
0 else.

3)

To estimate the PPD for a fixed choice of model Z, Markov-
chain Monte Carlo (MCMC) sampling methods are usually
applied.g’lo’w’14 The PPD quantifies the state of information
about the model parameters given the data, prior informa-
tion, and parametrization, and can be used to obtain model
parameter estimates [e.g., the maximum a posteriori (MAP)
estimate] and uncertainty estimates (marginal distributions).
MAP estimates can be determined using numerical optimiza-
tion methods, such as a parallel implementation of adaptive
simplex simulated annealing.l’15 Uncertainty estimates re-
quire numerical integration of the PPD. The PPD is com-
puted here by MCMC sampling that applies an adaptive
Metropolis—Hastings algorithm. 13.14.16

The conditional probability P(d|Z) is commonly re-
ferred to as the evidence or marginal likelihood of Z. It de-
scribes how likely a parametrization Z is given the observed
data and prior. Since the evidence P(d|Z) normalizes Eq. (1),
it can be written as

2(2) = P(d|) = f P(d|m,Z)P(m|Z)dm. (4)
M

Bayesian evidence, Eq. (4), is the basis for model selection
and brings a natural parsimony to the model selection
problem.10 Evidence quantifies the level of model complex-
ity (e.g., the number of model parameters) that is supported
by the data and discriminates against excessive model com-
plexity. Due to the high computational demand of the for-
ward and inverse problems considered in this paper, an
asymptotic point estimate (for the maximum-likelihood
model vector mMY) is used to carry out model selection,
consisting of the BIC,I’17 defined as

BIC(Z) = -2 log, Lm™MY|Z) + M(T)log, N. (3)

Since the BIC is based on the negative log likelihood, the
model with the smallest BIC is selected as the preferred
model. The value of the BIC cannot be directly associated
with a probability and cannot yield the significance of the
selection.

The Bayesian formulation of the inversion is based on
the fundamental assumption of random errors that are dis-
tributed according to a certain distribution (e.g., Gaussian).
However, the actual data errors are generally not separable
from the data. Therefore, data errors are commonly approxi-
mated by the data residuals. To obtain meaningful inversion
results, the residuals should be Gaussian distributed and sat-
isfy the assumption of randomness. These assumptions are
often not satisfied by raw data residuals d—d() due to se-
rial correlations in the data errors. These correlations can be
(approximately) quantified by estimating the data covariance
matrix from the data residuals.>>'? This matrix can then be
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FIG. 1. Bathymetry of the Malta Plateau with the locations of sites 4, 5, 1,
and 21. The dashed line indicates the chirp bottom-profiler track of ~20 km
length.

used to calculate standardized data residuals C;l/ d
—d(m)], which should represent an uncorrelated Gaussian
random process to satisfy the assumptions.

There are several qualitative and quantitative approaches
to examining standardized residual statistics. Quantitative
tests include the runs test (one sided median-delta test) for
randomness and the Kolmogorov—Smirnov (KS) test for the
distribution form (e.g., Gaussian).>>"2 Passing these tests in-
dicates no evidence against the assumptions of Gaussian-
distributed errors with the estimated covariance. However, it
is important to note that these tests indicate only whether a
deviation from the assumptions can be detected statistically
but do not provide a measure of the significance of the de-
viation. Hence, in case of failed tests it is useful to qualita-
tively examine the residual distribution and correlation to
determine whether the deviation is significant. For example,
small deviations from Gaussianity are usually benign;18 how-
ever, large outliers can substantially distort inversion results
and may require alternative error distributions to be consid-
ered (e.g., Laplace distribution). It is possible that no obvious
violations of assumptions exist but standardized residuals
still fail quantitative statistical tests, since the error statistics
of measured data may not be completely explained by
mathematically-simple distributions. In such cases, alterna-
tive error distributions may not be easily found and qualita-
tive tests should be carried out to ensure that no serious
violations exist. Useful qualitative tests include examining
the auto-correlation function and histogram plots of the stan-
dardized residuals. The auto-correlation function is com-
monly used to visualize serial correlations: A narrow peak at
zero lag indicates short correlation lengths and largely ran-
dom errors. Residual histogram plots can illustrate differ-
ences from the theoretical Gaussian distribution and reliably
detect outliers.

lll. EXPERIMENT AND MODELING
A. Experiment

Seabed reflection data were recorded at four sites along
a track on the Malta Plateau, south of Sicily (Fig. 1), as part
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TABLE I. Experiment information including location, water depth, name of
the experiment, date, and source type. The GeoAcoustics 5813B Geopulse
boomer and EG&G 265 Uniboom sources are abbreviated as GB and EU,
respectively.

East North  Depth
Site  (deg) (deg) (m)  Experiment Date Source
1 147804 36.4441 130 Advent99  May 10 1999 GB
4 14.8216  36.5375 102 SCARAB98  Apr 20 1998 EU
5 147979 36.4846 120 Advent99  May 10 1999 GB
21 14.7450 36.3771 137 Boundary04 May 15 2004 GB

of three experiments carried out in different years (Table I).
At each site, the experiment consisted of recording signals
from a ship-towed controlled source at a bottom-moored hy-
drophone. The source is towed along a radial track moving
toward the hydrophone, resulting in seismo-acoustic record-
ings at ranges typically between 10 and 1000 m. The water
depth increases from north to south along the track, from
102 m at site 4 to 138 m at site 21. Coordinates and water
depth for all sites are given in Table I. Inversion results for
site 4 have been published previously;3 the earlier results are
repeated in this paper but are illustrated here in a new way to
be consistent with the presentation of the other three sites.

The water-column sound-velocity profiles measured for
each site are given in Fig. 2. The largest change in sound
velocity is ~10 m/s over the full water column. The seismo-
acoustic recordings were generated with two different
electro-mechanical impulsive boomer sources (depending on
the experiment, see Table I) with a short pulse length
(<1 ms) and a broad bandwidth (0.5—10 kHz). Data were
recorded at a single receiver that was part of a vertical line
array. The hydrophones used in this study were situated in
the lower third of the water column with depths between 60
and 126 m. The source was towed at 0.3-m depth for all
sites.

The seismo-acoustic recordings were used to compute
reflection-coefficient data as a function of frequency and

20
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FIG. 2. Water column sound-velocity profiles used in the inversion for sites
4-21 (sites are ordered north to south from left to right).
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FIG. 3. (Color online) Chirp sub-bottom-profiler section with bathymetry
removed (Ref. 5). Sites 4 and 21 are close to the left and right ends of the
section, at water depths 102 and 137 m, respectively. Sites 5 and 1 are
indicated by dotted lines. The dashed line indicates approximately 4-m
depth, the limit of the reflectivity inversions. Heavy solid lines indicate a
basic interpretation of geologic features.

angle using the methods of Ref. 19. All time-domain record-
ings were time windowed to represent returns from the upper
approximately 4 m of the sediment. For each site, reflection-
coefficient data were computed for several frequency bands
with a fractional bandwidth of 1/10 applying a Gaussian
frequency average.20 This bandwidth was found to retain
structure in the reflection-coefficient data while reducing
noise and allowing a computationally feasible inversion.'
The number of frequency bands used in the inversions and
the total bandwidth considered for each data set were chosen
guided by an assessment of the reflection-coefficient data
quality (discussed in Sec. IV). The bandwidth for sites 4, 5,
and 1 is approximately 300—2500 Hz. Site 21 appeared to
have more layering structure in the upper-most part of the
sediment and good quality high-frequency data, so frequency
bands up to 4000 Hz were used. The reflection-coefficient
data are interpolated onto a uniform spacing in angle; data
points with a signal to noise ratio of less than 6 dB are ex-
cluded from the inversion. Further, interpolated data that fall
into recording gaps (due to data transfer and recording dur-
ing the experiment) are excluded. This results in approxi-
mately 90 data at each frequency with an angular range from
12° to 81° (55° at site 5 due to short-range clipping of the
recorded arrivals).

B. Chirp bottom-profiler section

Figure 3 shows a chirp bottom-profiler section taken
along a portion of the track (see Fig. 1) with the bathymetry
removed (originally published in Ref. 5). Figure 3 also
shows the approximate site locations as well as an interpre-
tation of five main geologic features. A sediment wedge is
apparent in the upper left part of the figure. Below the wedge
is a layer with higher impedance that can be traced through-
out the section. Further, a layer can be seen that pinches out
between sites 5 and 1. Finally, another layer pinches out
between sites 1 and 21. The inversion results in this paper
will be compared to this section.

The upper silty-clay wedge in Fig. 3 was deposited in
the Holocene, 6—7 kabp (kilo-annum before present) and is
composed of both terrigeneous and biogenic fines. During
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this time period, sea level was approximately constant,
within a few meters. Given the depositional conditions (and
in the absence of other processes), the properties of this layer
should exhibit modest lateral variability. However, large
storms can easily suspend surficial fine-grained sediments,
with the fines carried in bottom currents seaward toward the
shelf-break. Thus, the upper part of this layer may exhibit
gradients that vary as a function of distance from the coast.

The thin, ~0.5 m, layer appears to be fairly continuous
between sites 5 and 1. Between sites 1 and 21, the layer
appears discontinuous for some distance. This layer below
the sediment wedge (bounded by black lines) was deposited
during rising sea level (from 17 to 7 kabp) in a high-energy
environment. At the beginning of this time period, sea level
was roughly 130 m lower than present, and thus all of the
area experienced near-shore (wave-breaking) conditions at
some time, and some of the area was sub-aerially exposed.
The erosional channels near site 1 were cut during this time
period. Sands and broken shell material are expected (and
found) in this layer. Substantial lateral variability is expected
in this layer.

Sediments below the thin layer were deposited during
the last Ice Age when the sea level was roughly constant at
~130 m lower than present. These sediments are expected to
be heterogeneous and coarse, ranging from clay to coarse
sand.

C. Core measurements

Sub-bottom cores were collected at all experiment sites
to provide independent estimates of the sound-velocity and
density structure of the upper sediments. The method of col-
lecting cores and measuring core properties differed between
experiment sites. The highest quality cores were gravity
cores; however, gravity coring has a limited ability to pen-
etrate the sediment and typically only samples the upper-
most tens of centimeters. Piston cores penetrate deeper (up to
several meters), but are more likely to suffer from systematic
errors since they must be stored horizontally on ship (due to
their length) between taking the sample and measuring ve-
locity and density, which can result in biased property mea-
surements due to settling processes.

The uncertainties given for most core profiles in this
paper indicate two standard deviation measurement errors of
the core logger [Geotek Multi-Sensor Core Logger (MSCL)]
but do not include errors due to sampling. For instance, dis-
turbance of the sediment sample due to core penetration,
sphincter closing, core recovery and capping, and core stor-
age can lead to significant systematic errors.” The density
estimates of the cores at sites 5 and 1 differ from the other
sites, since they were measured by manual sampling
(samples extracted and weighed) and not gamma ray decay
(used for the MSCL measured cores). Uncertainty estimates
are therefore difficult to establish for these cores. It is also
important to note that the cores typically sample over a very
small lateral scale with core diameters of 10 cm; in contrast,
the reflection measurements applied in this paper average
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FIG. 4. Seismo-acoustic recordings (in reduced time, with 1512-m/s reduc-
ing velocity) collected at site 4 on the Malta Plateau.

laterally over a spatial scale of ~100 m. Hence, core profiles
may contain small-scale local structure not present in reflec-
tion inversions.

D. Forward model and prior

All inversions were carried out using a plane-wave
reflection-coefficient forward model that approximates the
seabed as a layered lossy fluid.” Since this study focuses on
the upper-most ~4 m of the sediment, spherical-wave ef-
fects (which increase with penetration depth) are small, and
the plane-wave reflection-coefficient approximation was
found to be sufficient through a forward modeling study.21
Further, shear velocities in fine-grained sediments are low,22
and earlier inversion studies™ that treated the seabed as a
half-space showed that the reflection coefficient is relatively
insensitive to shear properties and that ignored shear proper-
ties do not significantly affect estimates for the other physi-
cal properties. The replica reflection-coefficient data for each
frequency band are computed using the same frequency av-
eraging as applied to the measured data. However, to address
limited computational time, the number of frequencies in the
average is limited to 12 frequencies per band. The inversions
for sites 5, 1, and 21 were carried out in terms of reflection
coefficient (V) data. The inversion for site 4 was carried out
in terms of bottom loss (BL=-20 log,o|V|) in decibels, since
this site features a prominent angle of intromission. The main
difference in carrying out inversions in bottom loss is that
data errors are represented differently. Constant errors in
decibels are equivalent to errors in reflection coefficients that
scale with the data (e.g., small data have small errors). This
helps emphasize the small reflectivity values near the angle
of intromission in the inversion. A detailed account of the
bottom-loss inversions for site 4 can be found in Ref. 3.

The prior information in this study was chosen to be
largely non-informative, so that the data predominantly de-
termine the posterior. In particular, wide uniform priors are
applied for all parameters. The time-domain reflection re-
cordings (e.g., Fig. 4) at short range were used to form a
rough initial estimate of layer thickness on which the priors
of these parameters are based.' Finally, parameter contrasts
across layer boundaries are constrained so that the sound
velocity and density changes both have the same sign.
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IV. DATA, MODEL SELECTION, AND INVERSION
RESULTS

This section considers the reflection data, model param-
etrization, and inversion results for the four experiment sites,
ordered from north to south along the track (i.e., progressing
away from Sicily into deeper water, as shown in Fig. 1). The
variability along the track derived from the inversion results
is considered in Sec. V.

A. Site 4

The results for site 4 were published previously,3 but are
presented here in a new form. Figure 4 shows good-quality
recordings with low noise. In this case, the hydrophone was
farther from the seabed than for the other sites, which re-
duces the effects of ringing and reflections off the ship’s hull
on the recordings, but increases the potential of water-
column multiples interfering with the bottom-response. The
direct arrival occurs at 0.04 s at the shortest range and the
bottom-response starts at 0.095 s. The short range data of
seismo-acoustic recordings is essentially equivalent to verti-
cal incidence sub-bottom-profiler data. These recordings
show clear angle-of-intromission effects (extremely weak re-
flection) between 480 and 650 m range.

Site 4 is located in an area with a thick (24 m) layer of
low sound-velocity sediments. The thickness of the sediment
is evident in the seismo-acoustic recordings (Fig. 4), where
no reflectors appear past the water-sediment interface. Be-
cause of the lack of internal reflectors, a model selection
study was not carried out for site 4. However, sound-velocity
and density gradients are often observed in this type of sedi-
ment; therefore, the model parametrization was chosen to
represent general sediment gradients.3 This parametrization
is discussed in detail in Ref. 3 and allows for a wide range of
shapes in the density gradient. The sound-velocity for this
site is parametrized as a linear gradient, which is sufficient
for the type of transition-layer structure expected at those
sites. Attenuation is considered constant with depth, which is
consistent with the limited ability to resolve attenuation in
non-layered sediments. While these gradients are an interest-
ing feature of this type of sediment layer, they are not dis-
cussed further in this paper.

The reflection data (Fig. 5) show a prominent angle of
intromission which is constrained by many data. The fit of
the inversion results to the data is very good.

Figure 6 shows the inversion results in terms of
marginal-probability profiles, which exhibit a fairly constant
sound-velocity structure with a slight negative gradient over
the upper 1.7 m. The density-profile marginals show a dis-
tinct positive gradient.

The parameter estimates from two cores taken at site 4
(Fig. 6) agree remarkably well with the inversion results.
Both cores indicate a slight negative sound-velocity gradient
which agrees with the inversion results to within uncertain-
ties. The core density measurements agree closely with the
inversion results. However, the core densities show a stron-
ger gradient in the upper-most few centimeters, which is con-
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FIG. 5. Measured data (dots) and inversion fit (line) for site 4.

sistent with the depth-resolution limit of the frequency band-
width considered in the inversion. The attenuation is fairly
well constrained at ~0.4 dB/A.

B. Site 5

The recordings at site 5 (Fig. 7) were clipped at short
ranges (<100 m) and could not be used for this study. The
missing short-range recordings translate to a loss of high-
angle reflection data which limits the information content for
this site.

The reflection section in Fig. 7 indicates multiple sub-
bottom reflectors (described below); however, the actual lay-
ering structure is not necessarily evident from the section due
to the possible presence of layers with thicknesses below the
acoustic source pulse length.1 Hence, a model selection study
using the BIC [Eq. (5)] was carried out for this site (as well
as sites 1 and 21, considered later). In the parametrization

3.5
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FIG. 6. (Color online) Marginal-probability depth distributions for site 4.
Core measurements indicated by line with error bars on every fifth point.
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FIG. 7. Seismo-acoustic recordings (in reduced time, with 1512-m/s reduc-
ing velocity) collected at site 5 on the Malta Plateau.

adopted here, each layer is represented by four unknowns:
layer thickness, sound velocity, density, and attenuation. The
model selection study results are shown in Fig. 8 in terms of
the BIC values and data misfit as a function of the number of
layers included in the inversion. Plotting the misfit is re-
quired to check that meaningful BIC values are obtained.
The misfit should decrease at least slightly with each addi-
tional layer; an increase in misfit indicates that the optimiza-
tion algorithm did not converge to a global minimum. This
check is particularly important for models with many layers,
where optimization becomes challenging.

The time-domain data of site 5 (Fig. 7) indicate three
clear reflections below the water-sediment interface at
0.087 s and two closely-spaced reflectors near 0.91 s. Hence,
the sediment likely contains at least two resolvable layers
plus a third layer that will be treated as the half-space in the
inversion. The model selection study was carried out for four
different models containing from one to four layers plus a
half-space to include the most likely parametrizations for this
site. The BIC and misfit results in Fig. 8§ show that the two
layer model is the preferred parametrization. This analysis is
consistent with the reflectors visible in the seismo-acoustic
recordings (Fig. 7), and does not suggest additional layering
structure that is not obvious in the time-domain recordings.
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FIG. 8. BIC and misfit for sites 1 (dashed line), 5 (dotted line), and 21 (solid

line). BIC and misfit values are plotted relative to the minimum for each site
for display purposes.
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FIG. 9. Measured data (dots) and inversion fit (line) for site 5.

The reflection-coefficient data for site 5 (Fig. 9) are per-
haps the most challenging in this study, due to the limited
angular range and the high noise level. Almost no signs of
interference patterns are obvious. However, the critical angle
is clearly visible at the higher frequencies (~30° at
2519 Hz). The profile marginals in Fig. 10 indicate a low
sound-velocity layer of approximately 2.3-m thickness. The
second layer has significantly higher velocity (~ 1750 m/s),
with a velocity decrease in the lower half-space. The density-
profile marginal shows the same pattern although the upper-
most density seems poorly constrained and peaks at the
lower bound. The density in the lower half-space is not well
resolved but is clearly lower than that of the second layer.
Attenuation is low and well resolved in the upper-most layer,
but not well resolved below that.

The core (Fig. 10) covers the upper 2.2 m of the sedi-
ment and shows low sound velocities (largely <1500 m/s),
in excellent agreement with the inversion result. Some small-
scale structures in the core (e.g., at 1.65-m depth) are not
resolved in the inversion result. The density estimates from
the core were obtained by hand sampling in this case, so that
uncertainties are difficult to estimate. The inversion results
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FIG. 10. (Color online) Marginal-probability depth distributions for site 5.
Core measurements indicated by line with error bars on every fifth point.
Density cores do not include error estimates due to hand sampling.
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FIG. 11. Seismo-acoustic recordings (in reduced time, with 1512-m/s re-
ducing velocity) collected at site 1 on the Malta Plateau.

agree with the core density measurements near the surface
(~10-cm depth) and at the top of the second layer (~2.3-m
depth). It is worth noting that the reflection data did not
support the ability to resolve a gradient over the upper 2 m
of sediment in the model selection study.

C. Site 1

The direct arrival and bottom-response at site 1 (Fig. 11)
are at 0.071 and 0.099 s, respectively. The time-domain re-
cordings for this site (Fig. 11) shows two reflectors close to
the water-sediment interface (0.098 s) and a complicated sig-
nal at later times. The model selection study was carried out
for six different models including one- to six-layer models.
The model selection results in Fig. 8 support the five-layer
model as the best choice. The optimization for the six-layer
model was found to be particularly challenging, involving 27
unknowns, and required a very slow cooling schedule" but
did yield a slightly lower misfit than the five-layer model.
Hence, according to the model selection study, the data sup-
port additional layers that are not easily discernible in the
seismo-acoustic time series.

The reflection-coefficient data for site 1 (Fig. 12) are
fairly noisy but show a critical angle at some frequencies
(e.g., 45° at 1600 Hz) and recognizable interference patterns.
The inversion result matches the data well but misses some
smaller-scale structure. The profile marginals shown in Fig.
13 indicate a thin (~25 cm) layer with low sound velocities
(<1500 m/s) below the sediment-water interface. Below
this layer, a higher sound velocity of ~1550 m/s extends
to 1-m depth. Below this is a 50-cm high-velocity layer
(~1800 m/s) that also indicates high densities
(>2.0 g/cm®); however, the densities peak at the upper prior
bound. The lower half-space has a sound velocity between
1500—1550 m/s and a density between 1.4—1.8 g/cm?’. The
attenuation value in the upper meter is relatively well re-
solved with fairly low values.

The core sound-velocity measurements (Fig. 13) only
extend to 0.8-m depth and indicate sound velocities mostly
lower than water velocity with a generally positive gradient.
The core also indicates a strong increase in density between
0.5- and 1.5-m depth. The density then remains high for the
remainder of the core (to 2.8-m depth).

The inversion sound-velocity results in the upper layer
agree well with the surficial core measurements, but increase
to slightly higher velocities than the core in layers 2 and 3.
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FIG. 12. Measured data (dots) and inversion fit (line) for site 1.

Inversion estimates for density agree fairly well with the core
measurements. The upper two layers exhibit slightly higher
density estimates than the core but show a similar structure.
While the model selection study allowed for approximating a
gradient with a few homogeneous layers, the inversion re-
sults do not show a clear gradient. Rather, the density is
fairly high at around 1.6 g/cm® in the upper meter of the
sediment. The third and fourth layers agree with the core
from 0.8—1.5-m depth. However, the basement density esti-
mate from the inversion is significantly lower than the core
estimate. The reason for the discrepancy is not clear, in par-
ticular, since no core sound-velocity estimate exists for the

0.5

1

1.5 II]
E
£ 2
Q
o
[a}

25

3

3.5

4

1500 1600 1700 1800 14 16 18 2 0 0.5 1

Velocity (m/s) Density (g/cmd) Attenuation (dB/2)
FIG. 13. (Color online) Marginal-probability depth distributions for site 1.
Core measurements indicated by line with error bars on every fifth point.

Density cores do not include error estimates due to hand sampling.
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FIG. 14. Seismo-acoustic recordings (in reduced time, with 1512-m/s re-
ducing velocity) collected at site 21 on the Malta Plateau.

lower half-space. The density estimates for the core were
hand sampled, so core error estimates are difficult to assess.

D. Site 21

Figure 14 shows the seismo-acoustic recordings for site
21 (direct arrival at 0.084 s, bottom-response at 0.099 s),
which include a strong reflection off the ship’s hull starting at
0.088 s and running into the bottom reflection at about
500-m range. The seismo-acoustic data for site 21 (Fig. 14)
show a particularly complicated bottom-response
(>0.099 s). This indicates that several layers close to the
water-sediment interface may be required to sufficiently
model the data. In fact, the model selection study (Fig. 8)
favors a six-layer model over all other models considered,
providing the appropriate number of layers in a case where
this is not at all obvious from the seismo-acoustic recordings.

The reflection-coefficient data for site 21 (Fig. 15) show
the most complicated angular dependence of all sites consid-
ered in this study, indicating a complicated layering structure
of the seabed. The data are fairly noisy at low angles and
frequency bands, but improve for the higher bands. There-
fore, a higher bandwidth from 500 to 4000 Hz was chosen
for this site. Figure 15 shows that the interference structure
of the data is matched well by the inversion results across all
frequencies. The profile marginals in Fig. 16 show a compli-
cated layering structure. In particular, the first 0.5 m of the
sediment show three layers starting with a thin layer of low
velocity and density. Below that, sound velocity increases to
about 1-m depth, with a low-velocity layer following. Below
these five relatively thin layers is a thicker ~1-m layer with
the highest sound velocity. The lower half-space shows
sound velocities between 1500 and 1600 m/s.

The densities of the site appear to be generally high.
After the thin first layer, density increases rapidly over the
upper-most meter. Beyond 1 m, the density remains high un-
til it decreases in the lower half-space. Attenuation is gener-
ally low and most constrained in the thickest layer. There is
virtually no sensitivity to attenuation in the lower half-space.

The core estimates in Fig. 16 show a strong density gra-
dient over the first 25 cm of the core followed by a fairly
constant interval. The velocity structure appears more com-
plicated with a thin layer of fairly constant sound velocity
followed by a gradient and finally a fairly constant interval.
The overall agreement between the inversion results and the
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FIG. 15. Measured data (dots) and inversion fit (line) for site 21.

core estimates is excellent, and the inversion results provide
a good approximation to the gradients indicated by the core.

E. Posterior residual statistics

To ensure meaningful data error estimates for the inver-
sions, posterior statistical tests were carried out for raw re-
siduals d—d(m) and for standardized residuals Cc_ll/ d
—d(m)] to examine the assumptions of Gaussian random er-
rors. The results for the tests are summarized in Table II and
indicate that the estimated covariance effects accounted for
in the standardized residuals lead to a profound improvement
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FIG. 16. (Color online) Marginal-probability depth distributions for site 21.
Core measurements indicated by line with error bars on every fifth point.
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TABLE II. Results of KS and runs tests for all experiment sites. The values
give the numbers of frequency bands where residuals passed the tests (at a
0.05 level) out of the total number of frequency bands included in the
inversion for both raw and standardized residuals.

KS test Runs test
Site Raw Standardized Raw Standardized
5/8 4/8 1/8 5/8
5 1/6 6/6 0/6 4/6
1 4/9 9/9 0/9 6/9
21 2/10 7/10 0/10 8/10

over the raw residuals. However, some test results for the
standardized residuals still appear to be potentially unsatis-
factory.

One of the most problematic test results involve the as-
sumption for randomness at site 1, where the standardized
residuals fail the runs test at six out of nine frequency bands.
To consider this case in more detail, Fig. 17 shows auto-
correlation functions for raw and standardized residuals at all
frequencies for this site. The wide center peaks for the raw-
residual auto-correlation functions indicate strongly corre-
lated data errors and long correlation lengths. The auto-
correlation functions for the standardized residuals show
narrow central peaks (one point wide) with a decrease in
correlation by an order of magnitude to the neighboring
points. This means that even though the runs test detects the
presence of correlation in the standardized residuals, the
level of correlation is very low and is likely not a concern for
practical purposes. Table II also indicates unsatisfactory KS
test results for site 21. Figure 18 compares histograms of the
raw and standardized residuals for each frequency to a stan-
dard Gaussian distribution. The histograms indicate roughly
Gaussian distribution shapes and no significant outliers;
rather, several of the histograms appear somewhat more
peaked than the Gaussian distribution. Therefore, a Gaussian
distribution seems to be a reasonable approximation for the
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residuals. Auto-correlation and histogram plots for other sites
that failed the runs and/or KS test (Table II) are similar to
Figs. 17 and 18 and are not shown here. Overall, these re-
sults suggest that data errors are characterized reasonably
well, providing confidence in the inversions.

V. SPATIAL VARIABILITY ALONG THE TRACK

This section discusses and compares the reflection inver-
sion results to study sediment spatial variability along the
experiment track. Figure 19 shows the sound velocity and
density posterior mean models plotted along the track from
north to south. To give an impression of the uncertainty as-
sociated with the mean profiles, the width of the profiles
corresponds to the 90% highest probability density credibil-
ity interval. Figure 19(c) shows part of a chirp sub-bottom
profile (see Fig. 3) taken between sites 4 and 21 scaled to
approximately fit the geometry of the sites. The basic geo-
logic interpretation identifying five main features in the full
chirp section (Fig. 3, discussed in Sec. III B) is indicated by
heavy solid lines in Figs. 19(a)-19(c). The layer thickness
results of the inversion profiles can be compared to the geo-
logic interpretation where the dashed lines indicating site
position intersect the heavy lines of the interpretation.

To quantitatively compare the inversion results along the
track, profile marginals for adjacent sites are compared sta-
tistically by computing the BC (Ref. 4) as a function of
depth. The BC is defined as

BC(p.q) = f Vp(x)g(x)dx, (6)

where p and g are probability distributions over the same
variable x. The BC is one method to measure the degree of
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interpretation.

overlap of two distributions by integrating over the geomet-
ric mean of the distributions. The coefficient is O if no over-
lap exists and 1 if the distributions are identical. Figure 20
shows several examples of distributions with different
amounts of overlap and the corresponding BCs for velocity
profile marginal distributions for pairs of adjacent sites along
the track. For each pair of sites, four discrete depths are
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shown (as indicated in Fig. 21) and the corresponding BC
values are also given. Although there is no clear cut-off,
values of BC<<0.3 indicate relatively little overlap, suggest-
ing the underlying quantities likely differ. Values of BC
>(.4 indicate substantial overlap, suggesting similar quanti-
ties. How similar distributions are interpreted depends on the
state of information of the underlying geoacoustic properties.
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FIG. 20. Marginal-probability distributions for selected depths (see Fig. 21)
for each pair of adjacent sites. Solid lines indicate the northern site of the
pair, and dotted lines indicate the southern site. In some panels, plot bounds
are chosen smaller than prior bounds for graphical purposes.

Similar but very wide uncertainty distributions (e.g., ap-
proaching the width of the prior bounds) provides little in-
formation regarding whether the underlying properties are
similar or different. Similar narrow distributions provide rea-
sonable confidence that underlying properties are similar.
Figure 21 shows the BC for sound-velocity profile mar-
ginals for pairs of adjacent sites as a function of depth. Com-
paring the two most northerly sites, sites 4 (Fig. 6) and 5
(Fig. 10), the low-velocity sediment of site 4 can be found at
site 5 (and all other sites), as evident in Fig. 19. With increas-
ing water depth and distance from the coast of Sicily (south-
wards), the low-velocity layer decreases in thickness. While
the layer thickness is greater than 4 m at site 4, it decreases
to 2.25 m at site 5 (Fig. 10), 0.5 m at site 1 (Fig. 13), and

Sites 4 and 5

Sites 5 and 1 Sites 1 and 21

02 04 06 08 02 04 06 08 02 04 06 08
BC

FIG. 21. BC of sound velocity as a function of depth for each pair of

adjacent sites (solid line). Dotted lines indicate BC=0.3. Particular depths

for which marginal distributions are compared in Fig. 20 are indicated as

dashed lines.
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FIG. 22. Velocity profile marginal distributions at single depths for the
high-velocity layer at sites 5 (solid), 1 (dashed), and 21 (dotted).

only a few centimeters at site 21 (Fig. 16). Quantitatively,
Fig. 21 shows a high degree of overlap between the upper
low-velocity sediment at all sites, quantifying the presence of
the low-velocity sediment wedge. Figure 21 also shows a
high degree of overlap between the upper low-velocity sedi-
ment at all sites, with BC values of 0.3-0.8. This, together
with the relatively narrow marginal distributions shown in
Fig. 20, suggests similar sediments corresponding to the low-
velocity wedge that are present at all sites. Sites 1 and 21
show more complicated layering in the upper-most part of
the sediment than the other sites (Fig. 19).

Below the low-velocity sediment layer, sites 5 and 1
both show a distinct high-velocity layer. From the geologic
interpretation of the chirp section (Fig. 19), this high-
velocity layer should also be present at site 21. Site 21 shows
fairly complicated layering and the inversion results (Fig. 16)
indicate strong velocity and density gradients in the upper-
most sediment. To quantitatively examine the continuity of
the high-velocity layer, the layers connected by the geologic
interpretation can be compared using BC values for sound
velocities. The BC value for sites 5 (at 3-m depth) and 1 (at
1.3-m depth) is 0.49, indicating substantial overlap and,
hence, strong evidence for the same sediment velocity. How-
ever, sites 1 and 21 show a value of BC=0.00, indicating no
overlap. Figure 22 illustrates these results with sound-
velocity marginals taken at single depth in the high-velocity
layer at each site. Marginals for sites 5 and 1 overlap sub-
stantially, but significantly lower velocities are indicated for
site 21. Since the chirp section shows complicated structure
between sites 1 and 21, it is not surprising that the sound
velocity changes in this layer between these sites.

Results for site 21 also show a high-velocity layer that
terminates at 2.7-m depth, which is not present at site 1. The
geologic interpretation of the chirp profile indicates a layer
pinching out between these sites that appears at a similar
depth (~3 m) in the vicinity of site 21.

The results for the lower half-space at all sites are not as
well determined as the upper layers, since the half-space is
not constrained by reflection information from a lower inter-
face. Nevertheless, the sound velocities for sites 1 and 21
appear to be similar at around 1550 m/s (Fig. 19). This ob-
servation is also supported by a BC of 0.42 (Fig. 21). Den-
sities are also similar around 1.65—1.85 g/cm?® (Fig. 19). The
half-space at site 5 shows a somewhat higher velocity of
1650 m/s. The BC between sites 5 and 1 is 0.01, indicating
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dissimilar distributions (Fig. 21), and this is fully supported
in the chirp profile [deepest black line in Figs. 19(c) and 3]
which indicates that the lowermost sediments at site 5 are
distinct from those at sites 1 and 21.

VI. SUMMARY AND DISCUSSION

This paper developed a general approach to examine
lateral variability of seabed sediments from a series of one-
dimensional inversion results. To meaningfully analyze vari-
ability between measurement sites requires addressing sev-
eral important issues: (i) determining a geoacoustic
parametrization for each site that represent only structure
supported by the data (carried out here using Bayesian model
selection), (ii) rigorous geoacoustic uncertainty estimation
for each site so that lateral variability can be differentiated
from inherent inversion uncertainties (nonlinear Bayesian in-
ference), and (iii) a quantitative measure of parameter differ-
ences that accounts for uncertainties (e.g., the BC).

Reflection inversions were carried out for four sites
along a track on the Malta Plateau using Bayesian inference.
Model selection based on the BIC was applied to determine
appropriate parametrizations in terms of the number of sedi-
ment layers comprising the seabed model. Determining the
appropriate number of layers is important to reasonably rep-
resent the uncertainty of the inversion results, since under-
parametrization can lead to underestimating uncertainty and
over-parametrization can lead to overestimating uncertainty.
Residual analysis was applied to estimate full data covari-
ance matrices at multiple frequency bands, and posterior sta-
tistical and qualitative tests were carried out to examine the
validity of the statistical assumptions and establish confi-
dence in the inversion results. The sediment sound-velocity
and density profiles computed via reflection inversion agreed
well with core measurements at each site.

The inversion results for the four sites were used to infer
information about the spatial variability of the seabed along
the track. Pairs of adjacent sites were compared qualitatively
and examined for common features. Four main features were
identified in the inversion results. First, a low-velocity sedi-
ment layer is present at all sites and decreases in thickness
from north to south. Below this sediment wedge, a high-
velocity layer appears at site 5 (approximately 13 km along
the track) and is also present at site 1. Below the high-
velocity layer, a change in basement sound velocity between
sites 5 and 1 indicates a potential additional layer that
pinches out between these two sites. Finally, a prominent
high-velocity layer present only at site 21 indicates an addi-
tional layer pinching out between sites 1 and 21.

The continuity of these main features were examined
quantitatively by measuring the overlap of sound-velocity
profile marginal-probability distributions with the BC. The
BC clearly quantifies the presence of the low-velocity wedge
as well as the change in the sediment half-space between
sites 5 and 1. The BC also indicated significant overlap of the
half-space sediment properties between sites 1 and 21. Fi-
nally, the BC also indicated substantial overlap between the
high-velocity layers of sites 5 and 1.
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The inversion results were compared to the geologic in-
terpretation of a chirp sub-bottom profile which identified the
low-velocity sediment wedge, the high-velocity layer, a layer
that pinches out between sites 1 and 21, and a change in
lower half-space velocity between sites 5 and 1. Evidence for
all geologic features was present in the inversion results.
However, the high-velocity layer identified in the inversion
results at sites 5 and 1 was not obvious in the inversion
results at site 21. Nonetheless, the chirp section clearly con-
nected this layer with a layer at site 21 and therefore indi-
cates a significant change of the geoacoustic properties of
this layer along the track.

Several previously published results® ™’ for this area
produced velocities at the half-space depth (2—4 m) which
are in good agreement with the values presented in this
study. In particular, Siderius et al.,zs, Fallat et al.,26,
Holland,”* and Dosso” found 1552, 1566, 1600, and
1526 m/s, respectively, from inversion of matched-field, re-
flection, and reverberation data.

Attenuation estimates for the shallow low-velocity
wedge agree well at three (5, 1, 21) of the four sites, as
shown in Figs. 10, 13, and 16. Only the attenuation at site 4
differs significantly (Fig. 6). In general, attenuation values
are not as easy to interpret as velocity and density, since the
attenuation values inferred from inversion are likely effective
values that account not only for the intrinsic attenuation of
the sediment, but likely also for other effects such as rough-
ness or scattering.

The results presented in this paper indicate that inver-
sion of reflection-coefficient data can provide high-resolution
geoacoustic profiles with uncertainties suitable for interpre-
tation of lateral variability between measurement sites.
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Temporal and spatial coherence of sound at 250 Hz and 1659 km
in the Pacific Ocean: Demonstrating internal waves and
deterministic effects explain observations
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The hypothesis tested is that internal gravity waves explain temporal and spatial coherences of
sound at 1659 km in the Pacific Ocean for a signal at 250 Hz and a pulse resolution of 0.02 s. From
data collected with a towed array, the measured probability that coherence time is 1.8 min or longer
is 0.8. Using a parabolic approximation for the acoustic wave equation with sound speeds
fluctuating from internal waves, a Monte-Carlo model yields coherence time of 1.8 min or more
with probability of 0.9. For spatial coherence, two subsections of the array are compared that are
separated by 142 and 370 m in directions perpendicular and parallel to the geodesic, respectively.
Measured coherence is 0.54. This is statistically consistent with the modeled 95% confidence
interval of [0.52, 0.76]. The difference of 370 m parallel to the section causes spatial coherence to
degrade deterministically by a larger amount than the effect of internal waves acting on the 142 m
separation perpendicular to the section. The models are run without any tuning with data. © 2009

Acoustical Society of America. [DOI: 10.1121/1.3133243]

PACS number(s): 43.30.Re [RCG]

I. INTRODUCTION

The temporal and spatial coherences of sound are esti-
mated from a towed receiving-array with signals originating
from an acoustic source over the Hoke seamount at 1659 km
distance [Fig. 1(e)]. The signal is centered at 250 Hz with a
bandwidth of 50 Hz (1/50=0.02 s pulse resolution). We test
the hypothesis that coherence scales are accurately modeled
by fluctuations of internal gravity waves obeying the
Garrett—-Munk spectrum.l’2 The test uses standard methods in
acoustics and oceanography with no effort to tune the models
with data. A Monte-Carlo technique yields time-varying im-
pulse responses at the receiver by evolving the internal wave
field using a linear dispersion relation. If the temporal scales
from the data and model agree, it would be the fourth time
agreement is found using the models in this paper (Table I,
Fig. 1). Another comparison with data is inconclusive be-
cause acceleration of the instruments is not accounted for
even though it appears that acceleration significantly affects
coherence.’ If the spatial scales of coherence from the towed
array are consistent with measurements, it would also be the
fourth time that the standard spectrum for internal waves
could account for such phenomena.HO One of these analyses
uses the data to set a model parameter to fit the data.’ It
appears that model does not compare well without tuning
with data.

There are two reasons for again testing the ability of
models to predict coherence. First, coherence is important
for acoustic communication, signal processing, acoustical
oceanography, and theoretical studies. Second, the author
does not believe enough comparisons with data have been
made for enough frequencies, distances, and oceans to state
with certainty when modeled coherence yields accurate pre-
dictions. It appears justifiable to form a strong scientific
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background comprised of hundreds of papers published by
numerous investigators. In this paper, comparison of tempo-
ral coherence is made at higher frequency and shorter dis-
tance than before. Previous frequencies were near 75 and 133
Hz,3 -5 and involved distances between 3000 and 4000 km.

Il. EXPERIMENT AND DATA PROCESSING

A Hydroacoustics HLF-5 source was deployed over the
Hoke seamount in the North Pacific in 1999 by Chiu and
co-workers.'"'? It was located at 32.105 33° N 233.088 83°
E at a depth of 673 m. It is tautly moored 104 m above its
anchored position on the seamount. We concern ourselves
with a single transmission at 00:00 Greenwich Mean Time
on 14 September, 1999. The transmission consists of 11 pe-
riodic linear shift register M-sequences lasting 135.036 s.
Each period lasts 12.276 s and consists of 1023 digits. Each
digit consists of three cycles of carrier at 250 Hz, and is
encoded by modulating the phase of the carrier by
+88.209 22°. The sequence law is 2033g. The source level is
192 dB re 1 wPa at 1 m (132 W). The pulse resolution is
about 0.02 s. Bathymetry of the Hoke Seamount was mea-
sured using a Knudsen echo-sounder from the R/V POINT
SUR in May 1999."

The signal was received on a towed array at 171 m depth
near 46.9023° N and 230.3542° E. The location is written
with greater precision than its accuracy of 1 km so that oth-
ers can reproduce the model results of this paper. The ship
was heading at 12° true at a speed of about 1.7 m/s. Since the
bearing angle from the source is about —9° true, the signal
arrives near endfire [Fig. 1(e)]. Data were separately pro-
cessed from two parts of the array to investigate spatial co-
herence. Going perpendicular to the geodesic between the
source and receiver, the ends were separated by 142 m. In a

© 2009 Acoustical Society of America



FIG. 1. Five sections where blind pre-
dictions of coherence time have been
made. (A) 3115 km between a bottom-
mounted source on Kauai (75 Hz, 0.03
s resolution) and a towed receiver, (B)
3683 km between the same source and
a towed receiver, (C) 3709 km be-
tween a bottom-mounted source at Ka-
neohe Bay, Oahu (133 Hz, 0.06 s res-
olution) to SOSUS station mounted on
the bottom, (D) 3250 km transmission
between source dangled from R/V Flip
(75 Hz, 0.03 s resolution) and a verti-
cal array, and (E) 1659.32 km trans-
mission reported in this paper between
a source moored over the Hoke sea-
mount (250 Hz, 0.02 s resolution) and
a towed array. Heading of the towed
array is 12° true (arrow).

oYy
50—
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40~
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direction parallel to the geodesic, the ends are separated by
370 m. These are called the “cross” and “along” geodesic
separations, respectively.

A beam is steered toward the source from each end us-
ing a standard non-adaptive time-domain beamformer. The
beam is much wider than any variation in signal direction.
Data are Doppler corrected for each separate M-sequence
period to yield the largest output of a matched filter. The
signal-to-noise ratio (SNR) of the highest peak in each pe-
riod was about 29 dB. In this paper, the level of noise used in
computing the SNR is computed from a portion of the im-
pulse response where signal does not occur. Using the best
Doppler correction for each period, a coherent average was
applied to 9 of the 11 periods, yielding a peak SNR of 38 dB
[Fig. 2(a)]. 2 of the 11 periods were unprocessed to avoid
end-effect sidelobes that occur when match filtering with an
M -sequence.1 Coherence times up to nine periods, or
12.276 X9=110.484 s, can be investigated here. The ship
traveled 1.7 m/s X 110.484=188 m during this interval.

TABLE I. Summary of five experiments where a Monte-Carlo technique is
used to see if modeled and measured coherence times of sound are consis-
tent. Section letter refers to Fig. 1. Analysis of sections A, B, and C are from
Refs. 3-5, respectively. Results from section D are inconclusive because
observations of coherence time may not quite be complete (Ref. 6). This
paper concerns section E.

Distance  Frequency Pulse resolution
Section (km) (Hz) (s) Data-model agree?
A 3115 75 0.03 Yes
B 3683 75 0.03 Yes
C 3709 133 0.06 Yes
D 3250 75 0.03 Inconclusive
E 1659 250 0.02 Yes
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Coherent averages are constructed by weighting records
according to their noise variance. The result for complex
demodulate d; is

j=1 J
d)=5r > (1)
2]:1 lo;

where J is the number of coherent averages, and the variance
of the noise in record j is o'J2 The variance of the noise is
estimated from a portion of the impulse response without
signal.

Because location of the array is only known within 1
km, it is not possible to compare with models the absolute
time of signal propagation between the source and receiver.

lll. MODELS

Models for the oceanic environment and the propagation
of sound are described next.

A. Environment

As there were no in-situ environmental measurements,
climatological archives of ocean properties were used in the
modeling. They are almost always sufficiently accurate to
derive an acoustic impulse response that looks like day-long
averages of the measured response.13 The speed of sound
along the section is computed with Del Grosso’s algorithm14
and Levitus’ climatological averages15 of temperature and
salinity for summer. The depth of minimum speed varies
from 560 m at the source to 430 m at the receiver. Since the
acoustic models use Cartesian coordinates, the sound-speed
profiles are translated to Cartesian coordinates using the
Earth-flattening transformation. 16
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Internal waves are modeled with the Garrett-Munk'>
spectrum, with details published elsewhere.'” Currents are
ignored, being two orders of magnitude less than sound-
speed perturbations arising from adiabatic vertical displace-
ments of water in the upper ocean. The perturbations are
added to the climatology of sound speed described above.
The complete set of internal wave modes is precomputed and
retrieved as needed at range intervals of 80 km to account for
changes in water depth, buoyancy frequency, and sound
speed. Vertical displacements of these modes are set to zero
at the surface and bottom. For each 80-km interval, a three-
dimensional field of internal waves is computed in a box of
80 km X80 km XD m where D is the average depth of the
ocean in that interval. A vertical slice through the box gives
the vertical displacements along the geodesic for any desired
section. Temporal evolution of the field is governed using the
linear dispersion relation. The energy of the internal wave
field is taken to be that specified by Garrett and Munk."?

Bathymetry along the section consists of a steeply slop-
ing region at the seamount, followed by an abyssal region
until 900 km (Fig. 3). This is followed by a region marked by
ridges and seamounts over a bottom with depths between
2500 and 3000 m. Older and newer bathymetric databases
are shown to indicate substantial differences (Fig. 3). Al-
though the model uses the newest data, it is not clear if it is
accurate enough to yield an accurate impulse response of the
acoustic field.

The parabolic approximation of the acoustic wave equa-
tion requires parameters to describe acoustic propagation in
the bottom of the ocean. These are provided to make it easier
for others to replicate our model. The thickness of the sedi-
ment, and the ratio of the sediment to water density are taken
from the Laske-Masters database at 50-km intervals.'® The
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thickness varies non-monotonically along the section within
the interval 155-407 m. The thickest sediments occur at dis-
tances between 550 and 1300 km from the source. The sound
speed at the top of the sediment divided by that at the bottom
of the water column is 1.02. The density of the sediment
varies from 1.8 to 1.7 gm cm™>. The attenuation in the sedi-
ment is

a(f) = agf’ (dBm™), (2)

where f is the frequency in kHz, p=1, and a
=0.02 dB m~! kHz . The speed in the sediment is taken to
increase with depth as 1 s™'. The speed in the basement
divided by that at the bottom of the sediment layer is 2. The
density of the basement layer is 2.5 gm cm™. The attenua-
tion in the basement is given by Eq. (2) except ag
=0.5 dB m~! kHz™! and p=0.1. While all these geoacoustic
parameters may not match those along the section, coherence
of modeled multipath is probably insensitive to their values.
They would likely change their amplitudes, but this does not
seem to be important for comparing measured and modeled
probability distributions of coherence in time nor modeled
values of spatial coherence as long as most observed paths
are present in the model.

B. Acoustic models

This parabolic approximation21 outputs a two-
dimensional field of sound along the geodesic from O- to
8000-m depth. Tests suggest that travel times of pulses are
computed with an accuracy of a few milliseconds.?’ The re-
sult is insensitive to reasonable variations in a reference
speed of sound, which is why it is called the sound-speed
insensitive approximation. The impulse response is com-

John L. Spiesberger: Coherence from Hoke source



500 T T T T T T

1000 |
1500 |
2000

£ 2500

3000

DEPTH

3500

4000

4500 -

5000 | | | | | |

FIG. 3. Two estimates of bathymetry
along section E in Fig. 1. Both esti-
mates incorporate experimental mea-
surements of bathymetry within 2.8
km of the acoustic source moored over
the Hoke seamount (Ref. 11). The
thicker line is from a 1987 database of
depth (Ref. 19). The thinner is from a
2006 database (Ref. 20).

| | J

0 200 400 600 800 1000 1200

DISTANCE (km)

puted by applying an inverse Fourier transform to many
single-frequency computations. Calculations of horizontal
coherence of sound at the receiver are made assuming sound
propagates without effects due to diffraction, refraction, and
scattering in the horizontal coordinate. Instead, computations
are made by approximating the solution of the acoustic wave
equation with two-dimensional vertical slices through the
modeled ocean. Despite the ubiquitous use of this vertical
slice approximation, a rigorous justification has apparently
not been published for the frequency considered here (250
Hz). Vertical slices of sound speed are obtained from the
three-dimensional field of internal waves (Sec. III A). The
convergence of the parabolic approximation is found by
halving the grid sizes until the answers do not change sig-
nificantly. We use a vertical grid spacing of 1.95 m. The grid
separation in the horizontal dimension varies between 10 and
50 m. A separation of 10 m is used when the bathymetry is
steep, such as near the Hoke seamount.

IV. IMPULSE RESPONSE

The SNR increases monotonically with the number of
M-sequence periods coherently averaged. As mentioned in
Sec. II, the peak SNR from each processed period is 29 dB.
If each period was perfectly coherent and the noise was un-
correlated from period-to-period, a coherent average of all
nine periods would have a SNR of 29+10log,9
=38.5 dB. This is about the same as the 38 dB measured
from the coherent average [Fig. 2(a)]. The coherent averag-
ing scheme that uses variable Doppler for each M-sequence
period appears to yield a SNR close to the best that can be
expected from theory.

The impulse response starts near 1121.75 s and ends
near 1123.5 s [Fig. 2(a)]. This is aligned by eye to the best
model result available in this paper [Fig. 2(b), thick line].
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[Comparison of absolute times is impossible because loca-
tion of the receiver is uncertain within 1 km (Sec. II).] This
model is an incoherent average of 61 impulse responses
computed through internal waves at 3-h intervals. Each im-
pulse response is synthesized from 512 single-frequency runs
of the parabolic approximation.21 We find that separate inco-
herent averages from the first 31 and last 30 impulse re-
sponses are similar (not shown). Therefore, the incoherent
average converged. 1 of the 61 impulse responses is shown
[Fig. 2(b), thin line] to give an idea of how much the inco-
herent average smoothes a typical impulse response. Note
the energy lasts longer in the data than the model by about 1
s [Fig. 2(a)]. This could be due to errors in bathymetry or too
much attenuation in the bottom for later-arriving multipath.
Another possibility is that the acoustic energy undergoes an
extension in time due to a bias incurred from oceanic mesos-
cale. This hypothesis has been discussed, but not confirmed
deﬁnitely.17 Our environmental models do not include a me-
soscale. The author believes it unlikely that uncertainty of
energy in the internal wave spectrum would lead to an ex-
tension of 1 s, but this possibility cannot be excluded with
certainty without further modeling. This is beyond the scope
of this paper.

Without internal waves, the impulse response is shorter
[Fig. 2(c)]. One may question why the jagged nature of the
measured impulse response seems to better resemble the
model in panel (C), without internal waves, than the thick
line in panel (B), which includes internal waves. The reason
is due to the smoothing of the impulse response that created
the thick line in panel (B) through its incoherent averaging of
61 separate impulse responses. A single modeled impulse
response through internal waves is usually less smooth [thin
line, panel (B)]. The model in panel (C) is not an average,
and neither is the measurement in (A). From past
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expelrience,]3 we believe that a daily or longer incoherent
average of measured impulse responses would better re-
semble the thick line in panel (B) than in panel (C).

A. Interactions with surface and bottom

Time fronts indicate that the signal interacts with the
surface and bottom of the ocean (Fig. 4). The top 38 dB are
shown at each range because this is the SNR in the impulse
response derived from the coherent average [Fig. 2(a)]. At
distances exceeding about 1000 km, interactions with the
surface appear to occur more frequently (not shown) because
the acoustic waveguide rises toward the surface in the north-
ern cold water. Reports from NOAA/NODC buoys and the
volunteer ship observing program indicate crest to trough
wave heights between 3 and 4 m along this section on 14
September 1999. The standard deviation of wave height is
about 1 m.

The Rayleigh parameter, P=2kh sin 6, is useful for es-
timating effects of surface waves on sound, where the acous-
tic wavenumber is k, rms displacement of the surface is 7,
and grazing angle of sound with respect to the surface is 6.7
For the center frequency of 250 Hz, and a rather large graz-
ing angle of 5°, P~0.17. This extreme case is much larger
than predicted from ray traces (not shown), so the actual
values for P would be less. For P much less than 1, the
scattered wave can be thought of as specularly reflecting
from the surface with rms variation of radian acoustic phase
given by P.*? The calculation is a ray approximation where
the distance of a path is modified by a single interaction with
the rough surface. At finite frequency and finite bandwidth,
the region that influences each multipath expands from a
point to a finite horizontal region. The region expands with
decreasing frequency and increasing distance of
transmission.” For example, at 2500 Hz and a transmission

74 J. Acoust. Soc. Am., Vol. 126, No. 1, July 2009

TRAVEL TIME (s)

distance of 600 km, the region of influence is about 10 km
(Fig. 9 in Ref. 23). The region would be larger in this ex-
periment. We approximate the net effect of sound interacting
with the rough surface over one 10-km region as follows.
Since a typical crest-to-crest distance is about 50 m, there are
n=10 000/50=200 waves that interact with sound in 10 km.
This reduces the rms value of P for a single wave by the
factor 1/ \,';. The rms phase variation of 0.17 rad for one
interaction is reduced to 0.17/ \ﬂ%:0.0lZ rad. At 1659 km
range, and an acoustic interaction with the surface every 50
km, there are at most 1659/50 ~ 33 encounters of sound with
the surface. At 50-km spacings, the net effect of phase with
each surface interaction is statistically independent. There-
fore, the net rms phase from 50 interactions is a random-
walk process that increases by V33 the rms phase change
from 0.012 to 0.012y33=0.07 rad. This is a negligible varia-
tion in multipath phase at the receiver. Effects of surface
waves are too small to affect measurements of coherence.
Bottom spectra are less well known than the spectrum of
surface waves. However, it does not appear that acoustic
interaction with the bottom during the 135-s long transmis-
sion affects arrival structure. For the transmission, the ship
moves 370 m away from the source (Sec. II). The scale of
influence for the bottom is probably similar to that for the
surface, i.e., 10 km or more. Since 370/10 000<< 1, it seems
unlikely that the bottom significantly affects coherence.

V. TEMPORAL CORRELATION

In Sec. IV, we found that all nine impulse responses
could be coherently averaged to increase the SNR over that
for any individual impulse response. In this section, we in-
crease the degrees of freedom by computing coherence time
in small time windows from each impulse response.
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A. Data

Data are Doppler corrected as described in Sec. II. The
resulting impulse response for each of 9 periods is subdi-
vided into 71 windows of travel time of duration 0.02 s each.
The windows are chosen to cover energetic arrivals lasting
1.42 s. Even though the peak SNR of the entire impulse
response increases monotonically with the number of added
M-sequence periods (Sec. IV), this is not necessarily what
happens when subsections of the impulse response are con-
sidered separately. For each window, we compute the peak
SNR for each coherent average via Eq. (1) starting from
periods 1 to 9. Letting m denote the period yielding maxi-
mum SNR, coherence time for that window is computed us-
ing T=m12.276/60 min. An empirical probability distribu-
tion is plotted for these 71 values [Fig. 5(a)]. The most likely
coherence time is 1.8 min. It occurs with probability 0.8.
Lesser coherence times are distributed between 1.2 and 1.6
min. The probability distribution is insensitive to modest
changes in window duration. For example, when the duration
is changed from 0.02 to 0.05 s, the distribution looks almost
the same (not shown).

We now turn to the question as to whether the observed
variation of 0.1 m/s of effective Doppler during 1.8 min is
caused by the ocean or the instruments. Our previous expe-
rience with tautly moored sources in the Pacific and Atlantic
is consistent with maximum speed, v,, of a few cm/s near
semi-diurnal and diurnal periods. Therefore, change in
source speed in geophysical time interval 7 has maximum
value, ov=2mm,/T, where T is the period. For v,
=0.02 m/s, 7=1.8 min, and 7=12 h, sv=3.1X10"* m/s.
This is too small to explain a 0.1 m/s change in Doppler. On
the other hand, a change in 0.1 m/s is entirely possible for
the towed receiver. Changes in barotropic currents or other
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short-term fluctuations of currents and sound speeds, includ-
ing internal waves following a Garrett—Munk spectrum, are
more than a factor of 10 too small to account for the ob-
served Doppler change of 0.1 m/s (Sec. VA of Ref. 4). Ac-
celeration of the receiver is the only mechanism we can think
of that could cause the observed variation in Doppler. It is
likely that the variable Doppler correction merely removes
effects from receiver acceleration and does not contaminate
the measured estimates of coherence time.

B. Model

The parabolic approximation yields the impulse re-
sponse for 122 records at 12 s intervals. (Internal waves
evolve by 12 s between computations.) This allows a com-
parison of coherence time near the same resolution as the
data (12.276 s).

The impulse response of each record is subdivided into
W=41 adjacent windows of width 0.02 s. This covers the
modeled impulse response lasting 0.8 s [Fig. 2(b)]. White
Gaussian noise with mean zero and variance o is added to
each record. The SNR of each realization is set to be the
same as the data in the following sense. Let the peak ampli-
tude of record j be a, j=1,2,3,...,122. The record-
averaged peak amplitude is a= 122‘12!3& ;- The variance is
determined by solving for o2 in 29=10 log;o(a*/0?) (dB).
This ensures that the record-average peak SNR is the same as
measured.

A bootstrap scheme is used to estimate coherence time
for each of 41 windows. First, we select at random B
=3000 different starting records among 122 possibilities. The
direction of the coherent average is selected at random to go
forward or backward in time with respect to the starting
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record. Nine total records are added together in the randomly
chosen direction. End point problems are handled by choos-
ing a direction that would not extend below 1 or above 122.
With nine records, we are exploring coherence times up to
9 records X 12 s/record/(60 s/min)=1.8 min. For each
starting record, coherence time is computed by selecting the
number of records, n, yielding the largest SNR where n can
go from 1 to 9. The coherence time is 121n/60 min. Letting
coherence time for bootstrap b of travel time window k be
Ty there are BW=3000X41=123 000 estimates of 7). An
empirical probability distribution is computed from these
[Fig. 5(b)]. It is similar to the data. The most likely coher-
ence time is 1.8 min, occurring with a probability of 0.9.
Histogram-bars have slightly different centers for the model
and data because the data and model are available at 12.276
and 12 s intervals, respectively.

VI. SPATIAL CORRELATION
A. Data

Coherent averages from 9 M-sequence periods were
computed from two sub-arrays whose cross- and along-
geodesic separations are 142 and 370 m, respectively (Sec.
IT). Each coherent average is computed by beamforming, us-
ing a matched filter with the emitted waveform, and by using
a variable Doppler scheme for each period to optimize aver-
age SNR. The peak SNR of each coherent average is 38 dB.
The energetic portion of each coherent average is about 1.5 s.
A normalized cross-correlation coefficient is computed be-
tween the single coherent average from one array with the
single coherent average from the other array. The value of
the correlation coefficient is 0.54. The SNR is so high that
virtually none of this degradation in coherence is explained
by noise.

B. Models

Degradation of spatial coherence in the presence of in-
ternal waves is computed using our model that places a hori-
zontal array at fixed distance from the acoustic source. In
other words, it does not have the flexibility of letting the
array be anything except perpendicular to the geodesic be-
tween source and receiver. The array is, however, not per-
pendicular to the geodesic. For convenience, we therefore
divide the modeling of spatial coherence into effects due to
cross-geodesic and along-geodesic components. Dividing
analysis into two components allows identification for inde-
pendent causes for de-coherence.

1. Cross-geodesic separations

We estimate the extent to which a horizontal separation
of 142 m (perpendicular to the section) can explain the mea-
sured correlation coefficient of 0.54. At 1659 km distance, a
10-km horizontal array is placed perpendicular to the geode-
sic with elements at 10 m spacing. Vertical sections of sound
speed are taken from the three-dimensional field of internal
waves between the source and each element on the array. No
attempt is made to model effects due to horizontal coupling
between the vertical sections. A similar approach has been
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discussed elsewhere.” The approximation has only been
shown to be valid up to a frequency of 75 Hz* It might be
valid at higher frequencies, but a direct numerical confirma-
tion apparently awaits future investigation.

The acoustic field at 250 Hz only is computed at each
array element for eight geophysical times at 8.4 h intervals.
An 8.4 h interval is more than enough to yield uncorrelated
impulse responses for this model. Using the bootstrap, we
find the normalized correlation coefficient for cross-geodesic
separation falls to e~' at 0.5 km (Fig. 6). Note the tight
bounds on correlation coefficients at the 95% confidence
limit. Since there are eight uncorrelated realizations of the
acoustic field on a 10-km long array, there are about 8
X10/0.5=160 degrees of freedom. Reading from the figure,
we see that the correlation coefficient is between 0.904 and
0.918 at 142 m. We conclude that a cross-geodesic separation
of 142 m cannot explain the measured correlation coefficient
of 0.54. We will see next that another mechanism does ex-
plain a coefficient of 0.54 when combined with the values
between 0.904 and 0.918 here.

2. Along-geodesic separation

We estimate coherence of the signal between two points
on the geodesic separated by 370 m. The parabolic approxi-
mation is used to compute the impulse response through the
same fluctuating internal wave field as before [Fig. 7(a)],
except the final range is decreased by 370 m. Comparing 61
impulse responses separated by 370 m at 3-h intervals, the
mean and standard deviation of the normalized cross-
correlation coefficient are 0.73 = 0.079. The 95% confidence
limits are in the interval [0.57, 0.83]. The lower limit is close
to the measured value of 0.54.

There appear to be three hypotheses for degradation of
modeled coherence in the along-geodesic component. (1)
Acoustic signals are affected by different components of the
internal wave field. (2) Travel times of multipath are sensi-
tive to interactions of sound with bathymetric features in the
presence of internal wave fluctuations. (3) The travel time
change for energy arriving at different inclination angles is
differentially affected for along-geodesic displacements in
the absence of internal waves. The first hypothesis does not
explain the degradation because we compute about the same
degradation when internal waves are absent. The second hy-
pothesis does not explain the degradation because we obtain
the same answer when the bathymetry is changed to be flat at
5 km of depth. The third hypothesis does appear to explain
the degradation. Using realistic bathymetry, but not internal
waves, the computed correlation coefficient is 0.7. This value
is within one standard deviation of the correlation coefficient
computed with internal wave fluctuations reported above
(i.e., 0.73%0.079).

An analytical calculation seems to confirm that degrada-
tion of correlation is primarily explained by the third hypoth-
esis. The change in acoustic phase for ray i at frequency f
due to a receiver horizontally displaced by éx along a geo-
desic is
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where 6; is the inclination angle of the ray at the receiver,
measured positive up from the horizontal. The equivalent
change in travel time is ot;= d¢;/f. The result is based on the
linearized assumption that the ray angle does not change
significantly for horizontal displacement dx. Consider [

temporally-resolved arrivals with amplitudes a;, i
=1,2,3,...,1 that have a simple time series
b= S, aycoslol T)]H[”T"] @
=2, a;coslw(t—T; —,
i=1 ' ! 3A/2

where the boxcar function, II, equals unity when its argu-
ment has absolute value of 1 or less, and is O otherwise. The
travel time of ray i is T;, the period of the sinusoid is A
=27/ w, and the speed of sound at the receiver is c¢. The
boxcar is unity for three periods, which is the same as the
emitted signal for this experiment. Thus, each arrival is rep-
resented by three cycles of carrier. When the receiver is
moved by Ox along the geodesic, the predicted time series is

I
g => a; coslw(t—T; - 5ti)]H{L_5ti] , (5)

p 3A/2

assuming a; are unchanged. To calculate the maximum value
of the cross-correlation coefficient between b(z) and g(), we
approximate the maximum lag to occur at &t;. We further
assume that the cross-correlation coefficient is primarily de-
graded due to changes in phase between corresponding paths
once corresponding paths in b(r) and ¢(¢) are approximately
lined up at lag ot;. This approximation neglects degradation
due to the fact that the boxcar envelopes for corresponding
paths will not quite line up due to differential effects of travel
time caused by various values of 6. Noting that the time-
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lation coefficient has maximum value

p=KI/J, (6)
where
! 3A2 ot
J= J b(1)dt = f ¢ (0dt = > aiz cos>——dt
i=1 -3A72
and
K=fb(t)q(t+ ory)dt.
Then,
! 3472
K=~ ai2 cos(S8¢p; — 5¢])f cos*(wt)dt.
i=1 -3A2
Substituting K and J into p we get
Ell.:l ai2 cos[ &xf(cos 6;—cos 6,)/c]
p= 1 2 (7)
2i:l ;i
For the simple case of a;=1,
I
1
p= 72 cos[ Oxf(cos 6;—cos 6,)/c] for a;=1,  (3)

i=1

so all the degradation is due to differences in arrival angle.

For the simple case of two arrivals, we solve for dx
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Using a modeled value of p=0.7, and for typical arrival
angles of eigenrays, #,=2° and 6,=9°, the needed along-
geodesic displacement, dx, is 610 m. This is less than a fac-
tor of 2 from the measured displacement of 370 m and con-
firms this hypothesis for explaining decorrelation in the
along-geodesic direction.

3. Combined along- and cross-geodesic effects

We seek 95% confidence limits for the cross-correlation
coefficient due to the combined effects of along- and cross-
geodesic separations. It is likely that effects from along- and
cross-geodesic separations are approximately statistically in-
dependent. So, it is likely that p= p,p, where p, and p, are
the coefficients due to along- and cross-geodesic separations,
respectively. The formal method for estimating confidence
limits for p is to empirically draw pairs of model realizations
of p, and p,, then form their product to obtain a realization
of p. From these, 95% confidence limits are obtained empiri-
cally. We sidestep this procedure because the 95% confi-
dence limits for cross-geodesic separation are narrow. We
approximate p,=0.91, its mean value at a separation of 142
(Fig. 6). Since the 95% confidence interval for p, is [0.57,
0.83], we approximate the 95% interval for p as 0.91
%x[0.57,0.83]=[0.52,0.76]. This is statistically consistent
with the measured value of 0.54. We did not attempt to find
a confidence limit for the measured value because only one
realization of spatial coherence is available and the SNR is
so high that effects from noise are negligible.
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We tested the hypothesis that the Garrett—Munk spec-
trum of internal gravity waves accounts for observations of
temporal coherence of sound for a 1659 km section in the
Pacific Ocean [Fig. 1(e)]. Sounds emanated from a 250 Hz
source following a phase-coded signal with 0.02 s resolution.
Without any tuning of the oceanographic or acoustic models
to fit the data, we obtain similar modeled and measured prob-
ability distributions of temporal coherence.

The model for spatial coherence is statistically consis-
tent with the measured value of 0.54. The model needs two
components to yield this result. The first is the decorrelation
of the signal due to internal waves due to displacements per-
pendicular to the section. The second is a deterministic effect
due to the difference in distance between the source and two
arrays at either end of the complete towed array. The array is
not perpendicular to the section. In this experiment, the de-
terministic effect leads to a larger loss of spatial coherence
than the effects from internal waves.

Modeled degradation of spatial coherence due to internal
waves is computed assuming negligible interaction of sound
between separate vertical slices of the acoustic field. An in-
direct confirmation of this approximation appears to come
from the statistical consistency between measured and mod-
eled values of spatial coherence.

Varying model parameters to test sensitivity of the re-
sults does not seem critical in predicting coherence in light
of the resemblance with data using archival parameters. This
paper is not a study in sensitivity analysis. It simply seeks to
determine whether the models are reliable predictors of co-
herence, and they are. This is an important finding. Another
study might investigate modifying the spectrum for internal

John L. Spiesberger: Coherence from Hoke source



waves. However, variations should be done realizing the
spectrum from the literature was fitted to myriads of hydro-
graphic data collected world-wide.

It is important to continue comparing with models co-
herence from other experiments since coherence is important
for numerous applications (Sec. I). Comparison here is made
at higher frequencies and shorter ranges than before (Sec. I).

It is possible that the probability distribution for coher-
ence time could exceed 1.8 min. We did not address this
question because the hypothesis is untestable with our data.
What seems to be important is that the modeled probability
distribution looks like that derived from data when both are
analyzed in the same way.

Finally, the Monte-Carlo impulse responses are run on a
supercomputer. Others are working on faster methods for
implementing Monte-Carlo methods.”
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Underwater acoustic beam dynamics
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Ray- and mode-based theoretical predictions of the spreads of directionally narrow beams are
presented and compared to parabolic-equation-based simulations in deep-ocean environments. Both
the spatial and temporal spreads of beams are considered. The environments considered consist of
a range-independent deep-ocean background sound channel on which a highly structured
sound-speed perturbation, associated with either internal waves or homogeneous isotropic
single-scale turbulence, is superimposed. The simulation results are shown to be in good agreement
with simple theoretical expressions which predict that beam spreading, in both the unperturbed and
perturbed environments, is largely controlled by a property of the background sound channel—the
ray-based stability parameter « or the asymptotically equivalent mode-based waveguide invariant
B. These results are consistent with earlier results showing that wavefield structure and stability are
largely controlled by a (or B). © 2009 Acoustical Society of America. [DOI: 10.1121/1.3139901]

PACS number(s): 43.30.Re, 43.30.Bp, 43.30.Cq, 43.30.Ft [JAC]

I. INTRODUCTION

In this paper the spreading, both spatial and temporal, of
directionally narrow beams of sound in deep-ocean environ-
ments is considered. Both types of spreading are shown to be
controlled by a property, the stability parameter « (defined
below), of the background sound-speed profile. The work
presented represents the convergence of four seemingly un-
related lines of research. First is ray-based work'™" in which
it is shown that various measures of wavefield structure and
stability in both unperturbed (range-independent) and per-
turbed (e.g., by internal waves) sound channels are con-
trolled by a. Second is mode-based work'®>? in which it is
shown that various mode-based descriptors of wavefield
structure and stability are largely controlled by the mode-
based waveguide invariant B (defined below). An important
connection between the ray- and mode-based analyses was
established in Ref. 31 by showing that when 3 is evaluated
asymptotically (making use of a WKB analysis), 8= a. Third
is work involving the propagation of beams in the study of
finite frequency wavefields that, in the ray limit, exhibit cha-
otic behavior.**** Fourth is work®*~’ on “weakly divergent
beams,” which have been shown to have special properties.
The connection between the weakly divergent beams and
work on « and S is that the former are defined by a condition
which is shown below to be equivalent to a=0=8. We do
not in this paper consider the construction of solutions to the
wave equation using a summation of Gaussian beams (see,
e.g., Ref. 38 and references therein, and Ref. 39).

The terms “beam” and “ray bundle” were used loosely
in Refs. 34-37 inasmuch as these papers considered wave-
fields produced by point sources which excite energy at all
angles, i.e., a continuum of beams were excited. In contrast,
in this paper, we consider directionally narrow beams whose
generation requires an array with nonzero aperture. Specifi-
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cally, we consider sound fields generated by a vertical array,
forming a fairly narrow beam in the range-depth plane. The
advantage of considering directionally narrow beams is that,
because the ray stability parameter « is in general a function
of ray launch angle, narrow beams are better suited to eluci-
date the role of « than are directionally broad beams, which
generally contain rays corresponding to a broad range of
a-values. (Similar statements can be made if one adopts a
mode-based description of the propagation and replaces « by
B.) We consider both the spatial spread of beams (in either
cw or transient wavefields) and the temporal spread of beams
in transient wavefields. Both types of spread are shown to be
controlled by a (or B if a modal wavefield description is
adopted).

In Sec. II, relevant theoretical results are presented and
some numerical details are described. In Sec. III, numerical
results are presented and discussed. In Sec. IV, we summa-
rize our results, returning to the four lines of research men-
tioned above, and provide a brief discussion of the broader
implications of our results.

Il. THEORETICAL BEAM SPREAD ESTIMATES

The three subsections that follow focus on, respectively,
ray- and mode-based background theoretical material, spatial
beam spreads, and temporal beam spreads.

A. Preliminary theoretical results

We begin with a discussion of ray-based theoretical re-
sults. Extensive use is made of the action-angle description
of ray motion as this description provides the most concise
statement of ray-based estimates of beam spreads, and be-
cause action-angle variables provide a direct link with mode-
based theoretical considerations that will follow. The mate-
rial in this subsection is closely related to the background
material presented in many papers including Refs. 4-6, 8§,
14, and 30.

© 2009 Acoustical Society of America



We consider propagation in the vertical plane (z,r) and
make use of the one-way description of ray motion. The
ray/travel time equations have Hamiltonian form

%_i] dT  dz

s ) = __H9 1
dr dz  dr dp dr pdr M)

dp __H

with Hamiltonian
H(p,z,r) == \c(z,r) - p*. (2)

Here c is sound-speed, and p=p, and —H=p, are the vertical
and horizontal components of the slowness vector p; op=k
where o=2mf is the acoustic frequency and k is the wave-
number vector. The relationship between p and ray angle ¢,
measured relative to the horizontal, is cp=sin ¢.

We focus here on the background range-independent, ¢
=c(z), problem. The phase space variables (p,z) can be re-
placed by a more convenient set of variables, so-called
action-angle variables, (1, #). To simplify our discussion, we
shall assume that c¢(z) has a single minimum so that rays
have two (upper and lower) turning points. The canonical
transformation from (p,z) to (I,6) involves a generating
function G(z,I) which can be taken to be (there is some
flexibility in the choice of integration limits which is tied to
the choice of where, along a ray, 6=0)

z

G(z,])=ml = f Ve 2(é) - H?dé, (3)
Z(H)
where
L[
I(H) = —f Ve (z) - Hdz, (4)
TJ A(H)

0=0G/dl, p=dG/dz, and the turning depths Z and 7 satisfy
c(2)=c(?)=—1/H. The = signs in Eq. (3) correspond to *p.
In terms of (I, ), H=H(I) and the ray-travel time equations
are

dl oH do oH

==, _:_:w(l)s

dr 00 dr dl

dT d

—=Iw(l)-H()+—(G-10). (5)
dr dr

Here H(I) is defined by Eq. (4). Note that the same symbol H
is used to denote the Hamiltonian whether the independent
variables are (p,z) or (I, 6); this is done because the trans-
formation from (p,z) to (I, 6) leaves unchanged the numeri-
cal value of H and its physical interpretation as minus the
r-component of the ray slowness vector, H=—p,. The fre-
quency (l) is the spatial frequency of a ray, w(l)
=27/R,(H(I)), where R,(H)=2mdI/dH is the horizontal ray
cycle (double loop) distance. Equation (5) can be integrated
by inspection. Solutions are

I(r)=1,, 6(r)=6y+ o(Dr,

T(r) = (o) - HD))r + (G - 16)|._,. (6)

Note that in a range-independent environment the action 7 is
constant following each ray. Thus, in such an environment /
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can be thought of as a ray label. Also, note that # increases
monotonically along each ray, increasing by 27 over each
ray cycle.

A directionally narrow transient beam spreads both spa-
tially and temporally as it propagates. Furthermore, in an
environment in which scattering takes place, there are both
deterministic and scattering-induced contributions to both
spatial and temporal spreads. The beam itself can be thought
of as being composed of a continuum of rays with a narrow
band of actions |[I-Iy|<AI/2. (But note that, as described
below, in the presence of scattering the /-domain grows with
increasing range.) We assume that the source array excites
energy within a narrow band of launch angles A¢,. Using
¢p=sin ¢ and the definitions of H(p,z) and H(I) [see Egs.
(2) and (4), respectively], A¢, can be converted to an equiva-
lent spread in ray action A/. Beam construction is discussed
in the Sec. IT B. We shall be concerned with the spread of the
beam as a function of range r.

We have so far focused on a ray-based description of
propagation. It is insightful to consider, in addition, a mode-
based description. The mode-based theory considered here is
based on asymptotic results, i.e., WKB theory or its uniform
asymptotic counterpart. This is done both to keep our discus-
sion simple and to allow a simple correspondence between
ray-and mode-based estimates of time spreads to be estab-
lished. Surprisingly few results are required to derive mode-
based estimates of beam spreads. First is the modal quanti-
zation condition, which for the two turning point problem is
well known (see, e.g., Ref. 40),

O'I(p,)=m+%, m=0,1,2, ..., (7)
where I(p,)=I1(-H) is defined in Eq. (4). The phase slowness
p,=1/¢=1/¢ of a mode is generally different than its group
slowness,

Sg(pr) = Té/(pr)/R(/(pr) (8)

Here T(p,)=2ml(p,)+pR¢(p,) and R (p,)=-2mdl/dp, are
the travel time and range, respectively, of a ray double loop
whose turning depths coincide with the modal turning
depths. Note that asymptotically (this is not an exact result)
the dependence of S, on o and m enters only through its
dependence on p,, i.e., S,=S,(p,(m,0)). Equations (7) and
(8) define parametrically—via p,—a set of curves S,(f;m)
which, when plotted together, constitute a dispersion diagram
(see, e.g., Refs. 29 and 30). Modal group time delays are
simply (see, e.g., Ref. 40)

T(m,0) = S,(p,(I(m,0)))r. )

The validity of these mode-based results is restricted to
range-independent environments. Scattering effects, resulting
in mode coupling, will be discussed below.

B. Spatial beam spreads

In this subsection, we consider the lateral spread of a
beam as a function of range r. The measure of lateral spread
that we consider is the spread in r at a fixed value of 6. For
example, constraining the beam to have 6=(17/2) con-

F. J. Beron-Vera and M. G. Brown: Underwater acoustic beam dynamics 81



strains all of the rays that comprise the beam to make four
complete cycles plus an additional quarter cycle. For small
AT fixing 6 is an excellent approximation (but not identical)
to fixing the starting and ending depths of all of the rays that
make up the beam. If our constant 6 beam width estimates
are viewed as an approximation to constant z beam width
estimates, then the approximation leads to small errors in the
treatment of partial ray cycles. We emphasize, however, that
our constant € measure is as sensible a measure of beam
width as the constant z measure. Also, it should be clear that
we are not neglecting partial ray cycles.

Consider first the deterministic spread in range Ar, of a
beam. It follows from the second equation of Eq. (6) with 6
fixed that O=w(l)Ar+rw’(I)AI. Thus the deterministic
spread of the beam whose width in / is A/, centered on I, is

Ary=—r———AL (10)

This is the deterministic beam spread as a function of range.
The sign of Ar, is controlled by the sign of w’(1,); the most
common situation in deep water ocean acoustics is w’([)
<0, for which R, increases with increasing I or Ar;>0.
Equation (10) is consistent with the estimate of the determin-
istic beam spread derived in Ref. 15 using a different argu-
ment. (The expressions differ by a factor of 2 owing to the
difference in the way Al is defined.)

We consider now the scattering-induced spread in range
Ar; of a narrow beam. We assume that the scattering of
acoustic energy is caused by small scale sound-speed struc-
ture Sc(z,r) that is superimposed on the background c(z).
Rather than reformulating the ray results in the perturbed
environment, we shall employ a simple phase-screen model
of ray scattering; at selected ranges the small-scale inhomo-
geneity causes a ray to be kicked from one action surface to
another. A similar scattering model will be employed when
time spreads are considered. As described below, a sequence
of such random scattering events leads to the diffusive
spreading of the /-domain of the beam. This diffusive spread-
ing has been put on a firm mathematical foundation in Refs.
11 and 12 using results from the theory of stochastic differ-
ential equations. Here we use a simple argument to derive an
estimate of Ar,.

The simplest deep-ocean scattering model is the apex
approximation in which scattering is assumed to take place
only at the upper turning point of the ray. After n such scat-
tering events the scattering-induced spread in range is ap-
proximately

dR; <
Ary = 102 Ui~ o). (1)

where partial ray cycles are not accounted for, /; is the un-
perturbed ray action, and /; is the ray action after the ith
scattering event. Let 6l; denote the jump in action at the jth
scattering event; then
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i

L-1y=2 4l (12)
j=1

To a good approximation of; can be assumed to satisfy
(8l;)=0, (3I,;51 ]->:(5I)25,~j where the angular brackets denote
ensemble average. Then it follows that ((I,—I)*)=(8l)*n
~(8I)*r/ Ry, and that, for large n,

dR 2oy
A 2=(—€1) 512—<—>. 13
((Ar)7) dI(O) ()3R€ (13)
But w(I)=27/R,(I) and (8I)*/R, can be replaced by a gen-
eral action diffusivity D, where {(I(r)—1,)*)=Dr, so

Ar. =
" w(lo) 3

(14)
is the rms scattering-induced beam spread as a function of r.
In spite of the strong assumptions that were made in the
derivation of Eq. (14), ray-based numerical simulations re-
veal that this expression is a good approximation except for
near-axial rays. [See Ref. 12 for a discussion of near-axial
ray scattering and a correction to the simple action diffusion
model on which Eq. (14) is based.]

In the limit of small r both Ar, [Eq. (10)] and Ar, [Eq.
(14)] approach zero. But in this limit Ar must approach Ar,,
the beam width in close proximity to the source region. If a
horizontal array is used to generate the beam, then Ar is
simply an appropriate measure of the length of the source
array. If a vertical source array is used to generate the beam,
then Ar, can be approximated as Azy/|(dz/dr),|, where Az,
is the array length and (dz/dr), is the tangent of the angle
made by the ray at the center of the beam at r=0. (If the
initial beam angle is zero, Azy/|(dz/dr),| can be evaluated at
a short distance from the source array.) Because Ary, Ary,
and Ar, are independent it is natural to assume that these
contributions to the total spread in range of a narrow beam
combine approximately in quadrature (see also Refs. 14 and
30), so the total spread

Ar=\(Arg)* + (Ary)? + (Ary)>. (15)

While we do not have a rigorous justification for Eq. (15),
we note that the variance of the sum of independent zero-
mean Gaussian random variables is the sum of the individual
variances.

Related to the spatial beam spreads considered here are
the diffractive and scattering-induced measures of the “width
of a ray” considered in Ref. 14. An important difference,
however, is that the measures of the width of a ray consid-
ered earlier were constrained to satisfy a two-point boundary
value problem, i.e., both endpoints were fixed. Like our Ar,
[Eq. (10)] and Ar, [Eq. (14)] both contributions to the effec-
tive width of a ray were shown to be controlled by w’ (/) [or
a(1,) as described below].

C. Temporal beam spreads

We turn our attention now to ray-theoretical estimates of
the time spreads of narrow transient beams. Unlike the spa-
tial beam spreads described in Sec. II B, the temporal beam
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spreads described here are not constrained by the condition
that the final @ is fixed for all rays that comprise the beam;
the time spread described here is the total spread in time of
the energy contained in the beam, without regard to the final
depth (or 6) of the energy at the range of interest. There are
two reasons for defining spatial and temporal beam spreads
differently. First, the definitions of both spatial and temporal
beam spreads that we have adopted conform to the “obvious”
way to define these quantities, as illustrated in the numerical
results and figures described below. Second, the constrained
(0 fixed) time spread estimate has been considered elsewhere
(see Refs. 8 and 9) using arguments similar to those used
here. The basic result is that at long range the scattering-
induced contribution to the constrained time spread (the
broadening of a branch of the time front) is second order in
Sl and is proportional to w’(I). Importantly, however, that
result is independent of the angular aperture of the source,
and, as such, should not be thought of as a beam-related
result. Finally, we note that throughout this section we shall
neglect the travel time contributions in Egs. (5) and (6) in-
volving the G—16 term. The neglected terms give small end-
point corrections to ray travel times; in addition to being
small, G—16 oscillates about zero, with two zero-crossings
per ray cycle, exhibiting no secular (in r) growth. Neglect of
the end-point correction terms is consistent with the approxi-
mate treatment of partial ray cycles in Sec. II B.

Consider first the deterministic spread in time AT, of a
narrow beam of rays in the background c(z) environment.
We shall refer to AT, as the dispersive spread of the beam. It
follows from Eq. (6) that at a fixed range the dispersive time
spread of the beam whose central ray has label [, is

aT
AT, ~ E(IO)AI:IOw’(IO)rAI. (16)

Interestingly, the end-point terms in Eq. (6) give no first-
order contribution to AT,. (But the end-point terms are ne-
glected below, so the comment made above about neglecting
those terms is relevant.)

Next, we consider the scattering-induced contribution to
the time spread. Consistent with the type of scattering model
that was used above (but now allowing scattering to take
place at any position along a ray), the total travel time of a
scattered ray is

T,= 2. [Lo(l) - H(I)]Ar,
~ 2 [Low(ly) — H(Iy) + Iyo' (Ip)(I; - Iy)]Ar;

=[10w(10)—H(IO)]r+10w'(10)2 (I; = Iy)Ar;. (17)

The constraint r=2,r; has been used, and, as noted earlier,
the endpoint contributions to the travel time involving G
—16 have been neglected. The second term in the above ex-
pression, which we denote AT, is the scattering-induced
contribution to the time spread of the beam. In the limit of
small Ar;, this term can be written as
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AT =Iow’(lo)f (1(§) - Ip)d§. (18)
0

Consistent with the arguments leading to Eq. (14), Eq. (18)
reduces, in a rms sense, to

D
AT, =Iolo' (1) \/;ry2 (19)

where, as above, ((I(r)—1,)*)=Dr.

Interestingly, Ar; [Eq. (10)], Ar; [Eq. (14)], AT, [Eq.
(16)], and AT, [Eq. (19)] are all proportional to w'(l), a
quantity that depends on the background sound-speed profile
and is generally different for different rays. The ray stability

5.7.9.14,31
parameter

al) =1o' (D/o(l), (20)

so that Iw'(I)=a(l)w(I) and w’(I)/ w(I)=a(l)/I.

We turn our attention now to mode-based estimates of
time spreads. Note that no mode-based estimates of the spa-
tial spreads of beams were presented above. This choice was
made in part to avoid the conceptual difficulty that the ray
equivalent of a mode is a superposition of up- and down-
going rays whose turning depths coincide with the mode
turning depths. In spite of this correct conceptual picture, a
narrow beam that is approximately centered on a single ray
can be described as a superposition of modes. If that is done,
the asymptotic quantization condition below leads to the
identification of each mode with a ray cycle distance, which
in turn leads to a modal analysis that looks much like the ray
analysis presented above (see, e.g., Ref. 41). In contrast, the
modal description of the time spreads of narrow beams in-
volves an argument that differs from the ray-based argument.
It will be shown that the seemingly different mode-based
arguments presented below lead to the same results as the
ray-based arguments presented above.

Consider first the deterministic dispersive spreading in
time of a narrow beam which occupies a band A7 of I-values.
The beam is composed of modes covering a range of
m-values over a band of o, but to compute the dispersive
spreading of the beam we need only to consider A/, and not
the explicit m- and o-dependences of the modes that make
up the beam. It follows from Eq. (9) that the dispersive time
spread of the beam is

ds d
AT, = (I, CZr(Io)rAI, (21)

dp,

where [, is action at the beam center. The quantity

p=-Ds (2)
dp,

is referred to as the waveguide invariant."*! [Note, how-
ever, that some authors (e.g., Ref. 16) define B as the recip-
rocal of this quantity.] In general 8=B(m;o); consistent with
our asymptotic analysis we shall sometimes write 8= (1)
with I=1(m, o) defined by Eq. (7). Also note that dp,/dI=
—dH/dI=-w(I)=-2m/R,. Thus Eq. (21) can be written as
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ATdZB(Io)w(Io)rAI (23)

In Ref. 31 it is shown that asymptotically a(I)=B(I(m,o)); it
is straightforward to derive this relationship using the results
presented above. Thus, B(I)w(I)=Iw'(I), so Eq. (23) is seen
to be identical to the ray-based estimate (16) of AT,.

We consider now the mode-based estimate of the
scattering-induced contribution to the total time spread. The
delay time of the modal energy corresponding to a particular
action history {I;,1,, ...} is

T, = E S (I)Ar;, (24)

where the total range r=2,;Ar;. [Note that mode number his-
tory could be used in place of action history; we have chosen
the latter primarily because that choice makes the connection
to ray-based results more direct. Also, note that even for very
simple initial (r=0) conditions, e.g., all energy in one
I-value, the number of action histories that make up the total
wavefield is generally very large.] It follows from Eq. (24)
that

dp f<10><1i—10>>Ari

das
T, =~ 2 (Sguo) - d—pf(l()) o

:Sg(IO)r+B(IO)w(IO)2 (I; = Ip)Ar;. (25)

Taking the limit of small Ar;, it is seen that the second term
on the rhs, the scattering-induced time spread,

ATV=B(10)w(Io)f (1(§) - Ip)dé, (26)
0

which, after noting that B(I)w(I)=Iw’(I), is seen to be iden-
tical to the ray-based estimate of AT, [Eq. (18)], from which
Eq. (19) follows.

The equivalence between the ray- and mode-based esti-
mates of AT, and AT, should come as no surprise inasmuch
as both the ray- and mode-based estimates describe the
spreads in time of the same acoustic energy. Our demonstra-
tion of the equivalence of ray- and mode-based estimates of
AT, and AT, was facilitated by our asymptotic treatment of
the modal results and our use of action-angle variables to
describe the ray results.

A third contribution to the total time spread of an acous-
tic beam is the reciprocal bandwidth,

ATy, = (AN (27)

This quantity is the minimum time spread of the beam and
the time spread at r=0. Under most circumstances AT}, is
negligible compared to AT, and AT,. Independence of the
three contributions to the total time spread AT suggests that
the contributions should combine in quadrature, as was ar-
gued above for Ar, so

AT=\(ATy,)* + (AT,)? + (AT,)%. (28)

Our simulations suggest that Eq. (28) is a very good approxi-
mation, but, as was the case for Eq. (15), we do not have a
rigorous argument to support its validity. We note, however,
that the assumption that AT,,, and AT are in quadrature is
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widely (see, e.g., Ref. 42) made, and that it was shown in
Ref. 29 that ATy, and AT, are in quadrature for a narrow-
band Gaussian source spectrum. Also, we note that the argu-
ments leading to Egs. (23), (26), and (28) are very similar to
those used in Ref. 30 to derive modal group time spread
estimates.

lll. NUMERICAL SIMULATIONS OF BEAM SPREADS

In this section, numerical simulations of the spatial and
temporal spreads of narrow beams are presented and dis-
cussed in light of the theoretical estimates of beam spreads
that were presented in the previous section. We begin with a
discussion of some details relating to the numerical genera-
tion of beams and a description of the environments consid-
ered. Numerical results are presented in the final subsection.

A. Numerical generation of beams

The numerical simulations of underwater acoustic
beams that are presented below were generated by solving
the Thomson—Chapman form™ of the parabolic wave equa-
tion (PE) using the split-step Fourier algorithm. Transient
beams were constructed by Fourier synthesis. The source
spectrum was assumed to have the shape of a Hanning win-
dow, whose total width was 128 Hz; note that the “effective”
bandwidth Af is somewhat less than this value.

To generate narrow directional beams, a Gaussian start-
ing field (in both z and k,) was employed (see, e.g., Ref. 44
for a discussion of this topic). If Az is defined as the separa-
tion between the peak of the z distribution and the distance to
the ¢! amplitude decay point, and similarly for Ak,, then

AzAk, = oAzAp =27fAzAp =2. (29)

At 250 Hz the choice Az=80m corresponds to Ap
=0.025 s km™!, or, approximately, A¢=1.4°. This value of
Az was used in our simulations. Note that the effective array
length and beam width are approximately twice these values.
Initial PE phases were chosen to be independent of depth,
corresponding to horizontally directed (centered on p.=0, as
shown in Fig. 1) initial beams.

Finally, we address what appears to be a mismatch
between our use of Thomson—Chapman PE simulations and
theoretical results that are based on solutions to the
Helmbholtz equation. In fact, there need not be any mismatch.
The reason is that all of the theoretical results that we seek to
test are expressed using action-angle variables. The same
expressions are applicable in the context of many parabolic
approximations, including the Thomson—Chapman approxi-
mation, to the (one-way) Helmholtz equation; the only modi-
fication required is that the integrand in Egs. (3) and (4) be
replaced by the appropriate form of p(H). For the Thomson—
Chapman approximation p(H)=\/c(_]2—(H —c51+c‘1(z))2. In
the numerical results presented and described below, both the
wavefields and the relevant action-angle-based quantities
that appear in theoretical expressions, e.g., o([) and «(I), are
computed in a way that is consistent with the Thomson—
Chapman parabolic approximation.
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FIG. 1. Left panel: background sound-speed profile used in the simulations
shown in the subsequent figures. Upper right panel: two surfaces of constant
action in phase space corresponding to rays with large |@| and small |a].
Note that the entire phase space is foliated by surfaces of constant action, so
that each point in phase space is associated with a unique value of action.
The dots shown in the lower portion of the figure have Gaussian distribu-
tions which approximate the distribution of energy in depth and vertical
wavenumber for two PE starting fields extensively used in this study. Lower
panel: |a| vs p™. The latter variable, like the action variable, can be thought
of as a ray label in the background environment.

B. The environments considered

The choice of environments used in our simulations was
motivated by the simple theoretical results presented above.
Of particular interest is the prediction that the contributions
to time spreads from deterministic dispersion and scattering
are both proportional to a(l)—or B(m;o)—which is a func-
tion of the background sound-speed structure. For this reason
we have chosen to use a background sound-speed profile
with a nontrivial «(I) structure (Fig. 1). This environment
consists of a perturbed canonical® profile,

c(z)=co+ ecole”— p—1)+ dcge "™ Zl)z/sz, (30)

where n=2(z-z)/B, cy=1.49 kms™', zo=—1.1 km, z,=
—0.35 km, B=1.0 km, b=0.1 km, €=5.7Xx1073, and 5=8
X 1073. Our use of narrow beams allows us to isolate bundles
of rays (or groups of modes) with different values of «, so
we need not consider different background sound-speed
structures to test the predicted dependence of AR and AT on
a(l).

Although we have chosen a background sound-speed
profile with a nontrivial «(I) structure, we have intentionally
avoided zero-crossings of «(I). Near such points, the simple
first order expansions used above to obtain expressions (10),
(11), (16), (17), (21), and (25) must be extended to include
second-order terms. This topic will be discussed briefly in
Sec. IV.

Equations (14), (19), and (26), which describe
scattering-induced contributions to beam spreads, suggest
that beam spreads should not show much sensitivity to de-
tails of &c(z,r). This is because after several scattering
events, the probability density function (PDF) of an en-
semble of terms [{(/(§)—1,)dé [or the discrete counterpart of
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this expression given in Eq. (11)] should not be sensitive to
the details of the perturbation. Virovlyansky et al."* derived
the relevant probability distribution functions for both off-
axial (the problem on which we have focused) and near-axial
(i.e., close to zero) I-values; in the former case the PDF is
Gaussian. Those results are valid for any perturbation that
leads to locally diffusive spreading of energy in /.

To test our expectation that both spatial and temporal
beam spreads show little sensitivity to the details of éc(z,r),
we have performed simulations using two very different
choices of dc. The first perturbation field, dcpy, is a simu-
lated internal-wave-induced sound-speed perturbation which
correctly accounts for the inhomogeneity, anisotropy, and
near power-law spectrum of mid-latitude internal waves in
the deep-ocean.46 Our dcpw was computed using Eq. (19) of
Ref. 47 with y and ¢ set to zero, i.e., a frozen vertical slice of
an internal-wave field was used. The range-averaged buoy-
ancy frequency profile measured during the AET
experiment48’49 was used. The dimensionless parameter w
was set to 17.3 and the dimensionless strength E was varied;
internal-wave strengths are specified as the fraction E/Egy
where Egy=6.3X107 is the nominal Garrett-Munk
strength parameter.46 Horizontal wavenumber and vertical
mode number cutoffs of 27 km~! and 30, respectively, were
used in our simulations.

In contrast to the oceanographic realism—in a statistical
sense—of dcy, the second perturbation field that we have
used, dcpg, has statistical properties that are not realistic
oceanographically. This perturbation is consistent with a
highly idealized model of turbulence that is homogeneous,
isotropic, and has a Gaussian wavenumber spectrum. The
Fourier transform of the Gaussian wavenumber spectrum is
the autocorrelation function, which is also a Gaussian. The
standard deviation of the Gaussian autocorrelation function,
which we have set equal to 250 m, defines a unique length
scale associated with Scyyg. In contrast, the power-law dcpy
spectrum does not have a unique length scale. To satisfy
Ocis=0 at the sea surface and bottom, a discrete set of ver-
tical wavenumbers (each corresponding to a mode) is used.
Then dcyys, like ey, can be constructed by Fourier synthe-
sis (over horizontal wavenumber) of a sum over a discrete set
of vertical modes with random phases and amplitudes con-
sistent with the specified energy spectrum, as described in
Ref. 47; construction of dcyg is identical to construction of
Ocrw except that, when constructing J&cyg, no  depth-
stretching is applied and the Garrett—-Munk internal-wave
spectrum is replaced by a Gaussian spectrum.

C. Numerical results

Spatial spreads of beams are illustrated below using cw
(fixed-frequency) wavefields with f,=250 Hz. The spatial
spreads of transient wavefields with this center frequency are
the same as the cw beam spreads shown provided the tran-
sient wavefield is not rich in low frequency energy. (Interfer-
ence effects are, of course, frequency dependent but these
effects do not modify the bounds of the spatial domain of the
insonified region. More importantly, frequency-dependent ef-
fects that we have not accounted for in our simple theoretical
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FIG. 2. Acoustic field intensity in the range-depth plane in cw (f
=250 Hz) wavefields, showing the spatial spreading of narrow beams. The
angular aperture of the beam at r=0 is the same in all cases. The same
background sound-speed structure is used in all cases. Small |a| beams
(corresponding to a source array midpoint at approximately 3350 m depth)
are shown in panels (a), (c), and (e). Large |a| beams (corresponding to a
source array midpoint at approximately 3150 m depth) are shown in panels
(b), (d), and (f). In panels (a) and (b) no small-scale sound-speed perturba-
tion is superimposed on the background; Sc=0. In panels (c) and (d) an
internal-wave-induced sound-speed perturbation is superimposed on the
background; Sc=dcpy. In panels (e) and (f), an idealized homogeneous iso-
tropic single-scale sound-speed perturbation is superimposed on the back-
ground; &= dcys.

beam spread estimates are important at frequencies suffi-
ciently low that the influence of the ocean boundaries is felt,
i.e., when a ray turning depth is within a few wavelengths of
the ocean surface or bottom.) Temporal spreads of transient
beams are illustrated below using broadband wavefields with
f0=250 Hz and Af= 100 Hz (recall that a Hanning spectral
window was used whose total width was 128 Hz). In the
time-depth plane at r=0 the transient source appears (this is
not shown in any figure) as a narrow Gaussian distribution in
depth, centered at the source depth, with an approximately
Gaussian distribution in time whose standard deviation is
approximately 10 ms=(100 Hz)~'. All of the wavefields
shown were generated using the same vertical source array
with a Gaussian distribution of energy in depth whose half-
width is approximately 80 m; this corresponds [from Eq.
(29) with Ap=~0.025 skm™'] to a beam half-width of
roughly 1.4°. In a fixed background sound-speed profile the
corresponding initial spread in action Al depends weakly on
the depth at which the beam is centered. Most of the numeri-
cal simulations presented use beams that are centered at r
=0 on either the local maximum or the local minimum in
|a(D)| (recall Fig. 1). These are referred to below as the large
|a| and the small |@| beams, respectively. To an excellent
approximation A/ is the same for both of these beams.

We consider first the spatial spreading of cw beams. Fig-
ure 2 shows the spatial spreading of beams in the range-
depth plane. The two upper panels show beam spreading in
the background range-independent environment, i.e., under
conditions in which dc=0 so Ar,=0. Under such conditions
Eqgs. (10) and (15) predict that, except close to the source, Ar
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increases linearly in r at a rate proportional to |w’ (/)| (or
|a(1,)|). Figure 2 is consistent, qualitatively at least, with this
prediction inasmuch as the beam with large |a| is seen to
spread much more rapidly that the beam with small |a|. [Be-
cause Al and w(l,) are, to an excellent approximation, the
same in both cases, the different rates of beam spreading is
due almost entirely to the difference in w’(l,).] The middle
two panels of Fig. 2 are the same as the upper two panels
except that an internal-wave-induced sound-speed perturba-
tion was superimposed on the background to compute the
wavefields shown. Under these conditions Ar is described by
Eq. (15); because both |Ar, and Ar are proportional to
|a(ly)|, Ar is predicted to be nearly (neglecting the small
term Ar,) proportional to |a(ly)|. Again, this is consistent
with the wavefields shown in Fig. 2. The lower two panels
are the same as the middle two panels except that a homo-
geneous isotropic sound-speed perturbation was used in
place of the internal-wave-induced perturbation. The same
comments that were made about the middle two panels also
apply to the lower two panels. In a manner that is largely
independent of details of the perturbation, beams with large
|a| are seen to spread more rapidly than beams with small
|a|. Weak sensitivity to the perturbation enters via the diffu-
sivity D. Note, however, that in spite of the very different
statistical properties of the two types of perturbation consid-
ered, both lead to similar estimates of D and hence also
similar behavior with regard to beam spreading.

Unfortunately, for the large |@| beams, beam spreading
in Fig. 2 is seen to be sufficiently rapid that the self-
intersection of beams in the range-depth plane after only a
few hundred kilometers leads to difficulties in obtaining
quantitative estimates of beam widths. This difficulty could
be largely overcome by producing narrower beams, i.e., by
decreasing Al. This could be accomplished in our simula-
tions by either increasing f;, or increasing the length of the
source array (or both). Increasing the length of a source array
beyond the length that we have assumed would be extremely
difficult to achieve in an experimental setting. Increasing the
source center frequency could easily be achieved, but be-
cause attenuation increases rapidly with increasing fre-
quency, the maximum experimentally accessible range
would then be less than the maximum range plotted in Fig. 2.
In short, we could produce numerically simulated wavefields
to quantitatively test our theoretical prediction of the spatial
spreading of narrow beams at long range, but the simulations
would be somewhat unphysical. In contrast, the temporal
spreads of beams presented below, with f,=250 Hz and Af
~ 100 Hz, do not have this drawback. For this reason we
shall focus on the temporal spread of transient directionally
narrow beams throughout the remainder of this section.

The temporal spreading of transient beams is illustrated
in Fig. 3; wavefields in the (z,7) plane are shown at selected
values of r. Four examples of distributions of acoustic en-
ergy of this type are shown. In this and all subsequent plots,
the range at which wavefields are plotted—and the range at
which time spreads are estimated—is taken to be an integer
multiple of the unperturbed complete cycle distance of the
ray at the center of the r=0 distribution of energy in phase
space (Fig. 1). This choice was made because energy tends to
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FIG. 3. Distribution of acoustic energy in time and depth for transient nar-
row beams with small |e| (left) and large || (right) after 19 complete un-
perturbed cycles of the ray at the center of the beam (cf. Fig. 1). With this
constraint the final range is approximately 1070 km in the left panels and
1015 km in the right panels. Time is plotted relative to the travel time of the
unperturbed central ray. In the upper panels the perturbation field dc=0
while in the lower panels dc=dcy with E/Egy=1. The dynamic range in
all four panels is 35 dB.

focus at the upper and lower turning depth. This choice re-
duces partial cycle deterministic propagation effects that we
have treated approximately; such partial cycle effects are
most evident at short range where time spreads are small.

Consider first the dc=0 wavefields shown in the top
panels of Fig. 3. The predicted time spreads are described by
Eq. (28) with AT,=0. Consistent with the theoretical predic-
tions, deterministic time spreads are seen to be large (small)
when |a|—or | B|—is large (small). The same trend is seen in
the bottom panels of Fig. 3, corresponding to wavefields in
an environment including an internal-wave-induced pertur-
bation dc=dcqy. This trend is not surprising because both the
deterministic dispersive contribution (16) or (21) and the
scattering-induced contribution (19) or (26) (again note the
equivalence of the ray- and mode-based estimates) to the
total time spread are seen to be controlled by « or S.

Three of the remaining figures, including Fig. 4, show
numerical estimates of time spreads. These were computed
according to

O dc=0
O dc=dcaw (E/Ecgu =0.5)
A Sc=daw (E/Egm = 1.0)

—
T

AA
AA
i aangpaigeee
0 \7/_Ll L §5 4
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FIG. 4. Six sets of points showing the evolution of time spreads as a func-

tion of range for beams with small |a| (black symbols) and large |a/| (gray
symbols), and three different values of the strength of Scyy-
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FIG. 5. Distribution of acoustic energy in time and depth for narrow tran-
sient beams illustrating strong sensitivity to |a| and weak sensitivity to de-
tails of Sc. Left panels: small |@|. Right panels: large |e|. Upper panels:
6c=dcpy. Lower panels: 8c= Scyys.

2
AT= \/%, (31)

where P(z;r) is the wavefield intensity integrated over depth,
and 7=0 is taken to be the arrival time of the unperturbed ray
at the center of the beam. Note that the quantity plotted in
Figs. 4, 6, and 7 is 2AT.

Figure 4 shows two sets of three AT vs r curves, one set
for small |a| and one set for large |a| (recall Fig. 1). Within
each set, the three curves correspond to three values of the
strength of the internal-wave-induced perturbation field,
E/EGy=0,0.5,1. Consider first the small |a| curves. When
6c=0, AT is seen to remain very small for long r, consistent
with Egs. (16) and (23). When ¢ # 0, AT at fixed r is seen to
increase with increasing perturbation strength, consistent
with Egs. (18), (19), and (26), but with small |a| AT remains
relatively small. Consider now the large |a| curves. Note
that, even when 6c=0, AT is relatively large owing to the
a-dependence of the dispersive contribution (16) and (23) to
AT. Again, when ¢ #0, AT at fixed r is seen to increase
with increasing perturbation strength, consistent with Egs.
(18), (19), and (26).

We turn our attention now to the structure of the sound-
speed perturbation dc. Figure 5 shows the distribution of
acoustic energy in depth and time for beams with large and
small |a| after 19 complete beam cycles (cycles of the un-
perturbed ray at the center of the beam) in environments with
two very different sound-speed perturbation fields dcpy and
Ocyys as discussed above. In spite of the significant differ-
ences between dcw and dcyg, Fig. 5 reveals only remark-
ably small differences in the corresponding wavefields—and
one expects that most of these differences would be elimi-
nated by computing an ensemble-averaged wavefield. In
contrast, Fig. 5 shows a strong dependence on the back-
ground ¢(z) via a.

Figures 3-5 show the time spreads only for beams cen-
tered on the local maximum or minimum of |a , as illustrated
in Fig. 1. This restriction is relaxed in Fig. 6 where the initial
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FIG. 6. Upper panel: time spreads of transient narrow beams after 19 com-
plete unperturbed cycles of the ray at the center of the beam as a function of
beam initial depth. The final ranges of the points plotted, from left to right,
are approximately 785, 805, 820, 860, 915, 1015, 1070, and 1100 km.
Lower panel: the solid curve shows the corresponding variation of |a] (cf.
Fig. 1). Note the qualitative agreement between the time spread estimates
and |a| variations.

(r=0) beam depth is varied, providing a stronger test of the
predicted a-dependence in Eq. (16) or (19) [or the
B-dependence in Eq. (23) or (26)]. Three sets of computed
time spreads are plotted—for 8c=0, dc=dcry and Oc
= Scyg—along with the corresponding a-dependence. (The
latter are a-values for rays with zero launch angles at the
depths of the centers of the initial beams.) Consistent with
the results presented earlier, both theoretical and numerical,
Fig. 6 shows that beam time spreads, both with dc=0 and
Sc # 0, are largely controlled by « (or 8), and that beam time
spreads show remarkably little sensitivity to the structure of
oc.

The comparison between simulations and theoretical
predictions shown in Figs. 2—-6 is qualitative, emphasizing
the importance of |a|. A quantitative comparison is shown in
Fig. 7. In that figure the range evolution of simulation-based
estimates of AT is compared to the prediction based on Egs.
(28), (27), and (16) or (23) and (19) or (26) for large and
small |a(l,)|, and for both dc=0 and Sc=dcyy. (The same
simulation-based estimates of AT are shown in Fig. 4, but the

O 0c=0
A dc = 501\&'

2AT [s]
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FIG. 7. Theoretical predictions (solid lines) and simulated-wavefield-based
estimates (circles and triangles) of the temporal spreads of directionally
narrow transient beams as a function of range. Beams with small and large
|a| are shown in black and gray, respectively.
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points corresponding to the weak Jcyy field are omitted in
Fig. 7.) When evaluating Eq. (28) some care must be exer-
cised to normalize all of the terms in this expression in a
self-consistent fashion. Consistent with Eq. (31) and assump-
tions made earlier, AT should be interpreted as the standard
deviation of an approximately Gaussian distribution of
acoustic intensity as a function of time. This choice fixes
Af=100 Hz, as noted earlier, and A7=0.0025 s (for both
beams considered). The diffusivity for each beam was esti-
mated from the relationship ((I(r)—1I,)*>)=Dy using an en-
semble of scattered rays. The estimates obtained were D
=1.6X 1077 s2km™" for the large |a| beam and D=2.0
X 1077 s> km™! for the small |a| beam. These values are
close to the values reported in Refs. 12, 14, and 30. A final
remark concerning evaluation of AT, [Egs. (16) or (23)] and
AT, [Egs. (19) or (26)] is that these quantities depend on the
choice of the reference action /. There is some ambiguity
associated with this choice because the Taylor series used to
derive those results are valid (approximately) for any I,
within the beam’s initial A/-window. We have evaluated
Iyw' (Ip)=w(ly)a(l;) in Egs. (16) and (19) using w(l)
=0.11 km™! for both beams, and |a(l,)|=0.075 and 0.70 for
the small- and large-|a| beams, respectively. Both |a| values
are representative of the respective beams. Note also that
w(I) is nearly constant within each beam, so the choice of
w(l,) is subjected to much less uncertainty than the choice of
a(ly).

Agreement between theory and simulations in Fig. 7 is
seen to be generally good. One important caveat is that in the
presence of scattering (8¢ # 0), the simulations of AT(r) at
large r are seen to deviate from the theoretical predictions in
an apparently systematic way. The reason for this behavior is
that scattered rays that have an initial a-value close to a local
maximum of |a(I)] will, on average, be scattered onto
I-surfaces with lower |a|-values, and, conversely, rays that
have an initial a-value close to a local minimum of |a(/)]
will, on average, be scattered onto I-surfaces with higher
|a|-values. In other words, in the presence of scattering the
|a| in Egs. (19) and (26) should be replaced by a locally
averaged value where the amount of averaging increases
with increasing range. Also, at ranges of approximately
500 km or less, simulation-based estimates of AT are sys-
tematically less than the theoretical predictions, especially
for large |al. This is likely due, in part, to a significant clus-
tering of energy near the caustic adjacent to the beam’s lower
turning depth at the ranges at which points are plotted. In
addition to these trends, note that expressions (16) and (21)
grow like r, while expressions (19) and (26) grow like r*2.
(Recall also that the scattering of near-axial rays, or small m
modes, requires special care—see Ref. 12.)

IV. SUMMARY AND DISCUSSION

In this paper it was shown, using PE simulations of di-
rectionally narrow acoustic beams in deep-ocean environ-
ments, that, consistent with both ray- and mode-based theo-
retical predictions, both the spatial and temporal spreads of
such beams are largely controlled by the background sound-
speed structure through the ray stability parameter a(l)—or
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its mode equivalent B(m ;o). This trend was shown to hold
both with and without a small-scale perturbation (due, for
example, to internal waves) superimposed on the back-
ground; details of the sound-speed perturbation were shown
to have only a minor influence on controlling beam spreads.

The above conclusion has important consequences. Di-
rectionally broad sound fields generated by a compact source
can be decomposed into many directionally narrow beams.
Because the dynamics of each narrow beam is governed by «
(or B), so too is the total wavefield, which is simply the
phase-coherent superposition of the constituent narrow
beams. Our demonstration that time spreads of broadband
signals are largely controlled by « implies that phase fluc-
tuations of narrow-band signals are also largely controlled by
a. Also, geometric intensities are inversely proportional to
spatial beam spreads; consistent with the results presented
here, geometric intensities, in both unperturbed (Sc=0) and
perturbed (8¢ # 0) environments, have been shown”?! to be
largely controlled by a. It follows from these observations
that wavefield structure and stability are largely controlled by
a. [A complication is that in directionally broad wavefields,
rays (modes) with many « (8) values contribute to the wave-
field, which may obscure the role of « (8). This problem
may be severe in fixed-frequency wavefields where
arrivals—whether they are interpreted as rays or modes—
cannot be separated in time.] A consequence of these simple
observations is that in environments consisting of a range-
independent (or slowly-varying in range) background on
which a weak highly structured perturbation is superim-
posed, the background sound-speed structure, via a (or B),
plays a critical role in mediating the transfer of environmen-
tal variability to wavefield variability.

We turn our attention now to the four lines of research
mentioned in Sec. I that are related to the present study. We
shall begin with Tappert’s32 prediction of “exploding
beams.” Prior to discussing the connection between our work
and this topic, it is necessary to explain the rationale for the
exploding beam prediction. The beams that are the object of
the present study (and Tappert’s32 earlier study) correspond
at r=0 to an approximately elliptical blob of acoustic energy
in phase space (recall Fig. 1). We assume that Jc(z,r) is
small but nonzero and that ray trajectories are predominantly
chaotic. The evolution in range of the phase space blob is
analogous to the evolution in time of a patch of dye in a
turbulent 2d incompressible fluid flow. To more fully appre-
ciate this statement, note that it follows from Eq. (1) that the
flow in phase space is incompressible, d(dz/dr)/dz
+d(dp/dr)/dp=0 (analogous to the incompressibility condi-
tion, du/dx+dv/dy=0, for a 2d incompressible fluid). With
this fluid mechanical analogy in mind, the following com-
ments about evolution of the beam should be clear. As the
beam propagates, the corresponding phase space blob under-
goes counterclockwise motion in phase space, staying close
to the /-surface on which it was initially centered. Mean-
while, provided the frequency is sufficiently high that dif-
fractive smearing effects are initially negligible, evolution of
the blob is constrained as follows: (1) the perimeter of the
blob grows exponentially (because ray motion is predomi-
nantly chaotic), (2) the area enclosed remains constant (a
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consequence of the incompressibility of the flow in phase
space), and (3) the I-domain that encloses essentially all of
the blob grows approximately diffusively [an approximate
result that we have used to derive Egs. (14), (19), and (26)].
As the blob evolves, it becomes increasingly convoluted, ac-
quiring structure on increasingly small scales. At sufficiently
long-range diffractive effects will smear out the finescale
structure of the blob. Tappert’s32 exploding beam prediction
is linked to the initial exponential growth of the perimeter of
the blob.

Tappe1rt32 did not perform any numerical simulations to
test his prediction. Subsequently, however, Morozov and
Colosi*® did perform such simulations. They did not see any
evidence of explosive (exponential) spreading of beams, but
they did show that their computed wavefields had a positive
Kolmogorov-Sinai entropy, which suggests that the wave-
fields evolve chaotically. Consistent with the work reported
in Ref. 33, we have not in the present study observed expo-
nential spreading of beams (although the motivation for our
work was not to search for such behavior). We regard the
reasoning behind Tappert’s32 prediction as correct, so the fact
that neither we nor Morozov and Colosi> observed this be-
havior requires some explanation. Of critical importance is
the fact that the wavefields presented here and in Ref. 33 are
fields in z that evolve as a function of r (the presence or
absence of temporal structure is not important in this con-
text). At each r the observed z-structure is the projection of
some structure in phase space (p,z) onto z. As the perimeter
of the aforementioned phase space blob grows exponentially
in r, the projection of this structure onto z will not, in gen-
eral, grow exponentially, except possibly as an initial (short
r) transient; typically, power-law growth in the z-spread of
the blob is expected. In order to observe the exponential
growth of the perimeter of the phase space blob, phase space
distributions (e.g., Wigner or Husimi distributions) must be
computed at many ranges. Also, to observe several e-folding
intervals, the wave frequency must be high enough to appro-
priately postpone the large r regime in which diffractive ef-
fects dominate. We suspect that in typical deep-ocean envi-
ronments, this dictates that the wave frequency be much
higher than 250 Hz. These considerations suggest that only
with great care can the predicted explosive behavior be ob-
served. With the above discussion as background, we see no
contradiction between our work (or that of Morozov and
Colosi®®) and Tappert’s32 prediction of exploding beams. A
secondary point relating to explosive beam growth is that the
work presented in Refs. 32 and 33 does not account for the
important role played by «; consistent—qualitatively, at
least—with the results presented here, numerical simulations
presented in Ref. 7 show that average Lyapunov exponents
(inverse e-folding ranges) are approximately proportional to
|a(1)|. We note also that a later paperso by the authors of Ref.
33 included numerical simulations of beams, but the focus of
the latter work was mode coupling, rather than beam dynam-
ics.

There is a close connection between the results pre-
sented here and the earlier work®* ™" on weakly divergent
beams, which satisfy the condition a(l,)=0. Clearly, those
beams are a special limiting case of the beams considered
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here. [In Refs. 34-37 the condition a(I)=0 is expressed as
dR/(p,)/dp,=0.] The focus of the earlier work on weakly
divergent beams was on the spatial spreading of beams—
including beams embedded in directionally broad distribu-
tions of acoustic energy such as fields produced by a point
source—and associated implications for beam intensities. We
have not discussed in this paper the a(fy) — 0 limit, but it is
straightforward to derive the second-order corrections to the
deterministic spatial and temporal beam spread estimates,
Egs. (10) and (16), that are required to describe this limit.
The corrected expressions are

o , (' (Iy))? w"uo)> 2]
Ard—w(lo)[—w(IO)AI+< oll,) - (AD)

(32)

and
1
AT, = r{low’(IO)AI+ E(w/(IO) + Iow”(lo))(AI)z] , (33)

where w”(I,)) is the second derivative of w(I) evaluated at I,
Note that, like Egs. (10) and (16), these expressions treat
partial ray loops approximately. As noted earlier, the ne-
glected partial loop corrections are small and they oscillate
about zero, exhibiting no secular (in r) growth. Note that in
the limit w’(1))=0 [so a(l;)=0] Ar, and AT, (1) are non-
zero, (2) grow linearly in r, like Egs. (10), (16), and (3) are
second order in the small parameter Al. Also, recent work™!
reveals that rays that satisfy w’(I)=0 often correspond to
robust barriers in phase space; this leads, for example, to the
expectation that the region between two neighboring zero-
crossings of ’(I)=0 might serve as an effective trap of
acoustic energy. Perhaps the most interesting insight of the
present work relative to the earlier work on weakly divergent
beams is that those beams are weakly divergent temporally
as well as spatially.

Finally, we reiterate that the results presented here are
consistent with a rapidly growing body of work'™! that
shows that numerous wavefield properties and/or diagnostics
are controlled by a(l)—or its modal counterpart B(m;o).
[Note, however, that some of those references used a nota-
tion different than that used here, so that the « (or B) depen-
dence is sometimes not immediately obvious.]
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Using a broadband through-transmission technique, the attenuation coefficient and phase velocity
spectra have been measured for a set of multi-wall carbon nanotube (MWCNT)-nylon composites
(from pure nylon to 20% MWCNT by weight) in the ultrasonic frequency band from 4 to 14 MHz.
The samples were found to be effectively homogeneous on spatial scales from the low end of
ultrasonic wavelengths investigated and up (>0.2 mm). Using Kramers—Kronig relations, the
attenuation and dispersion data were found to be consistent with a power-law attenuation model
with a range of exponents from y=1.12 to y=1.19 over the measurement bandwidth. The attenuation
coefficients of the respective samples are found to decrease with increasing MWCNT content and
a similar trend holds also for the dispersion. In contrast, the mean phase velocities for the samples

rise with increasing MWCNT content indicating an increase in the mechanical moduli.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3125323]

PACS number(s): 43.35.Cg, 43.20.Jr, 43.35.Yb, 43.35.Zc [RLW]

I. INTRODUCTION

Since the discovery of carbon nanotubes (CNTs) by
Iijima in 1991, significant efforts have been made to incor-
porate these nanoparticles with conventional materials in or-
der to improve the mechanical strength and stiffness or other
physical properties (e.g., electrical and thermal conductance)
of the resulting composite.z_4 CNTs include both single- and
multi-walled (MWCNT) structures, with the former having
typical outside diameter (OD) of 1-2 nm while the latter an
OD of 8—12 nm. Their lengths range from the typical 10 um
to as much as 100 wm with very high aspect ratios (length-
to-diameter) of order 1000:1. CNTs have about 50 times the
tensile strength of stainless steel (100 GPa vs 2 GPa) and five
times the thermal conductivity of copper. Incorporating
nano-scale particles into a matrix to construct a macro-scale
composite can potentially offer improved performance over
composites with larger inclusions (e.g., conventional carbon
fibers) for several reasons, including the increased effective
surface area of contact between the nanoparticles and the
matrix, and higher crystallinity. CNT composites aim to capi-
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talize on both the extraordinary mechanical properties of the
individual CNTs and the potential advantages of nanoscale
reinforcing particles. Research on CNT composites is diverse
incorporating a variety of matrix materials and CNT types
and sizes. Realizing the promise of enhanced mechanical
properties relies on the ability to disperse the CNTs uni-
formly in the host material and on achieving good interfacial
bonding for transferring loads across the matrix-fiber
interface.”™ The dynamic properties of composite materials
in the ultrasonic region of the spectrum can provide informa-
tion about the mechanical moduli, fiber/matrix coupling, and
structural integrity of composite materials.”® The attenuation
spectra of ultrasonic stress waves are sensitive to the cou-
pling of the matrix and reinforcing inclusion as well as the
homogeneity over length scales relevant for structural appli-
cations. The phase velocity spectra can be used to determine
the dynamic mechanical moduli of a material, while the ve-
locity dispersion is linked to the attenuation (as discussed
below) and thus sensitive to a similar list of properties. Non-
linear mechanical properties of composites can also be used
to find signs of microstructural degradation.9

Broadband ultrasonic spectroscopy is a technique utiliz-
ing time-localized signals to determine the phase velocity
and attenuation coefficient spectra over a range of frequen-
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cies simultaneously.10 The attenuation coefficient and phase
velocity spectra are components of the complex wavenumber
and are further interlinked through the Kramers—Kronig
(KK) relations. Fundamentally rooted in causality, KK rela-
tions provide linkages between the physical properties that
govern the response of matter and materials to external
stimuli. Due to their general foundations'' KK relations have
proven to be adaptable and applicable to a wide array of
tasks which include measuring fundamental material param-
eters, establishing the consistency of laboratory data, and
building causally-consistent physical models. KK relations
between components of the complex wavenumber using the
method of subtractions have been established for both homo-
geneous and inhomogeneous materials.'> One complication
in adapting KK relations for the analysis of data is the
knowledge gap that exists between the infinite bandwidth
required by the KK integrals and the measured data which
are inherently bandlimited. The impact of this gap on KK
calculations depends on many factors, both general and
system-dependent. However, finite bandwidth approxima-
tions to the KK relations have proven to be applicable to
measured ultrasonic attenuation and velocity spectra for sus-
pensions exhibiting resonant features,”>™'® and have also
proven accurate for the analysis of systems exhibiting mono-
tonic behavior where the attenuation varies as a frequency
power-law over limited experimental bandwidths.'”"'® For
the power-law attenuation, the KK relations predict that the
velocity dispersion also varies as a power-law (or logarith-
mically in the case that the attenuation is linear in fre-
quency), although with a scaling factor that is a function of
the power-law e:xponent.”’19 Due to convergence problems
with a KK formulation in use at the time, these results were
first derived with an alternate technique, known as the time-
causal method." Using the method of subtractions,'** the
convergence problems were circumvented permitting valid
KK calculations to be performed. In this work, we present
data for the attenuation coefficient and phase velocity spectra
of longitudinal mode elastic waves in the ultrasonic fre-
quency regime for a series of nylon matrix materials contain-
ing various concentrations of MWCNTs. The attenuation co-
efficient spectra for the samples examined in this work are
found to follow a power-law dependence on frequency and
the dispersion data exhibits the variation predicted by the KK
relations.

Il. THEORY

In a variety of media (including some liquids, soft mam-
malian tissues, and solid polymers) over a finite bandwidth,
the attenuation coefficient of ultrasonic waves appears to be
adequately modeled by a power-law dependence on fre-
quency

a(f) = ag|fl*, (1)
where ¢ and y are real constants, with 1 =y=2. The fre-
quency response of a medium of thickness / can be charac-

terized by its transfer function
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TABLE I. The densities of the samples examined in this work.

Density
Sample (g/cm?)
20% MWCNT 1.25
10% MWCNT 1.20
5% MWCNT 1.17
Nylon (0% MWCNT) 1.14
H(f,h) = exp[iK(f)h], (2)
where
2af .
K(f)=—"1+ia(f) 3)
cp(f)

is the conventional complex wavenumber, and c,(f) is the
phase velocity. Given that the power-law attenuation persists
throughout the spectrum, the KK relations predict that the
phase velocities at two frequencies f and f,, have the follow-
ing relationship:”’19

1 1 (4]
= + —

Cp(f) Cp(fO) 2
for 1<y=2, (4a)

anly 27 - 1

which takes the form

1 1
QoL

o) efo) ™ o

These causally-consistent functional forms for the attenua-
tion and phase velocity spectra have been shown to accu-
rately describe the behavior of real materials over band lim-
ited windows in the low-megahertz region of the acoustic

f

in the limit y — 1. (4b)

spectrum. =19
(a) through sample
transmit receive
-
h

(b) reference (water path only)
\f: — :I\,

(C) transmit receive

4 Panametrics |

5800PR
triggerl signal
Gage CompuScope
12400

FIG. 1. (Color online) (a) The through sample and (b) reference (water path
only) signal acquisition steps of the substitution method. (c) Schematic dia-
gram of the instrumentation in the measurement system.
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FIG. 2. (Color online) Representative waveforms captured during (a)
through-sample acquisition (20% MWCNT sample) and (b) reference (water
path only) acquisition.

Ill. MATERIALS

The samples were provided as extruded plates by Ens-
inger Inc. with weight fractions of MWCNTSs of 0% (pure
nylon), 5%, 10%, and 20%. The polymer matrix for the
samples is nylon 6,6. The MWCNTs were produced by Hy-
perion Catalysis International, Inc. (Cambridge, MA). The
densities of the samples are shown in Table I.

IV. DATA ACQUISITION AND ANALYSIS

The velocity and attenuation data were determined using
the broadband ultrasonic spectroscopy technique imple-
mented in a through-transmission set-up, as shown in Fig. 1.
The ultrasound was generated and received by a pair of
PVDF transducers (Olympus NDT/Panametrics) immersed
in a water bath and separated by 12.5 cm. The transmitter
was excited by a broadband pulser/receiver unit (Olympus
NDT/Panametrics 5800). The received signals were captured
by a digital oscilloscope (GaGe Applied Compuscope 12400)
where they were digitized to 12 bits at a rate of 400
Msamples/s. For each sample, through-transmitted ultrasonic
signals were acquired [Fig. 1(a)] from five sites at normal
incidence. A representative through-sample waveform is
shown in Fig. 2(a). In addition to the through-sample acqui-
sitions, waterpath only waveforms were captured to serve as
the reference data in the analysis, as shown in Fig. 1(b). A
captured signal from a waterpath only acquisition is shown
in Fig. 2(b). Sample thicknesses were measured ultrasoni-
cally at each acquisition site on the sample and are derived
from time-of-flight measurements from pulse-echo signals
off the near sample face for each transducer and a waterpath
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TABLE II. The fit values for the attenuation constant, the exponent of the
power law attenuation coefficients, and the offset a for the four samples.

@ ao
Sample (Np mm~' MHz™) y (Np/mm)
20% MWCNT 0.0217 1.169 0.0108
10% MWCNT 0.0272 1.123 —0.0048
5% MWCNT 0.0264 1.154 -0.0046
Nylon (0% MWCNT) 0.0267 1.187 —0.0038

only through-transmission acquisition.21 Waveform data
were acquired by accumulating 5000 raw signals and the
accumulated signal was recorded to disk for further process-
ing. The discrete Fourier transforms of the through-
transmitted and waterpath signals were taken, and the ampli-
tude and phase spectra from each were then used to compute
the attenuation coefficient and phase velocity for each site on
a given sample. The attenuation coefficient was determined
using the following relation:

ret (f)

+InT
olf) = ay(f) + L s)

where a,,(f) is the attenuation coefficient for water, Ay, (f)
and A,(f) are the Fourier amplitude spectra of the through-
sample and reference waveforms, respectively, h is the
sample thickness, and T=4Z,Z,/(Z,+Z,)* is the single-pass
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FIG. 3. (Color online) The measured (a) attenuation coefficient and (b)
phase velocity spectra for the four samples studied in this work.
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amplitude transmission coefficient including both the entry
and exit water/sample interfaces, where Z,=p,c, and Z,
=p,c,(f) are the characteristic acoustic impedances of the
water and the sample, respectively (the sample densities,
{p,}, are given in Table I). The phase velocity relation is

CM/
00 ’
—c,
2mfth

c(f) = (6)

where A@(f) = Pura(f) — dres(f) is the difference in the un-
wrapped phase spectra from the two signals compensated for
sheet offsets. The speed of sound in water, c,, was deter-
mined by the water temperature using the formula from Ref.
22.

After the attenuation coefficient and phase velocity spec-
tra were measured at five sites on a given sample, the spectra
were averaged across the sites to yield a single attenuation
and velocity spectrum for each sample. To determine the
parameters ¢ and y in each case, the attenuation data were
fitted to a model function of the form a(f)=ay+ ayf”, where
ay is the offset of the attenuation data at zero frequency
(beyond the low frequency limits of the measurement spec-
trum). This was done over a range of exponents from y
=1.001 to y=1.349, and the exponent y and associated coef-
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FIG. 5. (Color online) The experimental attenuation coefficient and phase
velocity spectra for the 10% MWCNT sample with their associated KK
predicted curves. The solid lines in the bottom panel are the standard devia-
tion limits of the measured quantities. (The standard deviation limits for the
attenuation data are smaller than the width of the plotted curve.)

ficient « that gave the best fit to the dispersion data using
Eq. (4a) were used. The values for the parameters «; and y
as determined by this procedure are given in Table II. (See
Table III for phase velocity values at fj,,,=4 MHz.)

V. RESULTS AND DISCUSSION

The results for the attenuation coefficient and phase ve-
locity for all four samples are shown together in the panels of
Fig. 3. The comparisons of the measured attenuation and
dispersion data with the KK power-law model predictions
are shown for each respective sample in Figs. 4—7. The top
panel in each of Figs. 4—7 shows the attenuation coefficient
and its power-law fit. The bottom panel in each figure com-
pares the measured phase velocity spectra with the KK pre-
diction in the form of Eq. (4a) using the parameters from the
attenuation fit.

The attenuation coefficient spectrum for the pure nylon
sample exhibited the highest values throughout the measure-
ment bandwidth, and across the samples the attenuation was
found to decrease with increasing MWCNT content (in the
same way as with the dispersion as discussed below), as
shown in Fig. 3(a). The attenuation coefficient of the nylon-
only sample also exhibited the steepest rise with frequency,
and the largest power-law exponent of about 1.19. The at-
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FIG. 6. (Color online) The experimental attenuation coefficient and phase
velocity spectra for the 5% MWCNT sample with their associated KK pre-
dicted curves. The solid lines in the bottom panel are the standard deviation
limits of the measured quantities. (The standard deviation limits for the
attenuation data are smaller than the width of the plotted curve.)

tenuation coefficient of the 20% MWCNT sample was the
smallest among the samples across the spectrum and the
slowest rise with frequency. The power-law exponent of the
5% MWCNT sample and 10% MWCNT sample fell mono-
tonically from the nylon value, but the 20% MWCNT sample
had a greater exponent than both the 5% and 10% MWCNTs
while still remaining lower than the nylon-only. The reasons
for the monotonic decrease in attenuation with increasing
MWCNT concentration are not clear, although this could due
to differences in the bulk attenuation of the two media (vol-
ume related effect) or some aspect of the coupling between
the two phases (interphase boundary effects and scaling with
the interphase surface area). Simple series- and parallel-type
volumetric law of mixtures models were unable to account
for the differences in attenuation among the samples. It is
likely that a combination of factors contributes to the ob-
served trend, but a more definitive judgment on this manner
is beyond the scope of the present work.

The phase velocity and dispersion results are summa-
rized in Table III. The mean phase velocities (averaged
across the 4—14 MHz bandwidth) for the four samples ex-
hibit an increase as MWCNT content rises, starting from a
value of 2.695 mm/us for the pure nylon (0% MWCNT)
sample up to 2.970 mm/ us for the 20% MWCNT sample.
This is indicative of an increase in the Young’s modulus of
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about 28% from pure nylon to the composite with the highest
fraction of MWCNT, assuming that nylon’s Poisson’s ratio
of about 0.39 continues to hold.”® The dispersion, defined as
A(1/¢)=[17c(fiow)]=[1/c(frign)] [as is natural based on the
form predicted in Eq. (4)], varies from sample to sample
with the dispersion decreasing with increasing MWCNT con-
tent. This is the same trend as seen with the attenuation data
as expected from the causally-consistent forms of Egs. (3)
and (4). (An interesting observation is that the change in
phase velocity, Ac=c(fyigh)—C¢(fiow), as dispersion is often
defined, did not change significantly from sample to sample.)
The pure nylon exhibited the greatest dispersion, with a
variation in A(1/c) about 1.26 times higher than that of the
20% MWCNT sample. These dispersion data are also con-
sistent with the attenuation coefficient determinations as
linked by the KK relations, as can be seen in the Figs. 4(b),
5(b), 6(b), and 7(b). In each case the KK prediction is almost
indistinguishable from the measured phase velocity. It is
clear that the KK predicted forms are quantitatively consis-
tent with these data. It is not clear, however, how far beyond
the measurement bandwidth one could expect these forms to
continue to hold.

VI. CONCLUSION

The phase velocity and attenuation coefficient spectra of
composite materials with varying amounts of MWCNT con-
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TABLE III. Phase velocity measurements from the four samples. The first three columns are the values at 4, 9,
and 14 MHz, respectively. The fourth column is the phase velocity averaged over the entire bandwidth, and the

last column is the dispersion.

Cp(flow) Cp(fmedian) Cp(fhigh) C_‘10 1 /Cp(flow) -1 /Cp(fhigh)
Sample (mm/ us) (mm/ us) (mm/ us) (mm/ us) (mm/ us)™!
20% MWCNT 2.950 2.971 2.984 2.970 3.83x1073
10% MWCNT 2.820 2.842 2.855 2.840 4.40x 1073
5% MWCNT 2.776 2.798 2.812 2.797 4.53%x 1073
Nylon (0%
MWCNT) 2.675 2.696 2.710 2.695 4.82x1073

tent (from O to 20% by weight) were measured using a
broadband technique. The samples were found to be effec-
tively homogeneous on spatial scales from the low end of
ultrasonic wavelengths investigated and up (>0.2 mm).
Over the measurement bandwidth, these spectra were found
to be a consistent KK model that utilizes a frequency power-
law form for the attenuation coefficient. The mean phase
velocity increased monotonically with the rising MWCNT
content, indicating an increase in the mechanical moduli with
MWCNT concentration. The attenuation coefficient and the
dispersion both showed the opposite trend, decreasing with
increasing MWCNT content, consistent with the predictions
of the KK model.
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Sensitivity of acoustic microscopy for detecting
three-dimensional nanometer gaps embedded

in a silicon structure
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The sensitivity of acoustic microscopy for detecting three-dimensional defects in a Si structure is
reported. Circular, nanometer gaps with diameters ranging from 5 to 1000 wm were embedded in
Si disks by a direct bonding technique, and these were visualized using acoustic microscopy. The
limits of detection for the gap thickness and diameter were observed simultaneously in samples with
gaps of 4 and 140 nm. The behavior of the sensitivity in detecting the gaps can be explained by a
simple analytical model. It is shown experimentally and theoretically that the gap thickness and
diameter are not independent variables as regards detection. The sensitivity of acoustic microscopy

is governed by the three-dimensional features of the embedded defects.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3147493]

PACS number(s): 43.35.Sx, 43.35.Zc, 43.58.Vb [TDM]

I. INTRODUCTION

Acoustic microscopy/imaging is one of a number of
image-based nondestructive techniques,l_4 and has been an
indispensable tool for evaluating the reliability of microelec-
tromechanical systems (MEMSs) or nanoelectromechanical
systems (NEMSs). What size of defect can be observed by
acoustic microscopy? The answer to this question will clarify
the applicability of this technique for the inspection of future
MEMS/NEMS. This simple question can be interpreted in
two ways. One interpretation is with regard to the lateral
resolution, which indicates the separation between two sound
sources in the object plane that can be clearly distinguished
from each other.>”” The resolution determines the minimum
dimension of detectable defects in the plane perpendicular to
the sound propagation. The other interpretation is in terms of
the minimum thickness of defect that can be detected, which
is the dimension of the defect in the direction of sound
propagation. To avoid confusion with the depth of the defect
beneath the surface of the structure, from this point onwards,
the defect thickness is referred to as the separation. The lat-
eral resolution is related to the wavelength of the transmitted
waves and it can be predicted theoretically from the fre-
quency characteristics of the transmitted waves and the geo-
metrical configuration of the acoustic transducers. On the
other hand, it is very difficult to quantify the minimum de-
tectable separation both experimentally and theoretically be-
cause the minimum detectable separation may be on the nan-
ometer scale. Newton’s ring experiments enable us to
observe the interaction between acoustic waves and thin
gaps.8 However, the gaps that give rise to Newton’s ring are
not surrounded by other structures, and moreover, the gap
separation varies in the object plane. Therefore, it is difficult

YAuthor to whom correspondence should be addressed. Electronic mail:
tohmyoh @ism.mech.tohoku.ac.jp
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to discuss the detection limit for defects embedded in a
sample using Newton’s ring experiments. Ogura6 reported
that 5 nm wide gaps introduced in a Si dioxide layer grown
on a substrate and embedded in a sample by a Si-on-insulator
technique could be detected by acoustic microscopy. How-
ever, the sensitivity for detecting the gaps as a function of the
separation was not determined and the detection limit for
observing defects embedded in the sample was not clearly
expressed.

Until now, the sensitivities for the minimum detectable
defect separation and the lateral resolution have usually been
discussed separately. However, these should simultaneously
be considered because the separation of the defects changes
as a result of the acoustic pressure, and this change depends
on the size of the defects and the measurement conditions.
For this reason, a technique for embedding precise nano-
meter gaps in samples was developed,9 and the gaps were
visualized by acoustic microscopy employing a 100 MHz
focused ultrasonic transducer. Moreover, the intensity of the
acoustic pressure applied to the gap during imaging was in-
creased by inserting a polymer acoustic matching layer be-
tween the water and the Si sample.lo However, only patterns
with gap separations of 9.7 nm and widths up to 300 um
were analyzed and the detection limit for the gap separation
was not found. In this paper, the detection limits for both the
gap separation and the gap diameter are simultaneously ob-
served in samples with circular gaps with separations of 4
and 140 nm and diameters in the range 5—1000 wm.

Il. CONCEPT OF SENSITIVITY FOR DETECTING 3D
NANOMETER GAPS

Consider a circular gap of diameter D and separation H
embedded in a structure. The top surface of the gap is located
at a depth & from the surface of the structure. For a rough
estimate of the elastic movement at the top of the circular
gap under acoustic pressure, a simple disk model with the

© 2009 Acoustical Society of America
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FIG. 1. (Color online) Concept of sensitivity for detecting 3D gaps. (a)
Model for deformation of a circular gap embedded in a sample. The dis-
placement at the top surface of the gap can be determined from the circular
disk model. Here the edge of the disk is rigidly fixed, and a uniformly
distributed load is applied symmetrically with respect to the center of the
disk. (b) Relationships between w/g and C for various values of D.

dimensions of the top part covering the gap is used. The disk
is considered to deform under the loading conditions where
the load, g, is uniformly distributed over a central part of the
disk with diameter C, as shown in Fig. 1(a). The cylindrical
boundary surface of the model is considered to be rigidly
fixed. In this case, the displacement, w, of the disk at its
center is given by11

4 2
=l (& ()3 ®
256A\C c/) 4
where E is Young’s modulus, v Poisson’s ratio, and A
=ER/[12(1-17)].

The structural material is considered to be Si [100] be-
cause it is frequently used for MEMS/NEMS. The values of
E and v for Si [100] are 130.8 GPa (Ref. 12) and 0.28,'°
respectively, and the gaps are located at a depth h
=0.5 mm. Figure 1(b) shows w/g for D=300, 500, 700, and
900 wm as functions of C. The value of w/q increases as
both C and D increase. For example, at C=100 um, the
value of w/q for D=900 wm is about 2.1 X 1077 m?/N but
it is only about 0.2X 107" m?*/N for D=300 um. In the
case of g=1 GPa, the values of w for D=900 and 300 um
are 21 and 1.9 nm, respectively. Here, the detection sensitiv-
ity is considered to decrease as the gap closes. Therefore, a
gap with D=900 um and H=10 nm may be difficult to de-
tect by an ultrasonic transducer with g=1 GPa and C
=100 um, since w>H and the gap will close. On the other
hand, a gap with D=300 wm and H=10 nm may be detect-
able by the same ultrasonic transducer provided that the
transducer has sufficient lateral resolution. In the above dis-
cussion the three-dimensional (3D) nature of the defects, i.e.,

J. Acoust. Soc. Am., Vol. 126, No. 1, July 2009

(a) Units are in um. 5 (b)l T
800 o0 900 I . )
@ o £ 0
100 — 3.740.6nm |
90« o ©200 £ ]
80+ 0 .60, S 5 -
@, 0. @ 2
500 30" 4o ;%0760 T
_10 1 1 T 1 1 1
® . 0 4 8 12 16 20

300 700 Position (um)

FIG. 2. (Color online) Details of the 3D nanometer gaps embedded in the Si
sample. (a) Pattern of gaps fabricated on a Si [100] chip. (b) An example of
the height profile of a circular gap for H=4 nm and D=20 um obtained by
AFM. (c) An example of a TEM image of a gap with H=4 nm and D
=500 pm.

D and H for circular gaps, is considered in determining the
detection limits of acoustic microscopy, in addition to the
characteristics of the incident acoustic waves, i.e., ¢ and C.
Note that the sensitivity for detecting gaps is also dependent
on h.

lll. EXPERIMENT

Three chips measuring 20 X 20X 0.5 mm? were cut-out

from Si [100] wafers, and circular patterns with D ranging
from 5 to 1000 um, and H=4 nm were introduced onto two
of the chips using photolithography and fast-atom-beam
etching, as shown in Fig. 2(a). One of the two patterned
chips and the non-patterned chip were bonded together by
direct bonding using a wafer bonder so that the gaps were
embedded. The other Si chip was used for measuring the
height of the gaps by atomic force microscopy (AFM). More
details on the fabrication procedure for preparing these
samples are described elsewhere.’ Figure 2(b) shows an ex-
ample of the depth profile of a 20 wm-diameter gap obtained
by AFM, which shows the depth to be 3.7 =0.6 nm. Another
bonded sample with gaps of 140+ 1 nm separation was pre-
pared using the same procedure.

Pure water at 295 K was used as the coupling liquid.
Two types of broadband, focused ultrasonic transducers were
used to record acoustic images from the back surface of the
samples, which was in contact with the water. One trans-
ducer had a nominal frequency of 100 MHz and a focal
length of 12.7 mm. The other had a nominal frequency of 30
MHz and a focal length of 19.1 mm. The diameter of the
piezoelectric element of both transducers was 6.35 mm. Af-
ter acquiring the acoustic images, the sample with H
=4 nm was cut using a micro-sampling technique, and its
cross-section viewed using a transmission electron micro-
scope (TEM). Figure 2(c) shows an example of the cross-
sectional view around a 500 um-diameter gap obtained by
TEM. The contrast in the image between the top and bottom
Si chips is due to the difference in crystal orientation. The
gap was filled with carbon to get a clearer picture. The TEM
analysis showed that the gap separation was unaffected by
the bonding operation.
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FIG. 3. Acoustic images of 3D nanometer gaps embedded in Si samples
(4.5X 4.5 mm?). The images in (a) and (b) were obtained with the 30 MHz
ultrasonic transducer and those in (c) and (d) were obtained with the 100
MHz ultrasonic transducer. The value of H for the images in (a) and (c) was
140 nm, and that for the images in (b) and (d) was 4 nm.
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IV. RESULTS AND DISCUSSION
A. Acoustic images

Acoustic images of the samples with H=140 and 4 nm
obtained using the 30 MHz ultrasonic transducer are shown
in Figs. 3(a) and 3(b), respectively. Images obtained using
the 100 MHz ultrasonic transducer are shown in Figs. 3(c)
and 3(d), respectively. In both images obtained using the 30
MHz ultrasonic transducer, gaps smaller than D=100 wm
are hardly visible. On the other hand, gaps smaller than D
=40 um are difficult to identify in both images obtained
with the 100 MHz ultrasonic transducer. This is due to limi-
tations in the lateral resolution for each of the ultrasonic
transducers used.

The lateral resolution, , is defined as the separation
between two sound sources, which can clearly be distin-
guished from each other, and can be determined from the
beam intensity at the point at which the ultrasonic transducer
is focused; see Appendix.sf7 Figures 4(a) and 4(b) show the
echo waveforms from the back surface of the sample at a
position where there is no gap, obtained using the 30 and 100
MHz ultrasonic transducers, and Figs. 4(c) and 4(d) show the
corresponding amplitude spectra of Figs. 4(a) and 4(b), re-
spectively. The distributions of the beam intensity at the
point at which the transducers are focused are determined as
shown in Figs. 4(e) and 4(f), respectively. The estimated val-
ues of 4% at the back surface of the samples for the 30 and
100 MHz ultrasonic transducers are 165 and 48 um, respec-
tively, and these are reasonable compared with the experi-
mental values.

The gaps with D=500 and 600 um in the sample with
H=4 nm are seen as faded circular marks in the acoustic
image obtained with the 30 MHz ultrasonic transducer, but
these are clearly visible in the image obtained using the 100
MHz ultrasonic transducer; see Fig. 3. Although the echo
transmittance via thin gaps changes depending on the gap
thickness,'* this cannot explain the deference in sensitivity
for gaps with different diameters. The blurred 500 and
600 um-diameter images for the 30 MHz ultrasonic trans-
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FIG. 4. Echo waveforms from the back surface of the bonded Si sample
obtained with (a) the 30 MHz ultrasonic transducer and (b) the 100 MHz
ultrasonic transducer. The corresponding amplitude spectra of (a) and (b) are
shown in (c) and (d), respectively. The distributions of beam intensity at the
focal point for (e) the 30 MHz ultrasonic transducer and (f) the 100 MHz
ultrasonic transducer.

ducer must be due to closure of the gaps as a result of the
ultrasonic transmission. From Eq. (1), the value of w/g for
D=500 um when C=d"*=165 um is 1.43 <1077 m?/N.
If the authors assume the acoustic pressure field formed by
the 30 MHz ultrasonic transducer is uniformly distributed,
then g becomes 0.28 GPa for w=H=4 nm.

In the acoustic image of the sample with H=4 nm ob-
tained with the 100 MHz ultrasonic transducer, gaps larger
than D=700 um disappear [Fig. 3(d)]. The receiver gains
for acoustic imaging were 45 dB for the 30 MHz ultrasonic
transducer and 63 dB for 100 MHz ultrasonic transducer, i.e.,
the gain of the 100 MHz ultrasonic transducer was 18 dB
higher than that of the 30 MHz ultrasonic transducer. For
simplicity, the acoustic pressure on the gap from the 100
MHz ultrasonic transducer was considered to be —9 dB for
pulse echo system (half of —18 dB) compared with the 30
MHz transducer, meaning that the acoustic power applied by
the 100 MHz ultrasonic transducer is estimated to be about
35% of that of the 30 MHz ultrasonic transducer. The value
of g for the 100 MHz ultrasonic transducer was estimated to
be 1.16 GPa for C=d"*=48 um, and the value of D for
which the gaps close was estimated to be about 760 um.
Although the estimated detection limit showed reasonable
agreement with the experimental one, none of the edges of
gaps with D=700 um are visible in Fig. 3(d) even though
the displacement at the edges should be zero. From this ex-
perimental fact, it was suspected that the surfaces of the 4 nm
gaps with D=700 um were bonded together in the initial
bonding process.

B. Sensitivity for detecting gaps

Now consider the sensitivity for detecting gaps by using
the relative intensity of the echo from the back surface
(=A,/A,) as a measure, where A is the amplitude of the
echo from the back of the sample obtained at a position
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FIG. 5. (Color online) Relationships between A,/A, and D obtained for (a)
the 30 MHz ultrasonic transducer and (b) the 100 MHz ultrasonic trans-
ducer.

without a gap, and A, is that obtained at the center of a gap.
Lower values of A,/A indicate a higher sensitivity for the
embedded gaps. Figure 5(a) shows the relationships between
A,/Ap and D in the case of the 30 MHz ultrasonic trans-
ducer; those for the 100 MHz ultrasonic transducer are
shown in Fig. 5(b).

No gap separation dependency for the values of A,/A,
was observed in the case of the 100 MHz ultrasonic trans-
ducer in the range of D examined. On the other hand, in the
case of the 30 MHz ultrasonic transducer, although A,/A,
slightly decreases with increasing D when H=140 nm and
D>400 pm, it increases with D when H=4 nm. This is
because the top and bottom surfaces of the gaps make con-
tact. In the case of the 30 MHz ultrasonic transducer, in the
range of D shown in Fig. 5(a), the value of A /A, for H
=140 nm increases as D decreases. A similar tendency was
observed for the 100 MHz ultrasonic transducer, which
shows an increase in A,/A; as D decreases for D
<200 wum [Fig. 5(b)]. The decrease in sensitivity for smaller
D is due to the dispersion of the acoustic energy applied to
the gap, and this is closely related with the distribution of the
acoustic pressure in the object plane of the ultrasonic trans-
ducers used.

The condition for visible circular gaps is given by D
=D =Dy, where D; and Dy; are the lower and upper values
of the diameter, respectively. The value of D; is the lateral
resolution of the ultrasonic transducer, and Dy, is governed
by H, h, and the intensity of the applied acoustic waves. For
example, in the case of H=4 nm and A=0.5 mm, the visible
range of D is given by 165 um=D =400 um for the 30
MHz ultrasonic transducer.

Based on the experimental results and analytical consid-
erations, in the case of smaller defects, e.g., voids, the lateral
resolution governs the detectability of defects. The minimum
detectable separation w(=H) for smaller defects may be of
the order of less than 1 nm. On the other hand, in the case of
larger defects, e.g., delamination, the separation of the de-
fects may govern whether the defect can be detected or not.
Note that the detectable separation for larger defects in-
creases with the increasing size of the defects.

In this paper, the gaps were located at 4=0.5 mm. From
Eq. (1), it can be seen that the minimum detectable separa-
tion (w=H) of the defects depends very much on h. Figure 6
shows the relationships between 7 and w for different gap
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FIG. 6. (Color online) Relationships between w and h for D
=300-900 um for the case where ¢g=0.28 GPa and C=165 um.

diameters (D=300-900 wm) obtained with the 30 MHz ul-
trasonic transducer (¢=0.28 GPa, C=165 um). The value
of w increases with decreasing /. Note that the detectable
gap separation increases for the defects located at shallower
positions.

To verify the present model, the top surface of the
sample with gaps of H=140 nm was lapped and polished
down to 2=0.2 mm. Figure 7 shows an acoustic image of
this sample obtained after thinning using the 30 MHz ultra-
sonic transducer. For this transducer, the value of D for w
=H=140 nm at 4/=0.2 mm was calculated to be 710 wm
from Eq. (1). As shown in Fig. 7, the central parts of gaps
with D=800 wm, which were dark in Fig. 3(a) for h
=0.5 mm, become light, indicating that the surfaces of the
gaps had come into contact in the central regions. The ex-
perimental results are in good agreement with predictions
obtained from Fig. 6, and the facts support the validity of the
present analytical model for calculating the sensitivity of
acoustic microscopy for detecting embedded defects.

V. CONCLUSIONS

The detection limits for both the depth and width of gaps
detected using acoustic microscopy were studied using Si

S
2

FIG. 7. Acoustic image of 3D nanometer gaps with H=140 nm obtained
with the 30 MHz ultrasonic transducer after lapping and polishing the sur-
face of the Si sample (4.5X4.5 mm?). The acoustic image of the same
sample before polishing is shown in Fig. 3(a).
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samples with embedded circular gaps with depths of 4 and
140 nm and diameters in the range from 5 to 1000 wm.
Acoustic imaging of the samples was performed using 30
and 100 MHz focused ultrasonic transducers. For both trans-
ducers, the sensitivity for detecting the gaps decreases with
decreasing gap diameter due to the dispersion of the acoustic
energy applied to the gaps. On the other hand, the sensitivity
also decreases with increasing gap diameter for the 30 MHz
ultrasonic transducer due to the surfaces of the gap coming
into contact. The phenomenon was interpreted by a simple
analytical model, in which the acoustic pressure was uni-
formly distributed in the central region of the disk with a
fixed circular boundary.
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APPENDIX: CALCULATION OF BEAM INTENSITY

The beam intensity at the point at which the ultrasonic
transducer is focused can be expressed in terms of the am-
plitude spectrum, ¢, and the geometrical configuration of the
ultrasonic transducer and is given as™”’

fu

&(r) = 2 {¢[2/,(B)/BT}, (A1)

fr
where r is the radial distance from the central axis of the
ultrasonic transducer, J; is a Bessel function of the first kind
and first order, B=kyra/zy, ky(=27f/cy) is the ultrasonic
wave number in water, f is frequency, cy is the longitudinal
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wave velocity in water (=1500 m/s), f; is the lower fre-
quency limit, and f;; is the upper frequency limit. In this
study, the frequencies for which ¢ was 10% of the maximum
amplitude were used for f; and f;;. 2a and z are the diameter
of the piezoelectric element and the focal length of used
ultrasonic transducer, respectively. The lateral resolution,
dE, must satisfy the following equation:’ &,(0)
-2&,(dPE12)+ &,(dPF)=0.
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The development of automatic guided wave interpretation for detecting corrosion in aluminum
aircraft structural stringers is described. The dynamic wavelet fingerprint technique (DWFT) is used
to render the guided wave mode information in two-dimensional binary images. Automatic
algorithms then extract DWFT features that correspond to the distorted arrival times of the guided
wave modes of interest, which give insight into changes of the structure in the propagation path. To
better understand how the guided wave modes propagate through real structures, parallel-processing
elastic wave simulations using the finite integration technique (EFIT) has been performed.
Three-dimensional (3D) simulations are used to examine models too complex for analytical
solutions. They produce informative visualizations of the guided wave modes in the structures and
mimic the output from sensors placed in the simulation space. Using the previously developed mode
extraction algorithms, the 3D EFIT results are compared directly to their experimental

counterparts. © 2009 Acoustical Society of America. [DOI: 10.1121/1.3132505]

PACS number(s): 43.35.Zc, 43.40.Le, 43.60.Hj [TDM]

I. INTRODUCTION

Structural health monitoring (SHM) combines the use of
onboard sensors with artificial intelligence algorithms to au-
tomatically identify and monitor structural health issues. Be-
cause they propagate relatively long distances within struc-
tures, guided waves allow inspection of large areas with
fewer sensors, making them attractive for a variety of appli-
cations. Ultrasonic guided wave SHM methods push us to
fully exploit the interaction of complex multimode signals
with flaws of interest in key structural components.

This paper describes the experimental development of
automatic guided wave interpretation for detecting the thin-
ning effects of corrosion on aluminum aircraft structural
stringers. The signals received are too complex for interpre-
tation without knowledge of the guided wave physics. We
employ a signal processing technique called the dynamic
wavelet fingerprint technique (DFWT) in order to render the
guided wave mode information in two-dimensional binary
images. The use of wavelets allows us to keep track of both
time and scale features from the original signals. With simple
image processing, we have developed automatic extraction
algorithms for features that correspond to the arrival times of
the guided wave modes of interest for each of the applica-
tions. Due to the dispersive nature of the guided wave
modes, the mode arrival times give details of the structure in
the propagation path. For further understanding of how the
guided wave modes propagate through the real structures, we
have developed parallel processing, three-dimensional (3D)
elastic wave simulations using the finite integration tech-
nique (EFIT). This full field, numeric simulation technique
easily examines models too complex for analytical solutions.

YAuthor to whom correspondence should be addressed. Electronic mail:
hinders@wm.edu
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We have developed the algorithm to handle built up 3D
structures as well as layers with different material properties
and surface detail. The simulations produce informative vi-
sualizations of the guided wave modes in the structures but
also directly mimic output from sensors placed in the simu-
lation space for direct comparison to experiment. Using our
previously developed mode extraction algorithms, we were
then able to compare our 3D EFIT data to their experimental
counterparts with consistency.

The basic formulation and discussion of the guided
waves can be found in several now classic texts,l’5 as well as
extensive literature reviews of work done in the field of
guided elastic waves for application in SHM.®” The work
presented here builds on our recent line of research®* with
the formalism and basic techniques dating back to 1885.2°%
In extended structures where the wavelength is on the same
order as the thickness, the two boundaries cause multiple
reflections and mode conversions, so the “plate” develops
new wave packets that propagate throughout the thickness.
There are an infinite number of modes generated for higher
frequency-thickness products in even the simplest of plates,
although each of the modes except the two lowest has a
cutoff frequency where the phase velocity approaches infin-
ity while the group velocity approaches zero. The number of
propagating modes present in the structure is determined by
the frequency-thickness product and the way in which the
waves are generated. The dispersive properties of the gener-
ated modes allow us to gain information about the structure
through which they propagate. With a known nominal thick-
ness, we can choose an excitation frequency that generates a
highly dispersive mode and then exploit the dispersive nature
of the guided waves to design SHM methods to monitor
structures for deviations from this, i.e., flaws.

Our philosophy is to excite complicated signals in order
to keep all of the time-series information, then post-process
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the waveforms to extract the most useful information about
the modes of interest using the DWFT. The DWFT imple-
mented here relies on filtering the data with a discrete sta-
tionary wavelet (SWT) filter to remove a few layers of detail
then passing the filtered signal through the fingerprinting al-
gorithm.

Wavelets are very useful for analyzing time-series data
because the wavelet transform allows us to keep track of
both time and frequency, or scale features. Whereas Fourier
transforms break down a signal into a series of sines and
cosines in order to identify the frequency content of the en-
tire signal, wavelet transforms keep track of local frequency
features in the time domain. Ultrasonic signal analysis with
wavelet transforms was first studied by Abbate in 1994 who
found that if the mother wavelet was well defined there was
good peak detection even with large amounts of added white
noise.’® Massicotte et al. then found that even noisy EMAT
sensor signals were resolvable using the multi-scale method
of the wavelet transform.”' One of the strengths compared to
the fast Fourier transform was that the extraction algorithm
did not need to include the inverse transform, the arrival time
could be taken directly from the time frequency domain of
the wavelet transform. In 2002 Perov er al.** considered the
basic principles of the formulation of the wavelet transform
for the purpose of an ultrasonic flaw detector and concluded
that any of the known systems of orthogonal wavelets are
suitable for this purpose as long as the number of levels does
not drop below 4-5. In 2003 Lou and Hu found that the
wavelet transform was useful in suppressing non-stationary
wideband noise from speech.33 In a comparison study be-
tween the Wigner—Ville distribution and the wavelet trans-
form, performed by Zou and Chen, the wavelet transform
outperformed the Wigner—Ville in terms of sensitivity to the
change in stiffness of a cracked rotor.** In 2002 Hou and
Hinders developed a multi-mode arrival time extraction tool
that rendered the time-series data in two dimensional (2D)
time-scale binary images.35 Since then this technique has
been applied to multi-mode extraction of Lamb wave signals
for tomographic reconstruction,'*® time domain reflectom-
etry signals for wiring flaw detection,””*® and a periodontal
probing device.”

In general most of the information in a signal is con-
tained in the approximations of the first few levels of the
SWT. The details of these low levels often have mostly high
frequency noise information. If we set the details of these
first few levels to zero, when we reconstruct the signal with
the inverse SWT we have effectively de-noised our signal to
keep just information of the Lamb wave modes of interest. In
our work, we start with the filtered ultrasonic signal and take
a continuous wavelet transform. The continuous wavelet
transform gives a surface of wavelet coefficients, and this
surface is then normalized between [0—1]. Then we perform
a thick contour slice operation where the user defines the
number of slices to use; the more slices, the thinner the con-
tour slice. The contour slices are given the value of 0 or 1 in
alternating fashion. They are then projected down to a 2D
image where the result often looks remarkably like the ridges
of a human fingerprint. The problem has thus been trans-
formed from one-dimensional signal identification problem
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to a 2D image recognition scenario. The power of the DWFT
is that it reduces the time-series data into a binary matrix that
is easily stored and transferred. There is also a robustness to
the algorithm, since different mother wavelets emphasize dif-
ferent features in the signals. For the most part in the re-
search, we have manually chosen the mother wavelet based
on experience and using wavelets roughly shaped like the
excitation pulses. The last piece of the DWFT is the image
recognition of the binary features that correspond to the
modes of interest. We have found that different modes are
represented in unique features in our applications. We have
found that using a simple ridge counting algorithm on the 2D
images is often a helpful way to identify some of the features
of interest. Once a feature has been identified in the time
scale space, we have determined its arrival in the time do-
main as well and we can draw conclusions based on our
knowledge of the guided wave theory, supplemented by
high-resolution 3D simulations.

Along with finite element techniques, numeric modeling
using the EFIT has proven very useful for modeling guided
wave behavior. Fellinger et al. 0 developed the basic equa-
tions of EFIT along with a way to discretize the material
parameters for ensuring continuity of stress and displacement
across the staggered grid in 1995. Schubert e al.*' then
adapted the EFIT equations into cylindrical coordinates (CE-
FIT) to investigate axisymmetric wave propagation in pipes
with a 2D grid. In 2001 Schubert and Koehler* presented
results looking at elastic wave propagation in porous con-
crete but due to computational limitations could only model
5X5X10 cm® spaces with periodic boundary conditions.
Then in 2004 Schubert* gave an overview of the flexibility
of EFIT with discretization in Cartesian, cylindrical, and
spherical coordinates and showed a wide range of modeling
applications. Rudd et al. extended this to a full 3D massively
parallel implementation to model phased array focusing after
pipe bends* ultrasonographic periodontal probing45 and
non-linear acoustic security screening.

Our motivation is to identify problem areas in structures
before failure occurs by developing techniques using ultra-
sonic guided waves to provide quantitative information about
the structure. Most of the development is carried out experi-
mentally in the lab, using the DWFT to present the complex
data in a form that is easier to interpret. Our specific goal is
to better understand Lamb wave propagation in airframe
stringers and their interaction with corrosion and thickness
loss flaws. First, using an incremental thickness loss experi-
ment and then an accelerated corrosion test, we employ the
DWEFT to automatically extract mode arrivals. We then per-
form high-resolution 3D simulations of Lamb wave propaga-
tion in the stringers and compare directly to the experimental
results.

The stringer samples provided by Alcoa are made of a
high-strength aluminum alloy, Al 2024 T3511, in which cop-
per is the major alloying element along with a small magne-
sium content. The approximately 4% copper and 1.5% mag-
nesium provide increased strength and work-hardening
characteristics. However, due to the higher copper content,
this alloy is less resistant to corrosion. Minute copper par-
ticles on the surface and grain boundaries of the alloy create
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FIG. 1. Aluminum dispersion curve. For a frequency-thickness product of
1.6 mm MHz (dotted line), we expect the arrival of two guided wave modes,
S0 and AO.

small galvanic cells in the material. The copper is more
noble than the aluminum so it has potential to reduce the
adjacent aluminum, causing corrosion. As this intergranular
corrosion continues, the copper ions replate themselves on
the alloy increasing the corrosion rate. This is why the tem-
per, T3511, and work-hardening are important; the heat treat-
ment can affect the amount, size, and distribution of the in-
termetallic precipitates.47 In extruded structures, the grains
become elongated down the length of the structure so the
intergranular corrosion proceeds in an exfoliating manner.
The grain boundaries expand, flaking off mostly non-
corroded layers in a fashion that we can model as a thinning
of the plate-like structure. The sample aluminum stringers
used are 1 m in length and have a “T” cross-section with an
original flange thickness of 1.6 mm. We used piezoelectric
shear wave contact transducers on the flange in a pitch-catch
arrangement to inspect the samples, with the Lamb waves
propagating from one end of the stringer to the other prima-
rily in the flange. The transmitting transducer, aligned in the
shear vertical (SV) configuration where the polarization of
the PZT crystal is parallel to the length of the stringer, ex-
cites Lamb wave modes that are then recorded by the receiv-
ing transducers at the far end of the stringer. Since the Lamb
wave modes are dispersive, the presence of a flaw shifts the
arrival times and amplitudes of the Lamb wave modes re-
ceived. For thinning flaws, we expect that the faster SO mode
will speed up while the slower AO mode will gradually slow
down with increased thinning (Fig. 1). One of the advantages
of guided waves for SHM is that they are sensitive to corro-
sion on either side of the structure, which here means that the
transducer can be placed on whichever side of the flange is
accessible and then corrosion can be detected on both that
side and on the inaccessible face of the structural member.

Il. INCREMENTAL THICKNESS MILLING TEST

Our first step consisted of simulating the effect of cor-
rosion by incrementally decreasing the thickness of the
stringer flange with a milling machine so that we know pre-
cisely how much material we are removing at each step. The
milling increments were taken from the middle 40 cm of one
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FIG. 2. (Top) Raw waveform collected from clean, un-milled sample.
(Middle) Filtered waveform using a DSW filter. (Bottom) Extracted wavelet
fingerprint for the A0 mode, corresponding to the gated portion of the fil-
tered waveform. The horizontal axis in each is time. For the waveforms the
vertical axis is amplitude, and for the wavelet fingerprint the vertical axis is
scale.

side of the flange, from the outside edge 21.5 mm toward the
web. The transducers were placed 10 cm from the ends of
the stringers to separate the reflections from the ends out in
time from the direct signal. Modeling clay on the ends of the
stringer was used to damp out some of the standing waves
and to keep the stringer from touching the laboratory bench.
The total propagation length was 80 cm with the 40 cm flaw
in the middle. We show the data processing steps in Fig. 2.
This progression begins with a SWT filter, and then by win-
dowing a portion to pass to the DWFT algorithm to find the
fingerprints. The window was determined using the expected
arrival time for the A0 mode. Figure 3 shows the binary
fingerprint images produced from the incremental milling
tests. The top image is for the un-milled clean sample. In
each of the images, a circle-in-circle feature was automati-
cally extracted via straightforward image processing which
searched at each time delay for the corresponding vertical
ridge-count pattern, with the feature’s location indicated by
the vertical lines. As material is removed from the flange, we
would expect from the dispersion curves that the AO mode
would slow down. In these images a slowing of the mode
would mean a later arrival time and a shift of the feature to
the right. It can be seen in the images that the feature shifts
right. Furthermore the movement of the double feature cor-
responds to the arrival time of the A0 mode. The extracted
arrival times are labeled to the left. If we calculate the ex-
pected arrival times using the mode velocities from the dis-
persion curves (Fig. 1), taking into account that the waves
are only traveling through the thinned region for half of the
propagation length, we can compare to our experimentally
extracted arrival times and we find that they match the ex-
pected arrival times. The arrival times change as the thick-
ness changes in the manner expected from the dispersion
curve predictions.

lll. ACCELERATED CORROSION TEST

To keep in accordance with the incremental milling
tests, we masked off the test section leaving the middle
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FIG. 3. Material was removed incrementally from top to bottom. Finger-
prints show the automatically extracted AQ arrival, depicted by the lines.
That arrival time is noted to the left of each.

40 cm of the flange to be corroded. The accelerated corro-
sion test follows an ASTM standard test method known as
the EXCO test.*® This test is especially designed to corrode
high-strength 2XXX and 7XXX series aluminum alloys. The
solution is made up of sodium chloride, potassium nitrate,
nitric acid, and hydrogen peroxide for added acceleration.
The EXCO solution produced an exfoliation form of corro-
sion which flakes off layers of the exposed surface. Our pro-
cedure was to record baseline waveforms, apply the EXCO
solution to the test area, and then collect data every 12 h.
Data collection consisted of recording a waveform with the
EXCO solution still on the surface, and then putting the
sample in a nitric acid bath to remove corrosion products
collecting another waveform before taking multiple thick-
ness measurements. After data collection for a particular
timestep, we reapplied the EXCO solution to sit for another
12 h.

The recording and processing of the guided wave signals
were the same as for the milling tests. The contact transduc-
ers were placed 10 cm from each of the ends of the 1| m T
stringer. However, the raw waveforms from these tests were
much more complex than from the incremental milling tests.
This is because of the nature of the exfoliation, each of the
flakes becomes a scatterer of the elastic wave energy. We
recorded Lamb waveforms from both the fluid loaded string-
ers as well as after the rinse. Once again from the raw time-
series signals, we could not directly extract useful mode in-
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FIG. 4. 12 h increments of accelerated corrosion EXCO test from top to
bottom represented in thumbprints obtained by the DWFT. The vertical lines
indicate the automatic extraction of a double circular feature from the
thumbprints. The second lines in several of the thumbprints indicate a sec-
ond feature of interest that appears to split off from the first with increased
corrosion.

formation that tells the extent of the thickness thinning
corrosion. Using a window from the SWT filtered signal, we
can employ the DFWT developed with the incremental mill-
ing test to identify arrival information of the AO mode. The
resulting thumbprints are similar to those from the previous
tests. Figure 4 shows the progression of the accelerated cor-
rosion in the thumbprints. Indicated by the vertical lines, we
see that the automatic extraction of the same double circular
feature as was found in the milling tests shift around an
arrival of 250 ws. It is also interesting that after the first few
12 h corrosion shifts, we see a split of the features that make
up the A0 mode. The second lines in several of the thumb-
prints in Fig. 4 are placed on the first feature that goes from
a left leaning inclination to the right, signifying the start of
another possible mode. There is a split between the two fea-
ture extractions. The first lines stay about at the arrival time
of the original thickness while the second lines slow down as
expected for thickness loss due to corrosion.

In order to determine if there is actually a splitting of the
A0 mode, we have to understand more fully how the wave is
propagating in this built up T structure better. This structure
is more complicated than just the theoretical plate model that
is used to compute the dispersion curves used in this section
for the approximate expected arrival times for the modes.*’
Here we not only have the reflections from the top and bot-
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tom surfaces of the flange, but its width and the presence of
the web also affect how the elastic energy propagates along
the stringer.

IV. EFIT SIMULATION METHOD

The EFIT evolves from the basic wave equations for
elastic solids.*” We start with Hooke’s law and Cauchy’s
equation of motion to give the fundamental equations. The
differential form of the equation of motion

. aa’xx &UXV &O-XZ
v, = +——+—+f, 1
P Ty T a fx (1)
do do,, do,
puy = (2)
ox dy 0z
do do, Jdo.
pU.= 4 f (3)
ox dy 0z

and the first time derivative of Hooke’s law in differential

form
0= Néu Oy +2uéy,  i.j=xy.2, (4)

where we sum over the repeated index k and

ey,
€ = ’ Eyy - ’ ezz - ’
ox ox 9z

1{dv, 0 1{dv, o
.- _(_vl . &)’ ‘- _(_z . &),
2\ dx  dy 2\ dx 2

1{dv, ov,
. _<_z . _vl>
2\ dy a2

give the components of the velocity vector, v; and the stress
tensor, oy, for a particle in the elastic solid. Here, the mate-
rial is defined by the Lamé constants N and u and the mate-
rial density p. The source terms are represented by f,, f,, and
S, in the velocity terms.

With the displacement and stress of a volume element
specified in an elastic solid, we then consider the solid as
many such cells next to each other*” and place the velocity
components on the edges of each cell with the diagonal ele-
ments of the stress tensor on the corners and the off-diagonal
elements on the faces of the cells. Using this component
placement we can then discretize Eqs. (1)—(4) as follows:

p6(1) = o (1) - (”)(t) a (1) = (1)
B Ax Ay
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Given that %, y, and Z are unit steps in the x, y, and z direc-
tions, respectively, and n denotes the current cell.

We have to apply stress free boundary conditions on our
simulation boundaries, since our interest is in guided elastic
waves in structures at megahertz frequencies where the solid-
air interfaces can be considered traction-free surfaces. This
means that on the x boundaries o,,, oy, and o, all vanish
while on y and z boundaries Tyys Oy and o and O, Oy
o, are zero, respectively. If we require the Velocny compo-
nents to be placed on the physical surface of our model, we
find that the shear stress terms are also on the surface so we

can set them to zero.*' To ensure that the longitudinal stress
(surf) __

n+y) (n) U(n+f) _ Ui"))
. )
n

n+z) (r

() —
cry’;(t)—ﬂ

n+z)
(1) = u(

s f+?
at the surface vanishes, we set 0" = o-ffur Y for a lower

(surf+t) (surf

boundary and o;; = for an upper boundary * This
produces the equations for the surface velocity components
for a lower boundary

2 (§urf+;)
pvl(surf) — Zs +fi (6)
and for an upper boundary
) 20_(_§urf)
pvl(surf) —_ i +fi (7)
As

for i=x,y,z.
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The temporal discretization is based on a central differ-
ence operator, “leap-frogging” through time across the stag-
gered grid,

vl[-k] = vgk'l] + v'l[k'l/z]At, (8)

Olifwz]: 0%1;—1/2]_,_ d{jlf]m, 9)

where the superscript k denotes full and k= 1/2 denotes
half-time steps of At with the total time given by T=kAz.
First, the velocity components are updated, and then we up-
date the stress tensor components using the previously up-
dated velocity components.

In order for the 3D-EFIT algorithm to be numerically
stable, we must satisfy the Courant—Friedrichs-Levy crite-
rion:

1
Ar= / )
eN1/(Ax)? + 1/(Ay)? + 1/(Az)?

(10)

where ¢, is the fastest longitudinal wave speed in the elastic
medium. For simplicity, we use equal lengths for the sides of
the cells, As, so Eq. (10) becomes

1
At = . (11)
c3/(As)?

Here As is determined such that the shortest wavelengths
present are adequately discretized using

1 1c

AsSg)\min=é@% Esmin (12)
fmax 10 fmax

This assigns approximately ten grid points per shear wave-
length, adjusting the exact size to correspond to the desired
space thickness.

In this work we are dealing with thin plate-like struc-
tures so our simulation space thickness is small compared to
the length and width. In order to inspect materials for
changes in thickness, we have to use signals that have wave-
lengths on the same order as the thickness of our sample.
This means that when dealing with a sample that is about
1 mm thick we have to be in the 1 MHz frequency range,
resulting on the order of ten grid points per millimeter. If we
set out to model one of the aircraft stringers samples, we use
the As for aluminum of 0.000 145 m.

We split our EFIT simulation space across multiple pro-
cessors using a typical 2D domain decomposition.44 This do-
main decomposition consists of taking the 3D Cartesian
simulation space and slicing it in the xz plane, and then again
in the yz plane. This results in having the entire thickness of
the simulation intact on each processor, allowing the algo-
rithm to loop through the thickness without having to ac-
count for an edge of the processor in this direction. In the x
and y dimensions, however, we do need to pay attention to
the processor boundaries. For each half-time step, the cells
on the processor edges need information from their neigh-
bors in order to update themselves according to Eq. (5). Each
processor updates the velocity components, then sends the
edge velocity components to its neighbors before updating
the stress components, and then it sends the edge stress com-
ponents before increasing the time step.
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Looking at Eq. (5), we see that the only material param-
eters that are present are the density, p, and the Lamé con-
stants, A and u. For solid elastic materials, the interface with
air is well approximated by a solid-vacuum interface so we
can set the density of cells not in our test material to zero (or
a large negative number in practice for convenience). In this
fashion we can also include multiple materials; however, we
have to take care to ensure continuity of stress and velocity
across cell surfaces. If we choose the material parameter cell
to coincide with the o;; integration cell, we can average the
material parameters p and u for use in Eq. (5).*

) = P+ o
2 9
2 b
p(n,z) — M
2 9
(13)
M(n,xy) — 4
1 1 1 1
W + M(n+i) + M(n+j) + M(n+i+j)
M(n,xz) — 4
1 1 1 1’
F + M(n+i) + M(n+k) + M(n+i+k)
M(n,yz) - 4

1 1 1 1
WJf PR + PR + PRC)

For layered materials we still update the model by rectangu-
lar volumes, but if two regions next to each other have dif-
ferent densities we change the material parameters at the
interface.

Another flexibility of our EFIT code is that we can ei-
ther apply boundary conditions to an entire flaw region or
keep track of the density and Lamé material parameters cell
by cell and step through the space applying the needed
boundary conditions. This allows us to insert surfaces into
our models. One of the main difficulties of adding a surface
to the model is keeping in mind the stability criterion so that
the EFIT model still behaves properly with the rough sur-
face. This is achieved either by smoothing the surface some-
what or by reducing the cell size in the model. This is the
final piece in the development of our 3D EFIT package that
we need to simulate guided elastic wave propagation in air-
craft stringers.

V. AIRCRAFT STRINGER SIMULATIONS

First, we simulate guided waves propagating down a
plate which has dimensions identical to the flange of the
experimental T stringer. We use a five-cycle sine wave, with
SV excitation of a 1 MHz, 0.5 in.? contact transducer for the
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Thickness: 1.6 mm

FIG. 5. Propagation of the Lamb waves as modeled by the 3D EFIT simu-
lation. 1 MHz transducers were placed 10 cm from each end. For each of
the frames the SO and A0 modes are indicated by a red and blue triangle,
respectively. Reflected modes from the ends of the sample are also seen
present. Near the transmitter the finite width of the plate causes lateral
reverberation which complicates the signal, but as the Lamb wave modes
propagate down the length of the structure, these finite-width effects dimin-
ish and the Lamb wave modes propagate largely as expected from 2D plain-
strain analyses.

f.(t) source term in Eq. (5), placed 10 cm from x=0 and
1 cm from y=0 on the surface of the simulated plate.

In Fig. 5, we can see that the SO and AO modes separate
out as they propagate down the length of the flange. We even
see the reflections off the end of the test piece that is nearer
the transmitting transducer. When we include the web of the
T stringer, we do still see the propagation of the expected
guided waves in Fig. 6. One of the interesting features from
this simulation is that the web of the stringer seems to damp
out the SO mode so that by the time it propagates the length
of the stringer it is barely visible. This is consistent with the
findings from our experimental tests where we were expect-
ing to see a change in the SO arrival times as well as the AQ,
but we had difficulty extracting the arrival information for
the SO mode.

We next apply the same DWFT algorithm to these new
simulation results and are able to extract similar features
from the simulation data as we could for the experimental
data, see Fig. 7. In the EFIT simulations, it seems that the
extracted arrival time is consistently 9 us after the expected
arrival from the dispersion curves, as well ~6 us after the
experimental times. Other than this offset the structure of the
thumbprints are quite similar between the simulations and
the experimental data. This consistency gives us yet more
confidence that we are modeling the guided waves correctly
with our 3D EFIT.

We next simulated two steps in the milling experiment.
In the simulation space, we masked off a 40 X 2.15 cm? rect-
angular area of the flange and left its thickness at 1, and
0.488 mm for two different runs. These two steps were cho-
sen from the 11 steps in the milling test because they repre-
sent a midpoint and end of material loss from the experi-
ment. Comparing the extracted arrival times for the A0 mode
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to those found experimentally in the controlled-milling tests,
we can see in Fig. 8 that the same trend is present. As more
material is removed from the flange, the A0 mode slows
down more and more. We also see a consistent 9 us delay in
the extracted arrival time which is presumably due to not
including transducer effects in the simulations. In the EFIT
simulations, we force the motion of the surface grid points at
the location of the transducer rather than including the trans-
ducer into the simulation space explicitly.

Although the EFIT simulation accurately models guided
wave propagation for the 3D structure of the aircraft stringer,
our goal is to better understand the propagation along a cor-
roded surface. In order to simulate this, we need a thickness
map of the corroded surface. To find this surface we per-
formed an ultrasonic C-scan of the stringer, in pulse-echo
mode with the test piece submerged in a water tank and
using a focused 20 MHz transducer that raster scans across
the corroded area. The corroded surface is mapped by gating
the signal around the reflection of interest and recording the
time-delay of this echo at each point in the scan.

Figure 9(a) shows the C-Scan map of the corrosion sur-
face normalized in order to fit the cell size of our EFIT
simulation. Recalling the stability criterion (12), we make
sure that there are enough grid points per “ripple” in the
surface. There are various ways to approach this: make the
stepsize smaller, which increases the size of the simulation
space adding computation time, memory usage, and disk
storage space, or smooth out the surface somewhat to make
sure that the ridges and bumps have enough lateral size to
them. Figure 9(b) shows the final surface that we used in the
simulation; we used a convolution averaging filter with a ten
cell radius in order to obtain this smoothed surface.

This matrix that contains the surface was then mapped
into the simulation space. This model was run on 100 pro-
cessors, 25 in the x-direction and 4 in the y-direction. Since
we know the step size and model dimensions for this simu-
lation, we simply created individual files for the processors
that each have a portion of the surface on them. The proces-
sors that do not contain a portion of the flaw are updated as
usual. The ones that have the corrosion surface on them up-
date around and under the flaw region as usual, and then they
step cell by cell through the simulation space for the surface.
The matrix for the surface gave a cell number for the top of
the surface under which there is a density, above which the
density is set to zero. Another array was then created holding
a value for the boundaries of the cell. This number is 0 if it
is in the interior of the solid, and has a 1 or 2 if it is on a
boundary in a certain direction. The x-direction is determined
by the hundreds place, the y by the tens, and z by the ones
position. According to this boundary array, we apply the
needed equations each time step for each cell. Figure 10
shows a snapshot of the guided wave propagation through
the corroded region of the aircraft stringer. We see here that
the A0 mode is much more distorted due to the corroded
surface than is the SO mode. This is because the through-
thickness displacement profile of the AO mode has the great-
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est magnitude at the surface of the plate, while the SO is
uniform through the center of the thickness.* This allows
more of the AO energy to be scattered in different directions
by the uneven surface.

Considering the extracted arrival of the AO mode from

EFIT Flange Plate

g

25940 ps Experimental T Stringer

‘u U TTELE

00N, £0N » 4053RUOPEAN, |

253.35pus

FIG. 7. Resulting thumbprints from experiment and simulation.
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FIG. 6. Zoom of T stringer mode
propagation for five time steps. The
A0 and SO Lamb wave modes separate
out as they propagate due to their dif-
fering velocities, which helps to iden-
tify them even though they are no
longer pure plate modes.

the corroded stringer simulation in the same fashion as be-
fore with the experimental data we again see consistency
(Fig. 11). When we compare the thumbprints to those found
in Fig. 4, we see the same features including an early doublet
that is followed by the larger doublet feature corresponding
to the AO arrival for a thinned region. From the snapshot
images, we can tell that the A0 wavefront is very much bro-
ken up by the corrosion surface, which could explain the
splitting of the features that we discussed in Sec. III. In order
to examine this in finer detail, we would need a much larger
computer which we could track all of the displacement and
stress components carefully instead of just recording the
magnitude of the displacement vector. This would allow us
to watch how the energy is scattered from the surface in
great detail. Nevertheless, this simulation shows that the
guided wave modes are still propagating under the corroded
surface as expected.
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FIG. 8. Incremental milling test comparison of AQ arrival times for
T-stiffener. The dots show the expected arrival time for each thickness step
derived from the dispersion curves. The arrival times extracted via the
DFWT thumbprints for experiment and simulated data are shown as well, all
of which were automatically extracted using the same algorithm. Spline fits
are shown to highlight trends.

VI. DISCUSSION AND FUTURE WORK

SHM is a family of emerging technologies intended to
address both the international fleet of aging aircraft and op-
timum efficiency in new designs. The reliability of mainte-
nance depends on whether or not we can accurately diagnose
problem areas fast and cheaply. Repairing aircraft is a chal-
lenge because some problem areas are concealed inside the
skin of the aircraft. It is wasteful to take apart sections of the
airplane just to find that they do not need repair. New con-
struction also has its own issues with maintenance and repair
which arise when deciding which materials to use. Compos-
ites are strong and lightweight and as such give competition
to aluminum airframes. Hence, aluminum companies must
reduce the weight of their product in order to still be attrac-
tive to aircraft manufactures. Reducing the weight of the
aluminum may translate to reducing the amount of aluminum
that is used in the structure. We can place sensors to track
structural integrity instead of over engineering the structure.
Airframe stringers are one of the main structural components
to which the outside skin is attached, and in key locations
which are susceptible to corrosion an ultrasonic guided wave
system may be ideal for monitoring large areas quickly with-
out taking apart the structure.

7 8 9 10
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Corrosion Section
A0

FIG. 10. Snapshot of EFIT propagation through corrosion surface. The AO
mode is much more distorted by the corroded surface than the SO.

Our tests of guided wave interaction with corrosion on
aircraft structural stringers demonstrates robustness of the
DWEFT for identifying mode arrivals. Automatic extraction of
the A0 mode with minimal prior knowledge of stringer state
was shown to correspond to the thickness loss of a section of
the stringer. Starting with the initial dimensions of the
stringer, and knowledge of the guided wave mode behavior,
we extracted guided wave arrivals automatically. For use in
the field this could be implemented as an inspection tech-
nique where the extracted arrival time would tell the thick-
ness of the stringer, deviation from the expected would be a
flag for maintenance of that structure.

An interesting observation in the experimental work on
the stringers was that it was difficult to extract the first ar-
riving mode from the signals. Instead we used information
from the later arriving AO mode. In addition to confirming
findings of the material-thickness loss causing a slowing of
the A0 mode, the EFIT simulations shed light on the missing
SO waveform features. In the initial analysis, as with tradi-
tional guided wave analysis, the T stringer was approximated
by a thin plate with the dimensions of the flange of the
stringer. The EFIT simulation showed that this model, al-
though correctly predicting the propagation of the A0 mode,
is too simple to explain the SO propagation. From the simu-
lation visualization, we see that the SO mode is attenuated by
the web of the structure so much that by the time that mode

FIG. 9. C-Scan thickness map of the
flange under the corrosion, with thick-
ness or remaining material color
coded. (Top) No smoothing. (Bottom)
With a image convolution filter. Direc-
tion of Lamb wave propagation is left
to right, corresponding to the simula-
tions shown in the previous figures.
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FIG. 11. Raw waveform, filtered signal, and resulting DWFT thumbprint for
EFIT

propagates the stringer length it is not resolvable from the
noise, which was the exact situation that we were seeing
from the experimental data. Furthermore, the EFIT simula-
tion accurately modeled the effect of the corroded surface on
the guided waves. Here we saw the A0 mode breaking up
from scattering by the rough surface because of its displace-
ment magnitude being concentrated on that surface. With
such EFIT simulations, further research could study in detail
how much surface roughness is required to perturb the AO
mode propagating down the stringer; this could be used as a
simple threshold alarm mechanism in a fieldable inspection
device.

In this application, the idealized analytical approach was
sophisticated enough to predict a portion of the results, but
when considering the larger picture of the system we found
that the 3D EFIT simulations provided needed analysis of the
subtle guided wave propagation. Using EFIT in future work
will continue to bring to light the subtleties of the propaga-
tion of guided waves in real structures. One of the best uses
for this algorithm is in the planning of experimental tests
where there is complex geometry that cannot be solved for
analytically. One of the fastest ways of gaining initial under-
standing of the results from the EFIT simulations is by visu-
alizing the data. Due to computer storage constraints, we
collapsed the amount of output data down to just recording
the magnitude of the displacement vector every 200 time
steps. We are thus discarding 99% of the generated data. It
would be of great interest to look at not only the displace-
ment magnitudes but their direction and even some of the
stress tensor field components. Visualizing the stresses as the
guided waves propagate, or even as a test piece was under
stress loading while being inspected would be a valuable tool
to gain much more information about the structure under
test.

Further simulations could also systematically investigate
which frequency-thickness products excite modes that are
sensitive to the thickness loss but not as affected by the cor-
rosion surface roughness. Even with these few results from
the 3D EFIT simulation, we have been able to further iden-
tify features and results from the experimental studies that

112 J. Acoust. Soc. Am., Vol. 126, No. 1, July 2009

were difficult to explain analytically. With extensive exami-
nation of the complete aircraft stringer model, we could ex-
tend our automatic corrosion detection algorithms to more of
the aircraft structure.
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A study of coupled flexural-longitudinal wave motion in a

periodic dual-beam structure with transverse connection
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A theoretical study of the multi-coupling flexural and longitudinal waves that propagate in a periodic
dual-beam-type waveguide with structural connection branches is conducted. The analytical
equations of the transfer matrix method are derived for the wave transmission with consideration
given to the fully flexural and longitudinal motions that are tri-coupled at each connection. Based on
this transfer matrix method, numerical calculation is performed to investigate the characteristic
wave-types that propagate in a semi-infinite periodic structure. The complex wave-coupling
phenomena in the periodically connected dual-beam waveguide are then analyzed numerically.
Remarkably, it is found that three symmetric and three antisymmetric types of characteristic coupled
waves propagate in a periodic structure. The numerical results show that the energy contribution of
the coupled waves with respect to the source excitation depends on the forbidden band of the
wave-types and on the energy ratios and combination of wave-types. This study promotes the
fundamental understanding and prediction of coupled acoustic waves in multi-layered frame
structures. The long-term significance is that it may lead to a more effective control method for

structure-borne sound transmission in a multi-layered coupling structure.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3132706]

PACS number(s): 43.40.At, 43.40.Cw, 43.20.Bi [JGM]

I. INTRODUCTION

A number of building structures, bridges, container ship
structures, and steel-reinforced concrete constructions are
built from an assembly of a number of same or similar struc-
ture elements, of which the frames are typically coupled in
an identical manner to form a so-called “spatially periodic
structure.” The excited vibration and transmission of the me-
chanical waves in these structures—from side to side in a
bridge or layer to layer in a building—often give rise to
structure-borne noise problems in the connected spaces and
can sometimes even be harmful to the stability of the entire
structure. When they propagate through frame structures that
contain many connection branches, these structure-borne
sound waves are coupled and reflected by each connector.
The reflected and transmitted waves are then coupled and
reflected again by other connectors. This process is physi-
cally repeated and sets off infinite multi-interactions between
the coupling connections and propagating waves in a peri-
odic structure, which forms the dispersion bands of structure-
borne sound waves.

Early on, the dispersion bands of waves in periodic
waveguides were studied for the electro-magnetic waves in
solids," thus promoting our basic understanding of the prop-
erties of conductors, semi-conductors, and the like. Since the
late 1980s, the optical wave bands in media with periodical
modulation have been extensively studied, and these studies
have led to a number of practical applications, including the
advanced design of photonic crystals2 and waveguide
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devices.> All of these studies have brought researchers
deeper insight into the dispersion properties of periodic
structures and have helped them to develop methods for the
theoretical calculation of wave propagation. In acoustics, the
classical problem of plane sound wave transmission in one-
dimensional periodic media can be tackled in an exact man-
ner via the transfer matrix method.* The theoretical compu-
tations of band structures have also been well-documented
for sound waves in periodic acoustic structures by Kushwaha
and Mod.” Enhanced wave transmission was modeled in rib-
reinforced floors about 50 years ago by using a beam that
was periodically loaded with eccentric attachments because
of wave coupling.6 Four different methods of calculating the
structure-borne sound propagation in beams with many non-
resonant discontinuities were demonstrated by Heckl,7 and
three of these methods took the coupling between longitudi-
nal and flexural waves into account. The fundamental and
central ideas in the area of periodic system characterization
was introduced by Mead.® In this context, a quadratic and
well-posed spectral problem was studied to determine the
wave propagation constants of a periodic system. This work
was extended by Mead,’ which proposed a second order ma-
trix equation leading to the propagation constants of a peri-
odic system. Several years ago, a mathematical model for the
coupling of waves that propagate in a periodically supported
Timoshenko beam was presented by Heckl."” Furthermore,
the propagation characteristics of coupled longitudinal and
flexural waves in beam-type transmission paths with asym-
metric loads in the form of resonant columns were theoreti-
cally analyzed11 and experimentally examined'? by Friss and
Ohlrich. However, little understanding of the fundamental
physical propagation characteristics of the coupling acoustic

© 2009 Acoustical Society of America
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FIG. 1. Scheme of the semi-infinite periodic dual-beam structure and the
excitations.

waves in multi-layered structures has been gained from these
studies. It is because they are commonly concerned with
models of a single-channel waveguide that comprises the
independent beam-type components or uncoupled wave
transmission path in the structure.

Therefore, the analytical study reported in this paper in-
vestigated the characteristics of the multi-coupling flexural
and longitudinal waves that propagate in a periodic dual-
beam-type waveguide with structural connection branches.
The propagation of waves in a semi-two-dimensional system
was adopted because the coupling interaction between the
waves at the connections and transmission paths through a
three-dimensional structure is so complicated that the theo-
retical predictions based on the series of approximations can
be very different from the actual experimental observations.
The transfer matrix method is developed by using the con-
cept based on the propagation constants™” of the waves in a
periodic structure so that it avoids the problems from inver-
sion of ill-conditioned matrices and the cumulative errors.
The developed method is therefore explicit and appropriate
for the calculation of the coupled waves in the periodic beam
structure.

Il. THEORETICAL MODEL AND ANALYTICAL
FUNDAMENTALS

A. Simple model of a periodic dual-beam structure
with a transverse connection

This paper examines the band structure of flexural-
longitudinal wave propagation in a dual-beam coupling
structure that is periodically connected with transverse
branches. A simplified model is shown in Fig. 1. The
structure-borne sound consists of the flexural waves and lon-
gitudinal waves that propagate in two horizontal beams—A
and B are coupled at each connection with a vertical branch
C;. The beams and branches discussed theoretically are even,
straight, isotropic, and homogeneous, and the following
physical parameters are assumed. p( ;3 =the density of
beams A and B and branch C;, B, .)o=the bending stiffness
of beams A and B and branch C;, E(4 p ¢)=Young’s modulus
of beams A and B and branch C;, k(4 5 c)s=the flexural wave
numbers of beams A and B and branch C;, and k(o)
=the longitudinal wave numbers corresponding to the acous-
tic speeds of the longitudinal wave ¢ ; 3y of beams A and B
and branch C;. The characteristics of the wave-types and the
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energy transmission of the coupled flexural-longitudinal
waves in a semi-infinite periodic dual-beam structure are cal-
culated for analysis in a case study.

B. Wave transfer matrix and the propagation
constants of the characteristic wave-types

In the analytical model of this research, the coupled
wave components of the complex velocity (horizontal, verti-
cal, and rotational) and force (horizontal, vertical, and mo-
ment) vectors are used for describing the coupled wave mo-
tions and response in the dual-beam structure. For
mathematical derivation, all of the analytical equations in
this paper are based on the harmonic wave of separate fre-
quency w, with time dependence suppressed. Normally the
longitudinal and flexural waves in a beam can be expressed
in the form of the independent wave velocity components. In
addition, the longitudinal-flexural waves can be described by
the beam velocities and the corresponding forces caused by
the wave motions. At the connections of every periodic ele-
ment, the vector consisting of velocity and force components
can be related to the vector of the flexural-longitudinal waves
that propagate through the beams in a matrix form as fol-
lows:

[Z} =[5l ) m
[0,]= [”} =[SVF]-1LZ”], )

where the velocity vectors of the flexural and longitudinal
wave components are expressed as

[Vyal= [U,Zf vX_fj Vas Vagj v UZl]T’

(V8] = [Vay Vi Uy VB Vi Vil

of which “+” donates the wave components propagating in
the positive x-direction, “—" donates the components going
in the negative x-direction, f, fj, and / donate the propagating
flexural, nearfield flexural, and longitudinal wave compo-
nents, respectively. The vectors of the velocities and forces
of the two beam channels, indicated by the subscripts a and
b, are expressed as

[Vn] = [Vya Vyb W, 0y Vy, be]T’

[Fn] = [Fya Fyb Ma Mb an Fxb]T9

where V,, Vi, and w are the x-degree, y-degree, and rota-
tional velocities in the beam, and F,, F,, and M are the
x-degree force, y-degree force, and moment acting on a
beam. To describe the relationship between the independent
flexural-longitudinal waves and the velocities-forces in two
beams, the waves to motions-actions transfer matrix [Sy]
takes on the matrix form:

[Svel =[Sv1 Sva Svs Vi Sg2 Sg3]”
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It is clear that the y-degree velocities and forces, rotational
velocities, and moments in the beams A and B resulted from
the flexural wave motions, while the x-degree velocities and
forces in two beams resulted from the longitudinal wave mo-
tions. It should be noted that the wave-coupling effect in a
periodic dual-beam structure is caused by the vertical con-
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nections. By introducing the dynamic continuity conditions
at the interfaces that are vertically connected with the branch
beams, the relationship between the velocities and the forces
of the coupled flexural and longitudinal waves at the connec-
tions of dual-beam structure can be characterized as a 12
X 12 coupling transfer matrix that can be expressed as

v, |* v, |*

LY ndi ndi

and | "
Fn i

denote the velocity and force vectors of the beam on the left
and right side of the connection points on beam A-B with C;.
Based on the dynamic equilibrium on two sides of a branch
C,, the wave-coupling matrix [W,] is given by

Vi |”
F

LA ndi

I Og
[Wc] = |: :| 5 (5)
- ZCW X TCU 16
in which the transfer elements are given by
Z 0]
Zew { cl 24 ] ’
Ouxs  Zcy
7 [ Rcl _Rcl :|
cl = . . .
L= Rudd Rade
QMc - QMC QML‘ - ‘Q’Mc
7 - ¢E‘j_.fQMC d’E}QMc - (ﬁ,(':jQMc ¢CfQML'
cf= . . )
! JQFC _QFC _]QFC QFC
|- i¢d Q% b Qe b e — e pe
1 1 1 1 -l
o & by ey dor
cf= . .
! = Jjkes —key Jkes ker
| —jkespes - ka(bE,lf jkes®er kerber

Tep Ooxa o
Te,= { s Ta=| 5 | >
Osxz Tey e b

ket k,h
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The new flexural and longitudinal waves that are excited in
the branch will result in the velocities and forces acting on
the two connection sides of the branch with the beams A and
B, so that the flexural and longitudinal waves will be coupled
there. Moreover, the transfer matrix of the longitudinal and
flexural waves propagating in the continuous beam period
(whose length=d) is given by

[Uw]i_+1 = [Pwv][vw];-'
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It is generally understood that the flexural and longitudal
waves can propagate independently through the dual-beam
part between the connnection branches without coupling.
Therefore, the transfer relationship of the waves in the con-
tinuous beam part can be described by using the diagonal
matrices. On the whole, the coupled wave transmission in the
periodic structure can be expressed as

Vn - Vn -
|:Fn:|i+l=[UEJX|:Fn:|i’ (7)

where the entire periodic transfer matrix is given
(U] =[SvellPo LSyl ' [Wel.

According to the Bloch wave theory,13 for a linear
acoustic system, when the acoustic waves are propagating
through a semi-infinite one-dimensional periodic structure,
the wave motions can be described as the characteristic
wave-types of Bloch waves. Then the relationship between
velocity vector [V,]; and force vector [F,]; at the two peri-
odic connection points nearby satisfies the form

N N
Vo = 2 vjolénl, [Fuli =2 fioldn), (8)
Jj=1 Jj=1

v v
=et . 9
{flm) ¢ |:f:|(i) ©)

This represents a problem on the eigenvalue vector for the
transfer matrix [U,], where w;= * (u;p+j-u;) are the pair
of jth eigen values—the frequency-dependent complex
propagation constants for the corresponding pair of
the N characteristic wave-types (N=6 for this periodic
structure). Correspondingly the characteristic wave-types
are formulated by the eigenvectors [&;,{ jn]T, which take
on the form [&,]=[X% 0 Xy Xipar Xoop» Xirya Xyl and
(i) =[Xca» Xt Xt Xotr Xy Xy )T Ass the “attenuation
constant” of the coupled wave type, the real part w;z ex-
presses the exponential decay rate for the jth characteristic
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wave-type that propagates through a periodic beam element,
whereas the imaginary part u;; is defined as the “phase con-
stant,” of which the cosine value describes the phase transfer
of the jth characteristic wave-type that propagates through
each element. If the propagation constants of the positive-
going wave-types are defined as u;=pmg+-pmi(0=|u;l
< 21r), then, correspondingly, the real and imaginary parts of
the propagation constants ought to be negative. For the
frequency-dependent wave propagation in a periodic struc-
ture, the frequency domain is classified into pass bands, i.e.,
frequencies at which the coupled waves travel through the
periodic structure with little loss, and forbidden bands, i.e.,
frequencies at which the coupled waves propagating in the
periodic structure are evanescent. In an ideal case as the
damping factor is negligible, a pair (positive and negative-
going) of characteristic wave-types yield up to a pair of pure
imaginary propagation constants at any frequency within the
pass bands, which indicates that the coupled waves propagat-
ing through the periodic structure will not decay. On the
other side, the real parts of propagation constants are nonzero
at the frequencies within the forbidden bands, which indi-
cates that the coupled waves will be attenuated as propagat-
ing through the periodic structure. The zone of larger attenu-
ation constants, i.e., ,ujR| means that the corresponding
wave-type is in the stronger forbidden band of the periodic
structure. In the semi-infinite structure, only the positive-
going propagation constant u;=—|ug|—jlp;| is the reason-
able solution, because neither +|w;| nor +u;| for a
negative-going wave-type is physically possible for the
phase retardation and energy decay in propagation.

lll. ANALYSIS AND DISCUSSION
A. Settings and parameters used in computation

The numerical analysis and choice of the physical pa-
rameters for a semi-infinite periodic structure were designed
to investigate and reveal the coupling effects of wave propa-
gation. All of the computations and matrix manipulations
were conducted using MATLAB. Aluminum was chosen as the
beam material, of which Young’s modulus is E;=6.9
X 10" N/m? with loss factor 7=0.002 and density p,
=2700 kg/m?>. The two equal beams are semi-infinite along
the x-direction and periodically connected by the transverse
beams with a same rectangular cross-section. The thickness
and width of the beam cross-section are hy=11 mm and d,
=50 mm, respectively, the periodic element length is [,
=550 mm and the length of transverse connection beam is
[,=500 mm. The results in the frequency domain computed
for the analysis and the discussion herein of the characteristic
coupled waves are normalized by using the non-dimensional
frequency parameter Q,.'" which is given by

Q,= (kflo)2 = w,(12py/Eg) *(lo/hy), (10)

where kf is the real wave number for the free flexural waves
that are propagating in beams A and B.
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B. Propagation constants and the nature of the
wave-types

Basically, there are six characteristic wave-types for the
coupled waves that propagate in the semi-infinite periodic
waveguide, which all contain both positive-going and
negative-going longitudinal and flexural wave motions in the
beams because of the multi-coupling at the beam connec-
tions. These characteristic wave-types can be divided into
two groups—symmetric and antisymmetric types—based on
the different phase relationships of the wave motions be-
tween beams A and B. Herein the symmetric wave-types are
named because the phase differences of the y-degree veloci-
ties between beam A and beam B are 7 and the phase dif-
ferences of the x-degree velocities between two beams are 0.
They are like the mirror images from the symmetry axis of
the dual-beam structure in x-direction. For the motions of
antisymmetric wave-types, the phase differences of the
y-degree velocities between beam A and beam B are 0 and
the phase differences of the x-degree velocities between two
beams are 7. They are like the inverted images from the
symmetry axis of the dual-beam structure in x-direction. A
further step to describe the propagation characteristics of the
wave-types is to use the dispersion of the propagation con-
stants. The computed results for the attenuation constants g
and cos(u;) for the characteristic wave-types in the periodic
beam structure are plotted in Figs. 2(a)-2(c). It can be seen
from Fig. 2(a) that the symmetric flexural-longitudinal wave
motion is governed by two types: a-I and a-II. It is found
that more attenuation zones belong to wave-type a-I, and
they fall off slowly and have broad forbidden bands. Those
that belong to wave-type a-II, which, for the most part, be-
long to the frequency region below (),=330, have pass
bands, but two strong forbidden bands from nearly (,
=25-47 and 133-177, where the attenuation constants of
a-II fall off rapidly and have sharp peaks at around two
significant symmetric resonant modes of the connecting
beam branch. It should be noted that the values of cos(u;)
are equal to 1 or —1 in most regions of the forbidden bands.
It can be seen from Fig. 2(a) that the two curves of cos(w;)
for the two wave-types overlap at certain normalized fre-
quencies where the attenuation constant is non-zero. This
implies that the propagation constants almost become com-
plex conjugates with the non-zero attenuation constant. Simi-
larly, it can be seen from Fig. 2(b) that the antisymmetric
flexural-longitudinal wave propagation is governed by two
wave-types: -1 and B-1I. It is found that more attenuation
zones that correspond to the forbidden bands of type B-I fall
off slowly and have broad bands. Those of type B-1I in most
regions below (2,=310 have pass bands, but two significant
forbidden bands from nearly 62—72 and 219-271, where the
attenuation constants of S-II fall off rapidly and have two
sharp peaks at around two strong antisymmetric resonant
modes of the connecting beam branch.

Strong wave coupling occurs in the forbidden band gaps
of the coupled longitudinal-flexural waves, as they are
strongly attenuated through the periodic structure. In Fig.
2(c), the attenuation constants and cos(u;) of the predomi-
nantly near-field wave-types are plotted as symmetric and
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FIG. 2. Propagation constants of characteristic wave-types. (a) up and
cos(u,) of the symmetric flexural-longitudinal wave-types: a-I and a-IL. (b)
g and cos(u;) of the antisymmetric flexural-longitudinal wave-types: B-1
and B-1I. (c) ug and cos(u;) of the symmetric and antisymmetric predomi-
nantly near-field wave-types.

antisymmetric types. For the predominantly near-field waves,
the attenuation constants are obviously larger than those for
the other wave-types, and all of the cos(u,) values are almost
equal to 1 or —1, which indicates that the energy of predomi-
nantly near-field waves decays dramatically as the waves
propagate. As these two wave-types are in the strong forbid-
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FIG. 3. Phase relationship of characteristic flexural-longitudinal wave vec-
tors in normalized frequency 2,=150.

den band regions, they can be ignored in the consideration of
structure-borne sound transmission through a periodic struc-
ture.

Figure 3 shows the indicative results of the phase behav-
ior of force-velocity vectors and further illustrates the phase
relationship of the motions and actions between two beams.
The phase vectors of the coupled flexural-longitudinal waves
at the connection between beams A and B are chosen in the
normalized frequency (2,=150. Remarkably, it can be ob-
served that for symmetric wave-types a-I and II, the phases
of y-degree velocity V, and rotational velocity » of beam A
are the reverse of those of beam B, and the phase of longi-
tudinal velocity V, of beam A is the same as that of beam B.
In contrast, for antisymmetric wave-types -1 and II, it is
found that the phases of y-degree velocity V, and rotational
velocity w of beam A are the same as those of beam B,
whereas the phase of longitudinal velocity V, of beam A is
the reverse of that of beam B. As the frequency is chosen
from the pass bands of wave-types a-I and S-II, the phase
vectors of their forces and moments point in different direc-
tions than their velocities and rotational velocities, which, in
total, results in the positive energy flow constantly propagat-
ing along the periodic beams. However, the frequency is in
the forbidden bands of wave-types a-I and $-II, and almost
all of the phase vectors of their forces and moments are
perpendicular to the phase vectors of their velocity fields,
which indicates that the energy flow cannot continuously
propagate through the periodic structure because of energy
losses.

C. Excited waves in a semi-infinite periodic structure

In this section, the effect of wave coupling on the re-
sponse of an ideal semi-infinite periodic structure to two syn-
chronous point excitations is investigated via simulation us-
ing the analytical transfer matrix method. Two types of
harmonic source excitations that synchronously act on the
left side of the semi-infinite beams A and B (along the x-axis)
are considered. They are defined as the standardized syn-
chronous longitudinal (x-degree) forces of amplitude Fy,
=FEySy and the synchronous moments of amplitude Mg,
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FIG. 4. Amplitude and energy transmission of coupled waves in response to
the excitation of synchronous longitudinal forces. (a) The normalized force
levels of the symmetrical wave-types a-I and «-II that propagate through
the first to fifth beam elements. (b) The total longitudinal and flexural energy
levels of the five beam elements for synchronous longitudinal force excita-
tion.

=(Eyly) /1y, where I, is the second moment of area of the
beam elements and S|, is its cross-sectional area. The normal-
ized force/moment levels of the propagating wave-types
through the first to fifth beam elements are plotted in Figs.
4(a) and 5(a) in the conditions of being excited by the lon-

gitudinal forces and moments, which are defined as f{n
=20 log(|f; /| Fexcitl), where f;; corresponds to the normal-
ized eigenvector {;, satisfying the condition that X7 ,=1 is
being excited by the synchronous longitudinal forces, and
X’ =1 is the excitation of the synchronous moments. In
addition, the variations in the total flexural and longitudinal
energy levels of every beam element are plotted in Figs. 4(b)
and 5(b) in the forms given by

LEgne = 10 10g| poSo([v7 [ +[v7]?) | cos®kpx-dx |, (11)

ly

! :
LEpex=101og poSo| 5 ([0 +[v;)lo

+ |vjv7]
ly

cos(2kpx) - dx |, (12)
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FIG. 5. Amplitude and energy transmission of coupled waves in response to
the excitation of synchronous moments. (a) The normalized force levels of
symmetrical wave-types B-I and SB-II that propagate through the first to fifth
beam elements. (b) The total longitudinal and flexural energy levels of the
five beam elements for synchronous moment excitation.

Herein the energy unit —J is suppressed because of the use of
standardized excitations.

For a periodic structure that is being excited by the syn-
chronous longitudinal forces Fy, the normalized force levels
of the symmetrical wave-types «a-I and a-II that propagate
through the first to fifth beam elements are plotted and
shown in Fig. 4(a). The near-field wave-types are neglected,
as they decay significantly after propagating through a few
elements, and the antisymmetric waves are omitted because
they cannot be excited in this case. Notably, it can be seen
from Fig. 4(a) that wave-type a-I is excited at a low level
and is attenuated significantly within the frequency regions
of about ,=0-11, 65-90, 195-256, and (),=285-320
(which belong to the main forbidden bands of a-I) as it
propagates through the structure, whereas wave-type a-II is
excited at a high level (i.e., the excited forces are near to the
source excitation forces) and propagates through the struc-
ture without significant attenuation at those frequency re-
gions. Similarly, wave-type a-II is excited at a low level and
is attenuated significantly within the frequency regions of
about ),=25-48, 136-180, and (),=330 and above (which
belong to the strong forbidden bands of a-II) as it propagates
through the structure, whereas wave-type a-I is excited at a
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high level and propagates through the structure without sig-
nificant attenuation at those frequency regions. Figure 4(b)
shows the total longitudinal and flexural energy levels of the
five beam elements. It should be noted from this figure that
the total longitudinal energy is excited at a considerable level
(near to 73), and the waves propagate through the structure
without significant energy loss at most frequency regions,
except for certain narrow zones that belong to the small for-
bidden bands of wave-type a-I or a-II. Two prominent gaps
in the curves of the total flexural energy level at the fre-
quency regions that correspond to the strong forbidden bands
of wave-type «a-I can be observed, as the total flexural energy
level is mainly due to the coupling effect of the structure. On
the other hand, the total longitudinal energy level holds rela-
tively steady at most frequencies, as the total longitudinal
energy level is mainly due to the direct effect of the longitu-
dinal source exciting forces. In fact, these two prominent
gaps indicate that wave-type a-I contributes most of the en-
ergy to the total flexural energy level, compared with wave-
type a-lII, at those frequency regions. This means that the
energy contribution of coupled waves with respect to source
excitation depends not only on the forbidden band of the
wave-types but also on the energy ratios and combination of
wave-types.

For a structure that is being excited by synchronous lon-
gitudinal forces Mg, the normalized force levels of sym-
metrical wave-types B-1 and B-1I that propagate through the
first to fifth beam elements are plotted separately in Fig. 5(a).
The near-field wave-types and the antisymmetric waves are
again neglected. Notably, it can be seen from Fig. 5(a) that
the excited wave type (-1 is excited at a low level and is
attenuated significantly within the frequency regions of about
Q,=5-10, 30-40, 72-99, 132-164, and from 220 to 229,
which belong to the main forbidden bands of B-I as it propa-
gates through the structure. Besides, the wave-type S-II is
excited at a high level where the excited moments are near
the source excitation moments and the wave-type S-1II propa-
gates through the structure without significant attenuation at
those frequency regions. Similarly, wave-type B-1I is excited
significantly at a low level and is attenuated strongly within
the frequency regions of about (,=11-21, 218-270, and
Q,=311 and above (which belong to the strong forbidden
bands of B-1I) as it propagates through the structure, whereas
wave-type B-1 is excited at a high level and propagates
through the periodic structure without significant energy loss
at those frequency regions. Figure 5(b) shows the total lon-
gitudinal and flexural energy levels of the five beam ele-
ments for synchronous moment excitation. A comparison of
the shapes of the curves of the total flexural energy level in
Fig. 5(b) with those in Fig. 5(a) shows that the propagating
flexural energy at frequencies approximately lower than 225
is mainly due to the transmission of wave-type (-I, whereas
the propagating flexural energy at frequencies approximately
higher than 225 is mainly due to the transmission of wave-
type B-11. Figure 5 again illustrates that the energy contribu-
tion of coupled waves with respect to source excitation de-
pends on the forbidden band of the wave-types and on the
energy ratios and combination of wave-types.
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IV. CONCLUSION

A new model based on a multi-coupling wave transfer
matrix has been developed to study the phenomena of the
coupled flexural-longitudinal waves that propagate in tri-
coupled dual-channel periodic beam-type waveguides. A
lightly damped semi-infinite structure that consists of two
equally thin semi-infinite beams connected with resonant
branches has been numerically analyzed. The connection
branches are the beams perpendicularly connected at regular
intervals. This type of waveguide can simulate a one- to
two-dimensional model of a column-beam frame for modern
steel-concrete buildings or bridges simply. The computed re-
sults of the complex propagation constants that govern the
transmission of wave-types in periodic structures have
clearly revealed the characteristics of pass and forbidden
bands and the wave-coupling phenomena. It is found that
there are six characteristic coupled wave-types that propa-
gate through such a structure, and these can be divided into
symmetric and antisymmetric groups of flexural-longitudinal
and predominantly near-field characteristic wave-types.
Their properties under different excitations are quantified
from the computed transmission of the normalized ampli-
tudes of the coupled wave-types together with the maximum
flexural and longitudinal energies along the wave-carrying
components. It has been revealed that the structure-borne
sound energy from the synchronous longitudinal excitations
at two beams mainly propagate through the periodic struc-
ture in the form of one or two types of symmetric character-
istic coupled flexural-longitudinal waves. In contrast, the
structure-borne sound energy from the synchronous rota-
tional sources that excite dual-channel beams mainly propa-
gate along the periodic structure in the form of one or two
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types of antisymmetric characteristic coupled flexural-
longitudinal waves. These results demonstrate that the en-
ergy contribution of coupled waves with respect to source
excitation depends on the forbidden band of the wave-types
and on the energy ratios and combination of wave-types.
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As reported in several recent publications, an undamped simple oscillator with a complex
attachment that consists of a set of undamped parallel resonators can exhibit unusual energy sharing
properties. The conservative set of oscillators of the attachment can absorb nearly all the impulsive
energy applied to the primary oscillator to which it is connected. The key factor in the ability of the
attachment to absorb energy with near irreversibility correlates with the natural frequency
distribution of the resonators within it. The reported results also show that a family of optimal
frequency distributions can be determined on the basis of a variational approach, minimizing a
certain functional related to the system response. The present paper establishes a link between these
optimal frequency distributions and the energy equipartition principle: optimal frequency
distributions are those that spread the injected energy as uniformly as possible over the degrees of
freedom or over the modes of the system. Theoretical as well as numerical results presented support

this point of view. © 2009 Acoustical Society of America. [DOI: 10.1121/1.3147502]

PACS number(s): 43.40.At, 43.40.Kd, 43.40.Jc, 43.40.Tm [JIM]

I. INTRODUCTION

In the past decade the problem of energy sharing among
a principal, or master, structure attached to a large number of
resonators has been analyzed in some detail (viz., Refs. 1-3).
Mechanism of energy sharing in a complex structure as de-
picted by the prototypical system described here brings out
important fundamental issues in such systems and also has
numerous engineering applications. Many engineering struc-
tures follow a similar paradigm where a population of reso-
nators is attached to a principal structure. For example, struc-
tures such as a car body, airplane fuselage, or hull of a ship
are coupled to a very large number of resonating interior
components. Moreover, the fundamental aspects of the con-
cept of complex attachments can be used for designing novel
vibration absorbers.* The energy exchange that takes place in
the complex system described here is substantially indepen-
dent of any intrinsic damping in the system.l’8

Theoretical analyses that have been reported in a series
of recent papers9_13 describe how a complex attachment can
rapidly and permanently absorb energy from a master struc-
ture. One of the basic findings of these investigations was the
discovery of the significance of the distribution of the natural
frequencies of the attached resonators in this energy transfer
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process. The reported analyses revealed the existence of a
family of special frequency distributions that can lead to
trapping of the energy within the attachment, leading to a
phenomenon called near—irreversibility.11 A common charac-
teristic of this family of frequencies is the presence of a
singularity or frequency concentration point in their
distribution.'' ™"

A rather intriguing aspect of the energy-exchange phe-
nomenon investigated here relates to the distribution of en-
ergy among the resonators and the frequencies of the oscil-
lators. For most frequency distributions, the energy
transferred to the attachment is largely confined to a limited
number of resonators.> In these cases, after an interval, the
duration of which is theoretically predicted in Ref. 8, the
resonators become in-phase with one another and the energy
is suddenly returned to the master. However, this energy re-
turn effect is not observed for those special frequency distri-
butions introduced in Refs. 9 and 12, energy remains within
the set of oscillators and is spread over the resonators rather
uniformly.9

The link between the optimal frequency distributions de-
fined in Ref. 12 and flow of energy from the master to the
attached resonators is the subject of the present paper. Of
particular interest is the idea that the optimal frequency dis-
tributions are akin to a requirement of energy equipartition
among the degrees of freedom of the system, or over its
modes, which maximizes the trapped energy within the at-

© 2009 Acoustical Society of America



FIG. 1. Schematic of the master and the complex attachment.

tachment. When established, such a link can clarify how en-
ergy equipartition allows the master to keep only a small
fraction of the total energy, thus having the attachment act as
an effective vibration absorber.

The notion of energy equipartition in dynamics has deep
roots and strong analogies in thermodynamics. For instance,
in molecular mechanics, it is well known that the condition
of thermalization, characterized by a uniform distribution of
the energy among the molecules, is a condition to which
physical systems approach as a consequence of the maxi-
mum entropy principle. Reaching thermalization implies that
the system has gained its equilibrium and its macro-scale
energy distribution has become stable. Based on this notion,
this paper hypothesizes that if the oscillations of the attached
resonators can reach a state of thermalization by a suitable
selection of their natural frequencies, it can then be expected
that the system will have a stable energy distribution. In
other words, thermalization of the attached oscillators will
avoid any periodic energy transfer between the master and
the attached oscillators, de facto leading to an irreversible
energy transfer as discussed in but following different crite-
ria than those reported in Ref. 9 and in Refs. 11-13.

In Sec. 11, the question of energy equipartition is consid-
ered using modal energies; in Sec. III, the problem is re-
examined in terms of energy equipartition among the degrees
of freedom of the system. As shown in Appendix, for the
particular system investigated here, both forms of energy eq-
uipartition requirements are substantially the same.

Il. FREQUENCY DISTRIBUTIONS THAT LEAD TO
MODAL ENERGY EQUIPARTITION

The equations of motion of the system represented in
Fig. 1 are

m).C.j+kj(.x]'—xN)=0, j=1,25--~’N_1’

N-1

M)’C:N+kNxN+E kj(xN—.xj'):O, (1)
j=1

where index N represents the master and 1,2,...,N—1 rep-
resent the oscillators of the attachment; m, and kj are the
mass and the stiffness of each oscillator of the attachment,
and M and ky represent the mass and the stiffness of the
master, respectively; x; is the displacement of the j-th oscil-
lator. Expressing Eq. (1) in matrix form:
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Mx + Kx=0, (2)

where M,K are the mass the stiffness matrices. The use of
modal coordinates # through the eigenvector matrix U pro-
duces

x=Unp. (3)
Expressing the modal energies as
IRIT IR @

where wj% are the eigenvalues of the system, for an initial
impulse MV, imparted to the master, Eq. (4) takes the fol-
lowing form:

V2
Ej= 2 (W), )

where W=U"!. Modal energies depend explicitly on the sys-
tem eigenvectors, and indirectly on the set of physical pa-
rameters m, k, M, and ky of the system. M and ky are given,
as well as the total mass of the attachment m(N—1), a small
fraction of the master mass M. Therefore, E ; varies with the
values of k; (j=1,2,...,N—1) or equivalently depends on
the set of the uncoupled natural frequencies {);=Vk;/m of the
attached oscillators.

Modal energy equipartition where the total energy E,
spreads uniformly over the modes of the system can be ex-
pressed as

EO .
Ej(Q],...,QN_l):E]‘(Q):#, ]:1,2,...,N. (6)

The frequencies (); that lead to modal equipartition can be
obtained by applying a least squares procedure to minimize
the error function &:

N £ 2
8(Q)=2 {E,-(Q) - ﬁt] : (7)
j=1

The algorithm starts with an initial guess Q" for the fre-
quency distribution and stops when a specified convergence
criterion is satisfied.

For the three different initial guesses shown in Fig. 2,
the final distribution obtained through the minimization al-
gorithm is the same for each, as shown in Fig. 3. Apparently,
the results do not depend on the initial estimate for the fre-
quency distribution. The optimal distribution is characterized
by an inflection point in the neighborhood of the master fre-
quency where its slope is close to zero. As a consequence,
the modal density has a sharp peak around the master fre-
quency, same as for those obtained in Ref. 12, but in this
case using different optimization criteria.

In Fig. 4, the modal energy spectra corresponding to the
three initial guess distributions are plotted, while the flat line
represents the spectrum related to the optimal distribution
that produces equipartition of the modal energies, determined
through minimization of e.

In Figs. 5 and 6, energy-time histories of the master are
plotted for linear and optimal distributions, respectively
(time is normalized with respect to the uncoupled natural
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FIG. 2. Initial guesses for frequency distributions of the secondary structure with 99 degrees of freedom: +, X, and ¢ are for the linear, exponential, and

quadratic distributions, respectively.

frequency of the master). These figures demonstrate how an
attachment with the optimal frequency distribution is able to
minimize the energy stored in the master: after an initial
transient, the secondary structure acts as an apparent damper
and absorbs, almost completely, the total energy in the sys-
tem.

lll. ENERGY EQUIPARTITION AMONG THE
OSCILLATORS OF THE ATTACHMENT

The theoretical developments in this section attempt to
provide insight to the notion that frequency distributions
leading to energy equipartition have particular forms. As
shown in Sec. IV and further explained below, the main char-

acteristic of these frequency distributions is the presence of a
minimum slope around the master frequency that also corre-
sponds to a large peak in the associated modal density.

The following theoretical analysis considers the require-
ment for energy equipartition among the oscillators of the
attachment instead of among the modal energies of the sys-
tem, which was considered in Sec. II. The connection be-
tween these two approaches will be discussed later in this
section.

As shown in Ref. 12, Eq. (1) can be approximated by a
continuous distribution of oscillators attached to the master,
replacing the summation by an integral, and the index i by a
continuous variable ¢:
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FIG. 3. Optimal frequency distribution in the attachment.
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1
M5 + kyx + f k(&)[x—x(8))dé=f,
0

m(&i(é) - k(§[x—x(&]=0. (8)

A detailed discussion about the meaning and the limits of
this approximation is given in Refs. 8 and 12. Physically,
such an approximation implies that the finite set of resona-
tors is replaced by an infinite set, and thus as N approaches
infinity, the frequency gap between neighboring resonators
vanishes. Expressing x(&) in terms of x in the second equa-
tion of Eq. (8), and substituting it into the first equation in
Eq. (8), leads to an explicit expression for x, producing an

approximate frequency domain counterpart of Egs. (8), see
Ref. 12:

- Mw’X + kyX + joCey(w)X =F,

- pow’X(&) + k(H[X (&) - X]=0, 9)

where F, X, and X(&) are the Fourier transforms of f, x, and
x(&), respectively, and a uniform mass distribution m(&)=p,
is assumed. The equivalent damping is represented as

1

Ceg@) = poy @
eqw _p04w dw,,(f)/def wn:wM,
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FIG. 5. Time history of the master energy plotted for linear distribution of the uncoupled frequencies of the satellite resonators, N=100; time is normalized
with respect to the highest modal period: 7. The non-dimensional energy of the complete system is 0.5.
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with w, (&) = L)

Po

as the natural frequency distribution within the attachment.
Solutions to Eq. (9) are

F
T —Mo? +ky+ joCe(w)

w(é) F
W2(&) - 0~ Mw* + ky+ joCey(w)

X(é) =

Expressing the impulsive force as F=MYV,, with wy
=vky/M and pu=py/M, the total energy distribution E(§&)
within the attachment is found by doubling the potential en-
ergy at any &

E(9 =k(®|X(d - x|

1 4 2 2 1
_ —MVZ,U, W' W, Wy,
wi 0 ( 2 N2 { wC, (wM) J2 (wﬁ - w2)2
Wy — 0) + _q_M

or in non-dimensional form:

® E(¢) w4wﬁwﬁ4 1
ele)= = 2, 2 oo
—imV(z) (0 — @)+ —q—wC;/I(w)J (@, - o)

(10)

where w,(£) is replaced for simplicity by w,. Equation (10)
expresses the energy distribution in the attachment at any
frequency w and depends directly on the frequency distribu-
tion w,(£€) and on its derivative dw,(&)/dé w,= through the
expression for Cg,. The total energy over a frequency band-
width B then becomes
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4 2 2
W W, W,

o 1
€(§)—JB( . {wCe (w)Jz wi_wz)zdw- (11)

Invoking Parseval’s theorem for the equivalence of
frequency- and time-averaging, energy expression in Eq. (11)
can also be interpreted as the time average energy of an
elemental oscillator located at & Requiring e(€) to be inde-
pendent of & with a constant value (e;) across the attach-
ment, is equivalent to having the energy equally spread over
all degrees of freedom x(&):

w4w2w%,, 1

T do=¢, (12

JB 2 (wi _ (1)2)2 0 ( )
M

(- | 2

The functional relationship in Eq. (12) can be solved for
w, (&) numerically within the bandwidth B. However, a re-
duced form of Eq. (12) reveals special properties of the so-
lution w,(£) around the master frequency. Considering a nar-
row bandwidth B about w,, and retaining only the zero-order
term of the integrand yields
B wg,lwﬁ 1 ~.
{ 0y Ceql @) J2 (@p—wp)? "
M

(13)

which is valid for w,(¢) € B, i.e., for w,(£) close to wy,.

Local properties of the frequency distribution can be in-
vestigated in terms of the related natural frequency (or
modal) density n in the attachment. Considering the number
dN=Nd¢ of natural frequencies within the interval dw,, the
associated modal density becomes n(w,)=dN/dw,
=Ndé¢/dw,, which appears explicitly in Eq. (13) through the
relationship @y, Ceq(@wy)/ M= u(/ 4)wl3wn(wM) /N. The corre-
sponding expression for n(wy,) from Eq. (13) then follows
as:
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4BNw,

mpeo|w, - wy|’

n(wy) = (14)

The modal density at the master frequency as given by
Eq. (14) is almost singular since w,(&) = wy,. This is exactly
the same property of those frequency distributions found in
Refs. 9-13 that makes the set of attached resonators a highly
effective vibration absorber. When a modal density has such
a singularity as that in Eq. (14), expression (10) can be used
to show how the master energy vanishes, letting the energy
injected into the system almost completely migrate toward
the attachment.

Finally, it can be shown that the energy equipartition
requirement is the same as the requirement that the modal
energies and the time (or frequency) averages of the oscilla-
tor energies are equal. The energy of oscillator j, expressed
as twice that of its kinetic energy, I’ j=mx12(t), where the bar
represents the time average, is also equivalent to its average
value in the frequency domain, as shown in Eq. (11). Noting
that the modal energy expression E; in Eq. (4) or Eq. (5) is
also independent of time, a comparison of E y and I’ ; can be
made using the coordinate transformation in Eq. (3). For the
special system under consideration here, where a large num-
ber of oscillators are attached to the master in a parallel
manner with a total mass small compared to that of the mas-
ter, modes are localized. For such systems the matrix U is
almost diagonal and the physical and the modal coordinates
lead to energies E; and I'; that are substantially similar. As
expected, numerical results also show a strong mode local-
ization with an almost diagonal form for the eigenvector ma-
trix U. A proof of the equivalence between E; and I'; for the
system described here is presented in Appendix.

IV. DISCUSSION AND CONCLUSIONS

Earlier studies had shown that vibration energy of a
structure can be absorbed nearly irreversibly by a complex
attachment that consists of a large number of simple oscilla-
tors with the requirement that the attached oscillators possess
a particular frequency distribution. These frequency distribu-
tions were shown to have a higher modal density around the
natural frequency of the master structure. Their distributions
were obtained through a variational approach that minimizes
the energy associated with the master structure.

The particular form of the frequency distribution de-
serves a comment on why the frequencies are densely dis-
tributed around the frequency to be suppressed and not col-
located with it. Selecting the uncoupled frequencies of all the
attached oscillators to be the same as that of the natural fre-
quency of the master amounts to constructing a classical
tuned absorber that has two degrees of freedom. Considering
that the proposed system is conservative, in such a case, an
impulse applied to the master would produce a response
characterized by two close natural frequencies resulting in a
modulation that represents a periodic energy exchange be-
tween the master and the satellites that move in unison.
However, satellites that are nearly-resonating with the master
allow a strong coupling and avoid the simple beat phenom-
enon described above. The out-of-phase responses are pro-

J. Acoust. Soc. Am., Vol. 126, No. 1, July 2009

duced by the spread of the resonator frequencies in a small
band around the master frequency. The consequence is that
soon after they absorb the initial impulse, the oscillators rap-
idly develop an out-of phase-motion and their total reaction
on the master vanishes because of the incoherence of their
phases. In a sense, the optimality of the frequency distribu-
tion is driven by a compromise between a near-resonant con-
dition and an out-of-phase requirement, leading to the typical
frequency form described in this and previous papers.

This paper shows how the frequency distributions ob-
tained previously using a variational approach that mini-
mizes the master energy also result from or are equivalent to
an energy equipartition requirement within the system. Fi-
nally, an unexpected but significant result for systems as that
considered here is that the requirement of energy equiparti-
tion among the modal energies is the same as an equiparti-
tion among the physical degrees of freedom.

In conclusion, the energy equipartition requirement on
the prototypical system described here stores most of the
energy in the attachment, leaving 1/N of the total energy in
the master, making the attachment an effective energy sink
that produces a high damping effect in the master motion.

APPENDIX: EQUIPARTITION AMONG THE MODES
AND AMONG THE OSCILLATORS

Displacement and velocity in expressions for modal en-

ergies E; are

N ~
UnN2E; |
5= 3 L= sin(ay),
j=1 @

N
xl(t) = 2 UU\Q—E/ COS(wjl‘). (Al)
=

The energy of the master is given as
EN(t) = %M (x,zv(t) + wlzwxlzv(t)).
The time-averaged E, becomes

T
[Ey]= lim lT f EyN(t)dt = %M([Jéi,] + wﬁ[xzzv]),

{—0 0
which through Eq. (A1) becomes

N 2 2 2

U (i

[Ey]= B, 2l (H—‘""f),
= 2 w;

where E,,=M V(Z)/2 is the total energy of the system.
The time-average of energy for each resonator of the
attachment can be expressed as twice its mean kinetic en-

ergy:
N

[E]=m2>, USE;.
j=1

Orthonormality conditions permits expressing E; in terms of
Uyj:
UMU=1— (U)"=MU — [U'];y=M[U]y;,

which when substituted into Eq. (5) yields
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E;= MEUy;. E

[E]= 7 (A4)
Thus, the mean time energies can be expressed as

Equations (A3) and (A4) show that the optimal frequency
distribution produces energy equipartition over the modes as
well as over the resonators of the attachment.

2 2
51(1 @)
E )

tot w;

1N
Enx]==
£33

N
[E]l=n> UE,. (A2)
j=1

If energy is equally distributed among all the modes such
that E;=E/N, for the master-attachment system with an
optimal frequency distribution described in Sec. II, the first
equation of Eq. (A2) becomes

1E ol w?
Ex==—5{(N+2X2 4.
[En)=5 3 (V2
J
The natural frequencies, as shown in Secs. II and III, have
values close to the master frequency, thus allowing an ap-

proximation of the summation E?;lwil/ wjz. by N, yielding

(] = =2, (A3)

Analogously from the second equation of Eq. (A2), one ob-
tains

a

N-1
Et()l 2
El=="{m> U*+
(1= (S U+ §

Using the orthonormality conditions, mEsz_ll Ui2j= 1-(1/N):
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Shaping of a system’s frequency response using an array of
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The frequency response of an oscillating structure can be tailored by attaching one or more
subordinate oscillators. This paper shows how the magnitude and phase of the frequency response
can be deliberately shaped by prescribing the distributions of the dynamic properties in an array of
such subordinate oscillators. Exact analytic governing equations of motion are derived for the
coupled system composed of the primary system and the subordinate array. For a relatively small
number (< 100) of attached oscillators whose total mass is small (<1%) relative to the primary
structure, it is possible to engineer frequency-response functions of the primary oscillator to have,
for example, nearly linear phase or constant amplitude over a frequency band of interest. The
frequency range over which response shaping is achieved is determined by the band of the attached
oscillators. It is shown that the common analytic methodology for designing a dynamic vibration
absorber represents the limiting case of a single oscillator in the subordinate set. Moreover,
increasing the number of subordinate oscillators (without increasing the total added mass) offers a

number of advantages in reshaping the dominant system’s frequency response.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3143783]

PACS number(s): 43.40.At, 43.40.Kd, 43.40.Tm [DF]

I. INTRODUCTION

For some time there has been interest in understanding a
class of systems in which the response of some dominant
structure is altered by the presence of a number of small
substructures. The addition of numerous small substructures
can create apparent dampingl and dramatically alter the na-
ture of the dominant structure’s resonance. Various ap-
proaches have been used to model the added complexity. The
field of fuzzy structures (see Refs. 2—4) has emerged as one
attempt at defining a systematic approach to modeling com-
plex systems, in which small-scale features of a system are
treated with imprecise statistical or “fuzzy” representations.5
An alternative approach is to prescribe functional distribu-
tions for parameters defining the small-scale features and
treat the system classically. Here, we follow the latter ap-
proach and show that particular parameter distributions can
be chosen that allow the spectral response of the system to be
tailored in desirable ways.

Suppose we consider a linear, time-invariant system that
is complex in the sense that a large number of degrees of
freedom is required to characterize every constituent sub-
system. We further restrict ourselves to the case where the
system is composed of a primary or host structure, modeled
as a simple oscillator, that is connected to a large number of
additional simple oscillators whose frequencies are of the

YAuthor to whom correspondence should be addressed. Electronic mail:
vignola@cua.edu
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same order as that of the primary structure. We refer to the
collection of additional masses as a subordinate oscillator
array (SOA) and will use a precise description of the prop-
erties within this subsystem. For practical purposes, we are
interested in the case in which the mass of each of the indi-
vidual oscillators composing the SOA is much less than the
mass of the primary structure. Suppose w is the ratio of the
total mass in the subordinate system normalized to the mass
of the primary oscillator. We examine the behavior of sys-
tems for which the mass ratio w is between 0 and 1. Various
aspects of this problem have been studied within the vibra-
tions and acoustics cornmunity.1’3’6710 References 1, 3, 8, and
10 focus on the characterization of effective damping, the
study of the asymptotic behavior of effective damping as the
dimension of the subordinate array approaches infinity, or
phenomenological ideas such as the “return time” after
which energy returns from the subordinate array to the pri-
mary structure due to coherent motion of the subordinate
oscillators. References 6 and 7 discuss several convergence
issues associated with passing from a discrete formulation of
the system dynamics to a continuous parametrization.

This paper addresses a distinct, previously unexplored
aspect of this problem. We show how prescribing the distri-
bution of the dynamic properties of the oscillators in the
SOA can be used to design and tailor the overall system
response. In Sec. II, we derive, in closed form, a transfer
function and frequency-response function (FRF) relating the
motion of the primary oscillator to an applied force. In Sec.
III, we define functional distributions for the mass and stiff-
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FIG. 1. Model of a dominant oscillator with SOA attached.

ness of the subordinate oscillators and show their effect on
the spectrum of the response. In Sec. IV, we relate the pos-
sible changes in the system’s frequency spectra to the flow of
energy between the primary and subordinate elements. The
effect of the subordinate array on the system response de-
pends on the mass ratio; we explore various response re-
gimes that change with w in Sec. V. We close with a discus-
sion of how the number and bandwidth of oscillators in the
subordinate array relates to the smoothness of the spectra and
the exchange of energy between elements, followed by gen-
eral conclusions about the applicability of this concept to
oscillatory systems.

Il. DISCRETE MODEL AND EQUATIONS OF MOTION

The system is assumed to be linear and time invariant.
We derive transfer functions and FRFs in terms of properties
of the primary structure and a distribution of the properties
of the subordinate oscillators. This analysis may be viewed
as a generalization of the so-called dynamic vibration ab-
sorber (DVA) that is described in many classical texts.'' "
Attributes of an oscillator with a SOA will be discussed in
relation to an oscillator with a DVA.

A classical approach is used to model a system com-
posed of a primary single degree of freedom (SDOF) oscil-
lator with an array of N smaller attached oscillators, as
shown in Fig. 1. Individual elements are modeled as simple
mass-spring-dampers. Each element of the array has a mass
of m,, and is supported by a spring with stiffness k, and a
viscous damper with coefficient ¢,. The primary oscillator
has mass of M.y and is supported by a spring of stiffness
kprimary @and a viscous damper with coefficient cpyipmary. Equa-
tions of motion for each of the oscillators are found using
Newton’s second law. When we restrict ourselves to the case
where the external force is only applied to the primary oscil-
lator, the equation of motion the nth subordinate oscillator is

mpX, + CpX; — CpXprimary T kyx, — knxprimary =0 (1)

and the equation of motion for the primary oscillator be-
comes
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N N
mprima.ryxprimary + 2 Cpt cprima.ry xprimary - 2 CpXn
n=1 n=1

N N
+ (2 kn + kprimary)xprimary - E knxn = Fprimary(t) .

n=1 n=1
(2)
These N+1 equations can be written in matrix form as
Mx + Cx + Kx=F (). (3)

The inertia matrix, M, is diagonal and composed solely of
the masses of the system elements, while the damping and
stiffness matrices, C and K, have off-diagonal terms cou-
pling the motion of the various oscillators.

dlag {mn} 0
M= n=1--N ,
0 mprimaw
diag {c,} _,
C= n=1--N ,
- CT Cprimary
diag {k,} _ |
K==V . ()
- kT kprimary

In Equation (4), ¢ and k are NX 1 column vectors, while ¢’
and kT are their transposes. The force and displacement vec-
tors are given by

_ 0 _ Xsub )
F(t) a (Fprimary(t) >’ *= <xprimary . (5)

Taking the Laplace transform of Eq. (3) yields

diag {s>m,, + sc, + k,}

ey -sc—k
N+1 N+1
—sel k" szmprimary + sz c,+ E k,
n=1 n=1
Xoub (S 0
X( sun(8) >:< ) ©)
Xprimary(s) Fprimary(s)

Here the N+1 terms correspond to the primary quantity. It
should be recognized that diag,_;.. x{s>m,+sc,+k,} is easily
invertible because it is a diagonal matrix. Equation (6) can be
solved for the transform of the motion of the SOA elements
[the vector Xg(s)] in terms of the motion of the primary
oscillator

Xqub(s) = ( diag {Szmn +sc, + kn})_l(sc + k)xprimary(s) >
n=l--N
(7)

allowing derivation of the transfer function relating applied
force to primary oscillator displacement:
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N
Xprimary(5)
2
—prmay” _ | | ¢ Mprimary T E Cn+ Cprimary

Fprimary(s) n=l

N N -1
(s + ky)’ )
+ 2k, + k. - - .
2:1 " pnmary) le (szmn +sc, +k,
(®)

Equation (8) is closed form expression that depends on the
mass, damping, and stiffness of each element of the system.

The FRF is found by setting s=iw and combining the
summations in the denominator:

+k

XErimarx(w) _ ( 2 i ]
primary

=| - w'my,
primary
F, primary(w)

primary

N

+ E (iwc,,+k,,—

n=1

) -1
(lwcl‘l + kﬂ)z )
— w’m, +iwc, +k, '

9)

This expression can be non-dimensionalized by multiplying

both sides by the primary stiffness and defining a non-
dimensional frequency =/ primary= O\ Mprimary/ Kprimarys

X Erimarx(ﬂ)kgrimarx
F, primary(Q)

-1
N —Qz(l 4 )
+ E a, BnQn )

= ( Q )2 iQ
I-\—= +
Bu/  BuQn

Equation (10) characterizes the spectra in terms of the non-
dimensional frequency and the non-dimensional property
distributions within the SOA elements.

mn yn kn \‘J’mnkn
C(n = s ,Bn = B 7n = > Qn = N
V «a Cy

mprimary n kprimary
(1

The ratio of the total mass of all subordinate oscillators to the
mass of the primary oscillator is wu=(Zm,)/Myimay =20,
The parameter 3, is the non-dimensional frequency an indi-
vidual subordinate oscillator would have if isolated from the
rest of the system. Note that only two of the three non-
dimensional distribution parameter sets «,, 3,, and 7, appear
in Eq. (10) because of the interdependence on the distribu-
tion parameters.

In the limiting case of N=1 (a single subordinate oscil-
lator), the above analysis reduces to the well known system
commonly referred to as a DVA or a tuned-mass damper
(TMD). This example is treated in many classic texts dating
back to Timoshenko'' and Den Hartog12 as well modern
books including Inman." In the case of finite damping (Q,,
<), the DVA cannot completely suppress vibration of the
primary structure as is expected in the limiting case of no
damping (Q,=«). That is, when N=1, B;=1, and Q=1, the

= 1-0%+ iL

Qprimary

(10)
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FRF in Eq. (10) still has a finite value. However, vibration on
a primary structure can be significantly reduced in a fre-
quency band determined by the ratio of the primary and sub-
ordinate masses. Other authors including Zuo and
Nayfeh14’15 investigated the use of multiple-tuned mass
damper system for vibration isolation and shown the distri-
bution of properties within the system can be designed to
improve performance.

lll. PROPERTY DISTRIBUTIONS

The FRF for the primary oscillator, Eq. (10), is given as
a function of the distributions of frequencies (/3,), masses
(), and quality factors (Q,) within the SOA. The shape of
this FRF can be controlled by deliberate selection of distri-
butions for each of these parameters. For the purpose of il-
lustrating the impact of the distributions, a three parameter
function given by Eq. (12) is used to define B3,, the distribu-
tion of the isolated natural frequencies of the subordinate
oscillators. A linear function will define «,, the distribution
of non-dimensional masses within the SOA. A pair of related
functions is used to generate the first and second halves of
the (3, distribution which is anti-symmetric about the center

value:
A<<2(n—1)>P ) N
— -1/+1 forn<—
B 2 N-1 2
Pn= A( (2(N—n)>”) (N+1)
—|1-|— +1 forn= .
2 N-1 2

(12)

The normalized frequencies B, form a band of width A cen-
tered at 1. Thus, the actual subordinate oscillator frequencies
form a band that surrounds the natural frequency that the
primary oscillator would have in the absence of the SOA.
This distribution is shown in Fig. 2 for a variety of values of
p, for the case N=50. When the exponent p becomes very
small all the subordinate oscillators will have nearly the
same isolated natural frequency. In the limit as p — 0, all the
subordinate oscillators move in unison, corresponding to a
DVA with mass 22; 1m,. When p — 0, the system approaches
the case where there are only two elements in the SOA and
their isolated natural frequencies correspond to the bound-
aries of the band, 1-A/2 and 1+A/2.

The non-dimensional mass distribution, «,, is given by

M (=l g
a”_N(q<N—l) 2”)’ (13)

where w is the ratio of the total mass in the subordinate
subsystem to the mass of the primary element, and ¢ is a
mass slope parameter. This linear distribution is also shown
in Fig. 2.

When the mass ratio is very small (u<<A/ 2eQrimarys
where e=natural log base), the SOA has little impact on the
FRF of the primary oscillator. As the mass in the SOA is
increased, the magnitude and phase of the FRF change quali-
tatively from that of a SDOF system. Figure 3 shows an
example of this variation as the mass ratio u increases, for
both the SOA system (N>1) and the DVM case (N=1). The
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FIG. 2. The family of frequency distributions £3, form a band on monotonically increasing values that surround the natural frequency of the primary oscillator
(top). The non-dimensional distribution mass for each element in SOA is defined to be linear (bottom).

frequency band in which the attachments affect the response
of the primary oscillator has a different character for the two
systems. Inman'’ discussed how, for a DVM, the width of
the band of vibration suppression is dependent on the mass
ratio. This is because the splitting of the two natural frequen-
cies of the two-DOF system increases as the mass of the
attachment increases. For an oscillator with a SOA, initially

Oscillator with Subordinate Array
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the bandwidth increases with increasing mass ratio and has
the appearance of added damping. This apparent- or pseudo-
damping has been described by a number of authors includ-
ing Carcaterra and co-workers,l’l&19 Maidanik,7 and Stras-
berg and Feit.*” When the mass ratio reaches about s
~A2/10, a new region becomes evident in the spectrum,
whose bandwidth is equal to the band of the SOA.

Oscillator with DVA

-100¢1

P
o

-150
Y ) 3
IS, T

0.9 1
non-dimensional frequency

0.8 1.2

FIG. 3. Comparison of the dynamic displacement, X, normalized by the static displacement, X, magnitude (upper) and phase (lower) of the FRF of an

oscillator with a subordinate array (left) and a DVA (right) as the mass ratio u is increased. In this example the o,

primary 18 centered in the band of the

subordinate oscillators and @imary=@pyy, quality factor Q,=250 for all elements, the fractional bandwidth A=0.1, the number of oscillators in the SOA,
N=50. The p parameter in the subordinate oscillator frequency distribution [Eq. (12)] and the mass distribution slope ¢ were chosen to achieve a flat response

within the band, and are 0.815 and —0.25, respectively.
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FIG. 4. Sequence of FRF magnitude and phase spectra for an oscillator with attached subordinate array with quality factor lowered to Q,=200. Spectra with
a nearly linear phase (1=0.0019) and nearly constant phase (u=0.0064) can be seen. As in Fig. 3, the mass distribution slope is ¢=-0.25, the parameter

p=0.815, and number of oscillators, N=50.

The sequence of spectra shown in Fig. 3 indicates that
the spectral response develops as the mass ratio increases.
The sequence includes one case (w=0.003) that is nearly
spectrally flat in the band of the SOA (in this case, a band-
width of 10% of the center frequency). Figure 4 shows a
slightly modified sequence of spectra where the quality fac-
tor of each individual oscillator has been lowered to 200. In
this sequence, spectra with nearly linear (w=0.0019) and
constant (w=0.0064) phase are seen. The nearly flat fre-
quency response can be produced over a range of frequen-
cies. These plots suggest that the SOA cannot only attenuate
a resonant response of a structure at a specific frequency like
a DVA but can do so over a frequency band defined by the
band of the SOA. For each of these FRFs, the number of
oscillators in the subordinate system is chosen such that the
modal overlap parameter, =2. This parameter is discussed
in the paper by Strasberg and Feit® and the book by Ly0n20
and is defined as the ratio of the average width of a spectral
peak divided by the number of peaks in a band, and can be
expressed as »=N-1/QA. This condition, 7=2, roughly
speaking, can also be seen as the minimum number of DOFs
so that the spectrum is smooth. The variation of the dynamic
response of the primary oscillator with increasing mass ratio
is explored further in Sec. IV.

IV. PARTITIONING OF ENERGY

The fraction of energy dissipated by the primary oscil-
lator versus subordinate oscillators is affected by the mass
ratio and the other parameters of the system. Consider a sce-
nario in which an impulsive force imparts an initial velocity
equal to 1/Mpymar (1N -5) to the primary oscillator. The total
energy introduced into the system via the impulsive force is

Eint =

%(w- 5)2. (14)

primary
Over time, this energy is distributed to all elements of the
system and subsequently is dissipated by the various damp-
ers in the system. For the purpose of characterizing the vari-
ous effects the SOA can have on the system response, we
plot the fraction of the total introduced energy that is dissi-

J. Acoust. Soc. Am., Vol. 126, No. 1, July 2009

pated by the primary damper, as a function of mass ratio u.
This energy ratio is calculated by first expressing the velocity
spectrum as the product of i{) and the displacement spec-
trum, v(2)=iQx({)) calculated from Eq. (11), and then inte-
grating the product of this velocity spectrum and its complex
conjugate: [~ v(Q)1v*(Q)dQ. By Parseval’s theorem, this is
equal to the time integral of the mean square velocity time
history of the primary mass (f”,»(r)?dt). The instantaneous
power dissipated by the primary damper equals the product
of the force the damper applies on the primary mass
c and the velocity of the primary mass Ximary OF
cprimaryxgﬂmy. The integral over all time equals the total en-
ergy dissipated by the primary damper and can be calculated
as

. - 2
prlmaryx prima.ry

o

2
Ediss = Cprimaryf U(l) dt= Cprimaryf
—0C

The ratio of the total energy dissipated by the primary
damper [Eq. (15)] to the energy introduced into the system
by the impulsive excitation [Eq. (14)] is shown in Fig. 5 as a

o0

v(Q)v*(Q)d.

(15)

-=-=-N=8,4=0.016
——N=16,A=0032
----- N=324=0064
© N=64,4=0128
====N= 128, A=0.256

0.75

0.25

HH|
10°
mass ratio u

FIG. 5. A collection of curves indicating the fraction of energy introduced
by impulsive excitation that is dissipated by the primary damper, as a func-
tion of mass ratio. Eight different cases are shown that range from the case
of the DVA where N=1 to a SOA with a moderate number of elements and
a bandwidth of a little more than 25%. In each case the quality factor Q,, is
250 for all elements. For each of these cases, the number of oscillators is
chosen to be N=2A-Q .. Which is minimum condition for a smooth
spectral response.
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FIG. 6. Impulse responses in time and frequency domain over a range of mass ratios. For each of these plots, 0=200, N=50, A=12.5%, and p=0.8. In each
time-history plot, there is an additional curve representing the envelope of the response of an unadorned oscillator (simple one-DOF system) with the same
mass, stiffness, and damping. Likewise the magnitude and phase plots have a FRF for the same single degree of freedom oscillator for a reference. The outer
tick marks in the frequency spectra indicate the band of a DVA with p=1. The inner tick marks define the band of the SOA.

function of the mass ratio for different numbers of elements
and fractional bandwidths. For the case of the DVA (N=1),
the attached element has little impact when the mass ratio
is significantly less than 1/ Q;rimary. As the mass ratio in-
creases, more of the energy of the system is drawn into the
subordinate oscillator, with just over half of the energy being
drawn off by the DVA when the added mass is significant.
For the SOA case (N>1), a region of even greater energy
absorption develops at intermediate mass ratios. The curves
for the SOA cases can be divided into a number of regimes,
characterized by different types of behavior in both the time
and frequency domains.

V. TIME RESPONSES AND REGIMES OF INTEREST

As the mass ratio p changes, the character of the dis-
placement response of the primary mass passes through dis-

tinct regimes. For the following discussion, we will assure
that all the isolated oscillators, including the primary, have
the same quality factor, Q,=Q. A sequence of impulse re-
sponses is shown in Fig. 6 where the mass ratio is increased
from a very small amount (u=3 X 1073) to u=1 (where the
total mass in the subordinate oscillators equals the mass of
the primary oscillator).

A. SDOF regime (u<A/2eQ or u<1/Q?)

For very low mass ratios (when u<<A/2eQ), the subor-
dinate substructure has negligible effect on the response of
the primary, and the envelope of the decaying sinusoidal re-
sponse matches that of the unadorned system [see Fig. 6(a)].
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FIG. 7. The impulse response is shown in the time and frequency domains. The heavy gray line in the time plot (left) is the ringdown envelope (magnitude
of the Hilbert transform) and is contrasted with a Gaussian function (the heavy black line). The FRF (right) of the adorned system is compared with a FRF
of an unadorned oscillator. The system parameters for the adorned system here are mass ratio u=A?/10, p=0.8, Qprimm=103, N=100, and the fractional

bandwidth A=0.05.
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SOA. In the case shown here the mass ratio is u=A%/36, p=0.3, Qp,imary=103, N=100, and the fractional bandwidth A=0.05. The lower value of the
frequency distribution parameter p reduces the discontinuities that occur at the edges of the band of the SOA.

B. Apparent damping regime (A/2eQ<u<A?/e and N
>1)

As u increases, so-called apparent or pseudo-damping is
observed. The envelope of the decaying sinusoidal response
remains exponential but the time constant decreases as w is
increased. In this range, the magnitude and phase response
are nominally the same as that of a SDOF oscillator with
increased damping. An empirical expression for the apparent
quality factor in this regime is given below, which is inde-
pendent of any physical damping

2A

! energy transferred into SOA 7t

energy stored

Qapparent =2 (16)

The total quality factor, Q. for the primary oscillator,
when u<A?/e, results from the combination of energy
transfer and classical dissipation, and is expressed as

1 1 )-1
+
Qapparem

o
primary T+ 2AQprimary .

Qtotal = <

Qprimary
(17)

Examples of the behavior in the apparent damping regime
can be seen in Figs. 6(b)-6(d). When the mass ratio satisfies
w<AZ?/e, energy drawn out of the primary oscillator does
not return if Qprimary< Qapparent-

C. Rapid energy sink regime (u=A2/e and N>1)

The case where the mechanical energy is most rapidly
drawn out of the primary oscillator is often the regime of
greatest interest. In this regime, the frequency spectra can

60
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take on a variety of shapes, including spectra corresponding
to a Gaussian, a linear phase filter, a flat bandpass filter, a
sinc function, or a constant phase filter. This regime is char-
acterized by a rapid transfer of energy into the subordinate
system that takes place within a period of time approxi-
mately equal to the reciprocal of the bandwidth of the sub-
ordinate set.

1. Gaussian envelope behavior (u=~A2/10 and N>1)

As the mass ratio approaches u=A?/10, the time do-
main envelope (which was exponential for lower mass ra-
tios) transitions into an approximate Gaussian envelope. The
Gaussian has the unique property of being its own Fourier
transform (F{e~"/ ’)2}= e/ 2)2). The corresponding FRF
is also a nearly Gaussian function centered at the resonant
frequency of the primary oscillator. Figures 6(e) and 7 show
that the time domain ringdown inflects and is no longer ex-
ponential. A more nearly Gaussian ringdown envelope can be
created by altering the frequency distribution within the SOA
(see Fig. 8).

2. Linear phase behavior (u=A2/5 and N>1)

A dynamic response with a nearly linear phase can be
created when the mass ratio satisfies uw~A?/5 and N> 1.
Comparing Fig. 6(f) to the plots above and below it shows
that, in this particular case, energy is drawn out of the pri-
mary oscillator as rapidly as possible and does not subse-
quently return. Figure 9 illustrates this behavior for six dif-
ferent SOA bandwidths.
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FIG. 9. A sequence of spectra with nearly linear phase response is shown for six SOA bandwidths (A=0.625% ,1.25% ,2.5% ,5% ,10% ,20%). For this

sequence the mass ratio u=A2%/5, p=0.8, N=100, Qprimary=N/2A.
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FIG. 10. A sequence of spectra with nearly flat in-band response. For this sequence A=0.625%,1.25% ,2.5% ,5% ,10% ,20%, and the mass ratio u
=A?/3.5, p=0.8, N=100, it should be noted that the quality factor used for this sequence is lowered to Qprimary=N/3A (this smoothes the in-band response).
The widest band response has a peak-to-peak flatness <0.5 dB and the in-band flatness of the narrower band systems is proportional.

3. Flat bandpass filter behavior (u=A2/3.5 and N>1)

Systems with spectra featuring flat response over some
frequency band have applications in a number of areas such
as transduction, filtering, and vibration isolation. Such a re-
sponse is seen in Figs. 6(g) and 10. As the time histories in
these plots show, energy is initially drawn away from the
primary oscillator even faster than for lower mass ratios, but
it subsequently returns from the SOA to the primary oscilla-
tor, and continues to pass back and forth prior to being com-
pletely dissipated. The non-dimensional time domain enve-
lope equals zero at approximately T=rtw,=1/A and integer
multiples. Note that this time period is not related to the
energy return time discussed by Carcaterra, which is ad-
dressed in Sec. VL.

4. Sinc-function envelope behavior (u=~A2?/2.85 and
N>1)

A function commonly encountered in Fourier analysis
and digital signal processing is the sinc function,”" (sinc(x)
=sin x/x). The time domain envelope of the response of the
primary oscillator approaches a rectified sinc function as the
mass ratio is increased to u=A?/2.85. As the starting and
ending frequencies of the SOA distribution begin to domi-
nate the spectral response, the envelopes of the time histories
can be seen as a beating between these two frequencies. This
beating will persist for all further increases in the mass ratio
(Fig. 11).
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5. Constant phase behavior (u=A?/1.7 and N>1)

As mass ratio is increased still further, nearly constant
phase response appears next in the sequence [see Fig. 6(h)].
The spectra shown in Fig. 12 further illustrate this for four
different bandwidths of the SOA.

D. Transition regime (u=~A? and N>1)

Increasing the mass ratio further results in the system
beginning to behave somewhat like the two-DOF DVA [see
Figs. 6(i) and 13]. The time envelope exhibits classical beat-
ing of two frequencies; however, the two frequencies are no
longer the end frequencies of the SOA, and are instead de-
termined only by the mass ratio. In this transition regime, the
amplitude of the second beat is some certain fraction of the
amplitude of the first beat dictated by the mass ratio, while
the decay of the amplitude of subsequent beats is dictated
solely by the physical damping in the system. The ratio of
the amplitudes for the first and second beats rises with rising
mass ratio, transitioning from sinc-function-like behavior at
lower mass ratios to exponential-type decay at higher mass
ratios.

E. DVA regime (u>A2?)

The dynamics of an SOA adorned primary oscillator
mimic that of a DVA when the mass ratio is substantially
greater than the square of the fractional bandwidth [see Figs.
6(j)-6(1) and 14]. In this regime, the response appears as
classical beating and the two frequencies are determined by
the mass ratio. When the mass ratio u=1, the frequencies are
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0.9 1 1.1 1.2
non-dimensional frequency

0.8

FIG. 11. The envelope of the time histories for systems u=A2/2.85, p=0.8, and N=100 have a rectified sinc-function form. For the sequence of spectra (right)
A=0.625%,1.25% ,2.5% ,5% ,10% ,20%, and Qimary=N/2A.
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FIG. 12. The phase responses for systems u=A2/1.7, p=0.8, and N=100 have nearly a constant value over the band of the SOA. For this sequence of spectra
A=0.625%,1.25%,2.5% ,5%, and Qpimary=N/2A (the time history shown on the left is for the case A=5%).

defined by the golden ratio (= 1+ \G)/ 2~=(0.618,1.618) (the quency, the individual elements of the SOA lose coherence
outer tick marks in the frequency spectra in Fig. 6 are placed as time passes and the net force they apply on the primary
at these frequencies). As in the previous regime, the response becomes negligible, implying that energy is temporally
exhibits beating of two frequencies, and the decay of the trapped in the SOA. At some time later, the motion of the
amplitudes is governed by the amount of physical damping elements of the SOA once again becomes coherent but now

in the system. The attenuation of motion at the center fre- leads the motion of the primary oscillator, returning energy
quency is substantially less than that of a damped DVA but  to the primary oscillator. This is only seen when Qpimary
attenuation is seen over a wider frequency band. > Qapparent- The time required for the SOA elements to go

from coherent to incoherent and back to coherent is the co-

VI. REVERSIBILITY AND ITS RELATIONSHIP TO THE ~ 'STence time, Tegherence (also called the Heisenberg time or
DENSITY OF STATES return time). For a linear distribution (p=1), the coherence
time is the reciprocal of the difference between the frequen-

Given an impulse excitation, and a small mass ratio (4 cies of any two adjacent elements in the SOA. This can also
<A?/10), energy moves solely from the primary oscillator ~ be expressed in terms of the number of oscillators and the
into the SOA. This can be seen in the examples discussed in  total bandwidth of the SOA as Tegnerencef primary=(N=1)/A.
Secs. VA and V B and the first part of Sec. V C that in-  This expression can also be seen as the density of states
cludes the Gaussian regimes. These results correspond to the  within the SOA. When the distribution of frequencies is not
downward sloping portion of the curves in Fig. 5. In this uniform (p# 1), the oscillators do not return to complete
regime, the rate of energy flow from the primary oscillator to coherence, yet the time of greatest coherence can be ex-
the SOA is greater than the rate of dissipation. This can be  pressed as T oherence/primary=(N—1)/pA. Figure 15 shows that
seen by recognizing that 277/ Q yrimary 1S the amount of energy the return of energy from the SOA is only visible as a dis-
removed by classical dissipation per cycle divided by the crete event when two conditions are met: (1) the coherence
total energy in the primary oscillator and that 277/ Q,yparent 18 time longer than the time it takes for apparent damping to
the amount of energy transferred to the SOA per cycle nor- transfer most of the system’s energy to the SOA
malized by the same total energy. Carcaterra ef al.'” referred ~ (2A/ (7 u) > Teoherencef primary)> and (2) the coherence time is
to this irreversibility as “energy trapping.” As the mass ratio shorter than the time required for physical damping to dissi-
increases beyond this point, the mechanical energy moves pate most of the energy in the system (Tcoherenchrimary
back and forth between the between the primary oscillator ~ >4Q .y /). If condition (1) is not met (the coherence
and the SOA. Another way to consider this is to recognize time is too short), energy return from the SOA occurs while
that after an impulse excitation the SOA elements initially energy is still being transferred o the SOA. If condition (2)
move coherently. This motion lags the motion of the primary is not met (the coherence time is sufficiently long), there is

oscillator which ensures that the energy flow is in the direc- no significant energy remaining in the system to be returned
tion of the SOA. Because each vibrates at a different fre- when the subordinate elements return to coherent motion.
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FIG. 13. The envelope of the time histories exhibiting beating at a frequency difference that exceeds the bandwidth of the SAO. A relatively larger fraction
of mechanical energy is drawn out of the primary oscillator by the SOA between the first and second beats. The subsequent beat amplitude reductions are
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This example also illustrates how the modal overlap param-
eter 7, discussed in Sec. III, affects the smoothness of the
spectra. The return energy is significant when the mass ratio
is in apparent damping regime A/2Qe<u<<AZ?/10 and the
modal overlap parameter n<<2. This condition also corre-
sponds to the condition when there are not a sufficient num-
ber of DOFs to fill the band of the SOA and thereby smooth
the spectral response of the primary oscillator. When the
mass ratio of the SOA is large enough to affect the response
and 7>2, the spectra are smooth and can be engineered to
achieve desired responses.

VIl. CONCLUSIONS

The SOA can be seen not only as a generalization of a
classical DVA which can provide very effective vibration
isolation for a single frequency but also as a means to shape
the frequency response of a resonant system. The tailored
SOA can be used for vibration isolation and overcomes the
inherent bandwidth limitations of a DVA by spreading reso-
nant elements over a prescribed frequency band. However, as
shown in this paper, the amplitude and phase spectra of the
system can be tailored in a wide variety of ways, creating

n=0.1,4=05 Q= 1000

n=04 4=025 Q=500

oscillatory systems that are useful for a variety of other ap-
plications. For instance, the approach can be used to design a
linear attenuator over a defined band or to create transducers
that are resonant over a wide frequency band without adding
excessive damping.

This work has been pursued in the context of shaping
the vibration response spectra of mechanical systems. How-
ever, one should recognize that the governing equation for an
oscillating mechanical system is the same equation that gov-
erns other types of oscillator systems such as simple electri-
cal circuits and acoustic systems. This implies that the re-
sponses of broad classes of systems can be manipulated
using analogous subsystems. Additionally, the concept of the
SOA can be implemented on the micro- or nano-scale to
shape the spectra of high frequency micro- and nano-
mechanical resonators, which have a variety of potential ap-
plications in mass sensing, rf communications, and studies of
fundamental physics. Such an implementation could be real-
ized, in principle, in complementary metal oxide semicon-
ductor or using other fabrication processes directly on chip.

The results shown in this paper were achieved using
very simple property distributions in the subordinate array,
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FIG. 15. Three examples for the response of primary oscillators with attached SOAs are shown in both time and frequency. The solid black line in the time
histories is the ringdown envelope for the physical damping. In each case the mass ratio ©=3.16 X 1073, N=50, p=0.85, ¢=-0.25, The non-dimensional
bandwidth for the three cases are A=0.5,0.25,0.1 and the quality factors for all oscillators (primary and subordinate) are Q=1000, 500, and 250 for the three
cases, respectively. The modal overlap # changes inversely as the bandwidth increases, and in these cases 7=0.1,0.4,2. Below each time history, the
corresponding spectrum illustrates how the rate of the energy return corresponds to smoothness in the frequency domain.
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yet demonstrate a significant capability to shape the spectral
response of an oscillatory system using only a small amount
of added mass. For instance, a distribution with a total added
mass ratio of ~0.3% produced flat frequency responses over
the band of the SOA to within 0.5 dB. More general distri-
butions of parameters allow even greater control over the
shape of the frequency spectrum. Numerical optimization of
a parameter distribution not tied to a specific functional form
will allow creation of systems with highly tailored spectral
response.
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A numerical study is carried out to evaluate the effectiveness of using measured surface
displacements resulting from acoustic speaker excitation to detect and localize flaws in a domed,
plaster ceiling. The response of the structure to an incident acoustic pressure is obtained at four
frequencies between 100 and 400 Hz using a parallel h-p structural acoustic finite element-based
code. Three ceiling conditions are modeled: the pristine ceiling considered rigidly attached to the
domed-shape support, partial detachment of a segment of the plaster layer from the support, and an
interior pocket of plaster deconsolidation modeled as a heavy fluid. Spatial maps of the normal
displacement resulting from speaker excitation are interpreted with the help of predictions based on
static analysis. It is found that acoustic speaker excitation can provide displacement levels readily
detected by commercially available laser Doppler vibrometer systems. Further, it is concluded that
for 1 in. thick plaster layers, detachment sizes as small as 4 cm are detectable by direct observation
of the measured displacement maps. Finally, spatial structure differences are observed in the
displacement maps beneath the two defect types, which may provide a wavenumber-based feature

useful for distinguishing plaster detachment from other defects such as deconsolidation.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3133922]

PACS number(s): 43.40.Le, 43.40.Dx, 43.60.Rw [TDM]

I. INTRODUCTION

Interest in development of structural acoustic monitoring
techniques to support efforts related to historic building as-
sessment and restoration has been growing. This growth is in
part associated with increasing regulations requiring Federal
agencies to make every effort possible to rehabilitate histori-
cally significant buildings and structures. The scope of the
interest can be appreciated, for example, by noting that there
are over 1X10° commercial and institutional buildings
erected over 40 years ago still in use in the United States, an
age to which many local jurisdictions have lowered the
threshold for applying the “historic” label. Further, the De-
partment of Defense alone controls an estimated 90 000
structures built over 60 years ago, not a small number of
which might be considered historic.

In a number of the truly historic buildings whose finish
layers often consist of plaster, walls and/or ceilings often
bear precious artwork such as mosaic or frescoed images. In
the case of the latter, where the paintings were created on
wet plaster, the current physical and mechanical conditions
of the plaster layer(s) determine for the most part the near to
midterm viability of the artwork. Particularly for the case of
a ceiling, the development of defects such as detachment of

9 Author to whom correspondence should be addressed. Electronic mail:
bucaro@pa.nrl.navy.mil
®)On-site contractors at the Naval Research Laboratory, Washington, DC.
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