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Abstract: The effectiveness of time-reversal focusing is evaluated in the
presence of an asymmetric surface layer that changes the direction of the
propagating waves, but does not continually scatter or block the propagating
wave front. Interactions between the wave front and the surface layer are de-
pendent on the depth and material properties of the asymmetric surface layer
and its orientation in the medium with respect to the incident wave. Time-
reversal focusing is shown to perform significantly better than other excita-
tion methods for the purpose of delivering energy to the location of a buried
land mine.
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1. Introduction

Time-reversal focusing is a powerful technique that allows propagating waves to be focused to
a particular location. Time-reversal focusing is most useful when it is difficult or impossible to
characterize the clutter and wave propagation speed in an area of examination. While other
focusing methods require some knowledge of the propagation medium characteristics such as
propagation speed, time reversal does not require this information. Because of its insensitivity
to clutter and variations in wave-propagation velocity, elastic-wave time reversal shows great
promise for application to the detection of buried objects.

The primary experimental and numerical investigations of time-reversal focusing have
been in the ultrasound frequency range and in the far field." Time-reversal focusing has been
investigated in both fluid and solid media, including liquid-solid interfaces. In fluid media,
homogeneous backgrounds have been augmented with scattering objects to create high order
scattering of incident waves.* In these scenarios, time-reversal focusing has been shown to be
effective in inhomogeneous media,” even producing super-resolution effects in some cases.*®”
The investigation of time-reversal focusing of Rayleigh waves in elastic solids was first moti-
vated by the detection of surface and subsurface flaws in a solid.*’

These experiments provide a strong foundation in the investigation of acoustic time
reversal, but the experimental cases that have been examined are still significantly different
from those encountered in the buried object detection problem. For buried land mines, the fre-
quency range of interest is typically centered around 400—1000 Hz, and the detection problem
must be carried out in an elastic solid background medium. Inhomogeneity may be encountered
by the addition of hard solid objects, such as rocks or other near-surface scatterers, by voids in
the medium, or variations in the background material properties.

The work presented in this letter investigates the performance of time-reversal focus-
ing in soils, with a particular emphasis on the detection of buried targets, especially buried land
mines, in the presence of an asymmetric surface layer. In field conditions, many types of surface
layers may be present between a land mine and excitation sources. Compacted road beds or tire
tracks, soil stratification, concrete slabs, and other types of surface layers may significantly alter
the propagation direction of any wave front incident on them. In these cases, an excitation wave
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Fig. 1. (Color online)The experimental facility. The seismic transducer array is on the right and the ground-
contacting sensor array is positioned over the sand tank. The plywood wedge-shaped asymmetric surface layer is
buried flush with the surface of the sand.

front may fail to deliver significant energy to the desired location. Time-reversal focusing is an
appealing way to deliver energy because it can provide tight and accurate focusing even in the
presence of inhomogeneity, such as surface layers.

While time-reversal focusing has been studied extensively in fluids, and even in some
solid media, studying the phenomenon in soil entails a significantly different analysis. Only
limited-scale studies in any type of granular media have been performed,lo’11 indicating a need
for further study. The complexity of wave propagation in soil goes beyond that of many com-
mon fluids or elastic media. Soil is a complicated nonlinear particulate medium in which the
interparticle interactions along with the specific physical characteristics of the particles define
the behavior of waves supported in the medium. "

2. Experimental method
2.1 Experimental setup

The experimental results are obtained in a laboratory at the Georgia Institute of Technology
(Fig. 1).“’13 A large concrete wedge-shaped tank is filled with approximately 50 tons of damp
compacted sand. Sand is chosen as the background medium because its seismic properties are
similar to many types of soil, and because it is straightforward to recondition disturbed sand.
This allows for easy burial and removal of scattering objects and targets in the tank.

The seismic waves are generated by an array of six electrodynamic shakers. Each
source is made from an 8.7 cm diameter transducer from an Aura bass shaker that has a flat
frequency response over the frequency range of interest. A short metal bar foot is attached to
each electrodynamic shaker. The shaker and metal foot are placed in contact with the sand and
the 12.5 cm X 1.27 cm X 2.54 cm aluminum bar foot couples seismic energy into the sand.

Once the shakers are used to excite elastic waves in the sand tank, an array of specially
designed ground contacting accelerometers'* is used to record the acceleration of the surface of
the ground. These sensors are inexpensive, compact, and couple to the ground lightly enough to
be safe for use in land mine detection applications. The array used in these experiments consists
of 30 accelerometers in a 3 X 10 array spaced 3.429 cm apart in x and 10.287 cm in y. The
measurements are interlaced along the y direction to synthetically generate a grid of measure-
ment points with a spacing of Ax=Ay=3.429 cm between measurement points in both x and y.
By making many measurements, each at a different location on the surface, the acceleration of
the entire scan region can be constructed synthetically. After the entire scan has been completed,
a data array of acceleration information is available, 4(x;,y;,#), where
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Fig. 2. (Color online) The experimental configuration for experiments using an asymmetric surface layer with a
TS-50 land mine at the focusing point.
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and where X=202.311 cm and Y=150.876 cm are the dimensions of the scan region, and T’
=4.096 s is the duration of time for which each measurement is recorded.

Time-reversal drive signals are created by first transmitting individual signals from
each source in the array of sources and recording the response at the desired focus point. These
signals are then time-reversed and retransmitted from the sources and the response is recorded
over the entire scan region. The signal used to interrogate the soil is a swept frequency chirp
signal that sweeps from 30 Hz to 2 kHz." For display purposes, the results are presented as the
response to a differentiated Gaussian pulse with a center frequency of 900 Hz. The process used
to create the time-reversal drive signals is described in earlier work. ™

2.2 Surface layer

An asymmetric surface layer is introduced into the experiment by embedding a plywood layer
into the sand. The purpose of this layer is to alter the propagation direction of surface waves.
The plywood layer is created using a wedge-shaped piece of 3/4 in. plywood cut into a 4 ft by
6 ft wedge. The shape of the surface layer is made asymmetrical with respect to the propagation
direction of the surface waves as shown in Fig. 2.

The plywood wedge is tested in two configurations. The first configuration employed a
single sheet plywood wedge that is buried flush to the surface of the sand (Case A) [Fig. 3(a)]. A
second configuration uses two identical 4 ftby 6 ftby 3/4 in. plywood wedges. The upper sheet
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Fig. 3. (Color online) The X-Z plane cross section of the two surface layer configurations used in the experiments:
(a) single sheet plywood surface layer, (b) multilayer plywood and sand surface layer.

of plywood was buried flush to the surface, with a thin layer (2 ¢cm) of sand between the upper

and lower sheets (Case B) [Fig. 3(b)]. In each configuration, a TS-50 land mine is buried at the
focus location as indicated in Fig. 2.

3. Results: Focusing through an asymmetric surface layer

A comparison can be made of the performance of the three different excitation types; time-
reversal focusing, time-delay focusing, and uniform excitation. Uniform excitation excites all
sources with identical, in-phase signals. Time-delay focusing excites sources with signals that
are time-delayed based on a constant velocity estimate for the Rayleigh wave propagation speed
in the medium. If the estimate is accurate, the dominant Rayleigh wave from all the sources will
arrive and focus coherently at a focus location at the same time. A comparison of these two
excitation methods to time-reversal focusing is performed for both configurations of the asym-
metric surface layer (Fig. 4).

The results are presented in Fig. 4 as pseudocolor graphs and animations of the mag-
nitude of the vertical component of the particle acceleration at the surface. The pseudocolor
scale used in the figures is a 40 dB logarithmic scale from white (0 dB) to black (=40 dB). In
order to compare the different focusing methods, the results are normalized with respect to the
energy contained in the excitation signals for each of the three excitation methods. An exami-
nation of time-domain movies and snapshots of wave propagation for each type of excitation is
useful to visualize the effects of a surface layer on surface wave propagation.

3.1 Case A: Single sheet plywood surface layer

Because of the higher propagation speed in the plywood than in sand, the wedge shape of the
plywood layer causes the surface-bound wave to turn in Fig. 4 (Case A). A second wave front
travels under the surface layer, coming back to the surface of the sand on the other side of the
plywood wedge. As can be seen in Fig.4 (Case A), this wave arrives at the land mine location
later in time. As its speed is less affected by the plywood wedge on the surface, the change in its
propagation direction is almost imperceptible.

While the direction change of the second wave front is small, the initial wave front is
turned away from the land mine location. This initial wave contains a substantial portion of the
excitation energy. Because of this, the maximum amplitude at the land mine location using
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Case A

Case B

Uniform Excitation Time-Delay Excitation Time-Reversal Excitation

Fig. 4. (Color online) Time-domain animations of wave propagation through the single sheet plywood surface layer
(Case A) and the multilayer plywood and sand surface layer (Case B). The white circle denotes the desired focus
location, and the location of a buried TS-50 land mine. Images are on a 40 dB pseudocolor scale: 0 dB (white) to
—40 dB (black). (Click on the image to view the animation.)

time-delay focusing is adversely affected. Time-reversal focusing shows a 7 dB improvement in
peak excitation amplitude over time-delayed focusing and a peak signal level of approximately
13 dB over uniform excitation (Table 1).

3.2 Case B: Multilayer plywood and sand surface layer

The multilayer plywood and sand surface performs similarly to the single sheet plywood surface
layer except that it turns the wave more effectively. Because the multilayer plywood and sand
surface is more than twice the thickness of the single sheet plywood surface layer, more energy
is captured in the surface layer, causing the relative amplitude of the turned wave to be larger in
comparison to the second unturned wave. Most of the energy is turned away from the land mine
location by the surface layer, as observed in Fig. 4 (Case B). Because of the discrepancy be-
tween the actual, inhomogeneous wave velocity, and the constant estimate used to calculate
time delays, time-delay focusing concentrates energy in the wrong location. This effectively
turns the wave away from the desired focus point. Time-reversal focusing shows an 8§ dB im-
provement in peak excitation amplitude over time-delayed focusing and a peak signal level of
approximately 18 dB over uniform excitation (Table 1).

Table 1. The peak amplitude (dB) and the background contrast (A dB) at the focus point for each excitation type and
surface layer configuration.

Uniform Time-delay Time-reversal
excitation excitation excitation
Surface layer type (dB) (dB) (dB)
Plywood single layer =20 -14 =7
A7 A5 A10
Plywood and sand multilayer -28 -18 -10
A5 A7 A10
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4. Conclusions

The effectiveness of elastic wave time-reversal focusing was examined in the presence of an
asymmetric surface layer. The surface layer changes the propagation velocity and direction of
the elastic waves and can steer them away from the location of a buried land mine. The surface
layer further complicated the wave field since waves could propagate under as well as through
the surface layer. Even with these effects, time-reversal focusing was effective and performed
significantly better than time-delay focusing. Table 1 summarizes the results.
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Abstract: Examining phonetic categorization in multidimensional stimu-
lus spaces poses a number of practical problems. The traditional method of
forced identification becomes prohibitive when the number and size of stimu-
lus dimensions becomes increasingly large. In response, Evans and Iverson
[J. Acoust. Soc. Am. 115, 352-361 (2004)] proposed an adaptive tracking
algorithm for finding vowel best exemplars in a multidimensional space. This
algorithm converged on best exemplars in a small number of trials; however,
the search method was designed explicitly for vowel stimuli. In this paper,
a more general multidimensional search algorithm is described, and
results from simulations and experiments using the proposed algorithm are
presented.
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1. Introduction

Virtually all speech contrasts involve multiple acoustic dimensions. Abramson and Lisker
(1985) in a paper examining the effect of FO contours on stop identification stated that “...re-
search usually shows more than one cue to be pertinent to a distinction, although all such cues
may not be equally important.” Furthermore, Lisker (1986) discussed 16 acoustic properties
that could plausibly be relevant to the p-b “voicing” distinction in the words rapid and rabid.
Determining the relationship between these dimensions and the categorical contrast is an ongo-
ing issue in perceptual and acoustic speech research; however, there are many practical barriers
to examining a large number of acoustic properties in a single study.

A typical method for examining category locations is to generate a one-dimensional
stimulus continuum, randomize the stimuli, and then present them multiple times to listeners
for forced identification [e.g., Lisker and Abramson (1970); also Kitahara (2001) is an excellent
example of using forced identification on multidimensional stimulus continua]. While this ap-
proach is feasible when the number of stimuli is small, it rapidly becomes unwieldy in multidi-
mensional stimulus spaces. For example, assuming 30 judgments per stimulus and 2 s per re-
sponse, it would take 16.7 h of nonstop data collection in order to work through a three-
dimensional stimulus space containing ten stimulus steps per dimension. If a fourth ten-step
dimension is added the amount of time balloons to 6.94 days, and a fifth ten-step dimension
would push the time to 69.44 days.

An alternative approach for two-dimensional spaces was proposed by Johnson ef al.
(1993) where listeners navigated a two-dimensional grid on a computer screen in order to locate
best exemplars. Each button in the grid corresponded to a single test stimulus. Calling this
approach a “Method of Adjustment (MOA)” task, Harnsberger et al. (2001) used this strategy to
study perceptual vowel spaces of cochlear implant users. While effective for two-dimensional,
and even small three-dimensional spaces, from a practicality standpoint this approach does not
scale up well to larger n-dimensional stimulus spaces.

Evans and Iverson (2004) proposed a novel method in an attempt to overcome these
limitations. They used goodness ratings provided by listeners to steer an adaptive tracking al-
gorithm through a four-dimensional space designed to find best exemplars of vowel categories.
Although their algorithm found reliable estimates for best exemplars after only 30 trials per
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vowel category, their search method took advantage of prior knowledge as to the likely locations
of vowels in their stimulus space in order to achieve rapid convergence. In particular, their
algorithm used the notion of schwa as the “neutral” vowel to initially direct the search for best
exemplars along a diagonal passing through the expected location of the best exemplar and
schwa in an F1-F2 plane. While this proved to be effective for quickly identifying best exem-
plars of vowels, the consequence is that the functioning of their algorithm is intertwined with
properties of the stimulus space, and therefore not necessarily appropriate for other multidi-
mensional spaces investigating other types of categories.

In this letter, a generalized n-dimensional search method is proposed [Algorithm for
finding Multidimensional Best Exemplar Locations (AMBEL)], and results from simulations
using random goodness judgments are presented.

2. AMBEL

A key feature of the Evans and Iverson (2004) approach that is incorporated here is the use of
goodness ratings from listeners to direct the search for best exemplars in a multidimensional
space. However, unlike Evans and Iverson (2004), AMBEL is designed to always use multiple
iterations of the search process to achieve convergence. Section 2.1 describes a single iteration
of the general AMBEL approach in a two-dimensional stimulus space. Section 2.2 contains a
brief discussion of key features of the algorithm, as well as specific implementation details.

2.1 General procedure

In Fig. 1, two dimensions (D1 and D2) containing 13 stimuli each are represented. Each point in
the grid corresponds to a single stimulus. Here, the search order for the dimensions is arbitrarily
D1 followed by D2. In the first step, an initial point for the search is chosen and two comparison
candidates are chosen varying in opposite directions from the initial point. Thus, a range of the
probed space is chosen as a search vector. The search vector is constrained to varying D1 only,
and by design does not span the entire length of D1. Second, the middle point of the search
vector is played for the listener, and a goodness judgment is elicited using a slider bar that is part
of a graphical interface. Prior to assigning the goodness judgment, listeners are allowed to play
the stimulus as many times as they wish. Next, an end point is chosen at random, and the listener
assigns a goodness judgment, followed by the opposite end point. The three goodness judg-
ments obtained from the initial point and end points are then used to estimate the location of a
“best derived point” in the search vector. This best derived point then serves as the initial point
of the next search vector, which will probe D2, and the method for obtaining initial point and
end point goodness judgments is repeated for D2. In order to achieve convergence, the process
iterates through all of the dimensions multiple times. In the case of Fig. 1, the cross symbol in
the lower right panel would become the new initial point for probing D1 if a second iteration
was used. Although the above-presented example is given in two dimensions, the process scales
upward to n dimensions.

2.2 Discussion of key features

AMBEL embodies six key features:

1. Search vectors are constrained to a single dimension. Searching a single dimension
at a time removes the need for making a priori decisions concerning relationships between
stimulus dimensions. This makes AMBEL suited for probing stimulus spaces in which relation-
ships between dimensions are unknown.

2. Best exemplars in each dimension are derived from goodness judgments taken from
three points contained in the search vector (initial point, left end point, right end point). In
principle, AMBEL allows for freedom of choice by the experimenter with regards to how the
goodness judgments are used to derive the “best point” on each search vector. In our lab, good-
ness judgments were recorded on a scale ranging from 0.01 to 1.00. A nonzero lower bound was
used to avoid division by zero when calculating the goodness ratio. In simulations and pilot
experiments, the location of the best point in a search vector was determined by taking the ratio
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Fig. 1. Example of a single iteration of the search algorithm procedure in a two-dimensional space. Boxed in regions
indicate current search vectors. If a second iteration were shown, the derived “best” point in the lower right panel
(crosses) would serve as the initial point for searching D1.

of the two highest goodness judgments and modulating it by the decreasing exponential func-
tion in Fig. 2 (solid line).

The location of the best point was expressed as a proportion of the distance between
the two stimuli with the highest goodness judgments as measured from the highest rated stimu-
lus. Modulating the goodness judgment ratio by the decreasing exponential in Fig. 2 (solid line)
has the advantage of moving the choice of the “best” exemplar toward the stimulus with the
highest goodness judgment further than would be true with a simple ratio (see the dotted curve
in Fig. 2). For example, if a simple ratio was being used and the goodness ratings were in a 2:1
relationship, the location of the derived best point would be 33% of the distance from the high-
est rated point to the second highest rated point. However, using the decreasing exponential
function in Fig. 2 to modulate the ratio, the derived best point is located at 10% of the distance.
This weighting biases the selection of the derived point toward a location that the listener has
already identified as being the best of the three stimuli that have been presented, and it also
allows movement away from the center of the space.

3. The estimate used for eliciting goodness judgments is retained between stimulus
presentations. The slider bar is not reset at the beginning of each stimulus presentation. Not
resetting the slider bar between goodness judgments allows for consecutively played stimuli to
be judged relative to one another. An additional consequence of this is that the search process
generates two additional pieces of data that are quite valuable. First, since the search vector end
points are always played consecutively within a dimension, the listener is directly comparing
the end points. Movement in the slider bar after presentation of the second end point, then
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“r” is shown on the horizontal axis, and the distance of the “best” exemplar from the stimulus associated with
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indicates the listener’s preference for changes in D1. These search vector end point preferences
provide useful data concerning listeners’ tendency of responding to differences in a particular
dimension. Second, the goodness of the derived best point can be directly compared to the
stimulus that immediately preceded it (one of the search vector end points). If the algorithm for
choosing derived best points is consistently steering the search into regions containing better
exemplars, the derived best point will have a goodness value that is the same or better than the
point that preceded it. This can be used as a post hoc test of the search algorithm’s performance.

4. Only a subset of a stimulus dimension is searched at a given time. A search vector is
large enough to choose acoustically very different stimuli, causing listeners to use a large range
of the slider bar when presented initial point and end point stimuli, but small enough to allow a
large set of possible stimuli to be played during the course of multiple iterations. In our simu-
lations and experiments, search vectors were constrained to a maximum length of 2/3 of a
stimulus dimension. In cases where the initial point was near an edge of the space, the side of
the search vector closest to the edge of the space was truncated.

5. All dimensions are probed before a dimension is probed again. Every dimension is
“tuned” before a particular dimension is tested again. In principle, a fixed or random ordering of
dimensions within an iteration can be used.

6. Multiple iterations of the search process are used to achieve convergence. The pri-
mary principle behind the proposed search method is that incremental progress made in each
individual dimension aids global convergence on a best exemplar. By iterating through all of the
dimensions multiple times, listeners are given multiple opportunities to steer the algorithm into
the proper portion of the space. Although more efficient approaches are possible, the robustness
of the proposed method, as well as the ability to identify effects of individual dimensions, seems
to offset these inefficiencies.

3. Results from simulations and pilot experiments

Oglesbee and de Jong (2006) present an analysis of the properties of the proposed search algo-
rithm obtained from simulations using random goodness judgments. They examined how the
probability of a particular stimulus being the final destination point of the algorithm is affected
by the initial starting location of the search, number of iterations, and number of stimuli in each
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Fig. 3. (Color online) Proportion of cases where the derived point goodness was the better, the same, or worse than
the stimulus preceding it. For each experiment, data were pooled across all listeners and categories tested. Error bars
indicate 1 s.d.

dimension. Results showed that if the number of iterations was sufficiently large, each stimulus
in a dimension has a nearly equal chance of being selected, although dimension end points were
mildly less likely to be selected than other points. This is a positive feature since it indicates that
the algorithm does not trap listeners against the edges of the stimulus space. If the initial point
of the search is located near the center of a dimension, convergence to the long-term shape of
the probability distribution is very rapid (approximately three iterations).

A second way to evaluate the effectiveness of the algorithm is to look at the derived
best point goodness data arising from experiments using human listeners. Figure 3 contains
histograms depicting the proportion of cases where the derived best point had a goodness judg-
ment that was better, the same, or worse as compared to the stimulus immediately preceding it.
If the algorithm selects better stimuli based on listener provided goodness judgments, then the
derived best point should have a goodness rating that is either the same or better than the pre-
viously presented stimulus. Since the slider bar is not reset between stimulus presentations, this
is a very accurate measure of the relative goodness of the derived best point with respect to the
stimulus preceding it. The data in Fig. 3 come from two experiments using AMBEL; experi-
ments 1 [reported in Oglesbee and de Jong (2006)] and 2 examined word initial labial stops in
five- and six-dimensional stimulus spaces, respectively. Experiment 1 was restricted to native
speakers of English (5 listeners), whereas experiment 2 probed English (3 listeners), Japanese
(3 listeners), and Korean (3 listeners).

In both experiments the derived best point goodness was the same or better than the
previously presented stimulus over 90% of the time. This gross measure of algorithm perfor-
mance indicates that AMBEL does in fact steer listeners into regions containing better exem-
plars.

Although the search process terminates at a specific point in a multidimensional
stimulus space, this is not the only useful type of data generated by AMBEL. A discussion of
additional types of data generated by the procedure can be found in Oglesbee and de Jong
(2006).

4. Conclusions
4.1 Limitations

It is important to note that AMBEL is not a “magic bullet” for studying categories in multidi-
mensional stimulus spaces. Rather, it is a first approximation tool that should be used to aid in
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the development of more sensitive lower dimensional studies. Also, the goodness judgments
elicited in the search process are meaningless in and of themselves. Since listeners are con-
stantly recalibrating their use of the slider bar, the numerical values of the goodness judgments
can only be used in a very restricted fashion. Namely, the goodness ratings of adjacently pre-
sented stimuli are the only ones that can be directly compared. Goodness ratings from near-
adjacent stimuli should be compared with great caution, and ratings from different iterations or
blocks should never be compared. (The only exception to this is that the last stimulus of an
iteration can be compared to the first stimulus of the following iteration).

4.2 Generalizability and usage

One drawback of Evans and Iverson’s (2004) algorithm is that their search method is specific to
the properties of their stimulus space, and prior estimates of general category locations in that
space. In contrast to this, the functioning of AMBEL is independent of the stimulus space being
searched. It allows for searches through n-dimensional acoustic, and even multimodal, stimulus
spaces. The only in principle constraint on the application of AMBEL is that it must be possible
to elicit gradient goodness judgments with regards to the categories being examined.

AMBEL is a potentially powerful tool for examining categories cross-linguistically.
Listeners from different language backgrounds can be tested on the same stimulus space, and
given the constancy of the stimulus space and search algorithm, differences in performance can
be attributed to subject characteristics (i.e., language background).
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variation along the vocal tract length as the statistically derived deformation
patterns reported in previous studies.
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1. Introduction

Statistical analyses of collections of tongue configurations or complete vocal tract shapes (i.e.,
area functions) have revealed that a small number of canonical deformation patterns (variously
referred to as factors, components, basis functions, or modes) can explain most of the variation
in vocal tract shape during vowel production (Harshman et al., 1977; Shirai and Honda, 1977;
Jackson, 1988; Johnson et al., 1993; Nix et al., 1996; Story and Titze, 1998; Hoole, 1999;
Zheng et al., 2003; Iskarous, 2005; Story, 2005; Mokhtari ef al., 2007). These deformation
patterns tend to exhibit similarities in shape across speakers and are related to specific formant
frequency patterns when superimposed on a mean or neutral vocal tract shape.

As an example, mode shapes (deformation patterns) and mean area functions deter-
mined with principal component analysis are shown by the dotted lines in Fig. 1 for the one
speaker of Story and Titze (1998) and the six speakers of Story (2005). The vocal tract length
has been normalized so they can be easily compared. The thick line in each plot indicates the
mean shape calculated across the seven speakers and is shown to summarize the general shape.
The two modes shown accounted for at least 85% of the total variance in each speaker’s collec-
tion vowel area functions. Mathematically, an arbitrary area function for a particular speaker
can be represented as

Vx) = fmm + 41610 + 2,0, (1)

where x is the distance from the glottis, {)(x) is the mean diameter function, ¢,(x) and ¢,(x) are
the modes, and ¢, and ¢, are the weighting coefficients." When used in Eq. (1) with a positive
weighting coefficient, the first mode ¢, for any of the speakers would have the spatial effect of
expanding the front portion of the vocal tract while constricting the back, whereas a negative
coefficient would have the opposite effect. Although there is variation among the speakers, in
any of the cases a positively weighted second mode ¢, would impose expansions in the lip and
midtract regions, and constrictions posterior to the lips [between 0.65 and 0.85 in Fig. 1(b)] and
just above the glottis. A negative coefficient would again create the opposite spatial effect.
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Fig. 1. (Color online) Mode shapes and mean area functions for seven speakers (dotted lines) from Story and Titze
(1998) and Story (2005), along with the [F1,F2] plot produced by each mode isolation. The vocal tract lengths have
been normalized to 1.0 so they can be overlaid for comparison purposes. The thick lines indicate the mean of the
given function in each plot. (a) First mode ¢;, (b) second mode ¢,, (c) mean area function (MAF) (7/4)Q?, and (d)
[F1,F2] trajectories produced by independently superimposing ¢; and ¢, on the MAF.

To demonstrate the effects of each mode on the first two formant frequencies (F1 and
F2), the mean ¢; and ¢, shown in Figs. 1(a) and 1(b) were superimposed on the mean vocal
tract shape [Fig. 1(c)] according to Eq. (1). The scaling coefficients were incrementally varied
as g,=[—4.5,4.0] while g,=0 and again as ¢,=[—2.5,2.5] while ¢,;=0. Formant frequencies
calculated for each of the series of area functions generated along the respective coefficient
continua are plotted in the [F1,F2] space shown in Fig. 1(d). Relative to the neutral position
denoted by the solid dot at [600, 1450] Hz, a negatively scaled —¢, decreases F1 while increas-
ing F2, whereas a positive scaling increases F1 and decreases F2. For ¢,, a negative scaling
coefficient will cause both F1 and F2 to decrease, whereas a positive scaling will have the
opposite effect. The end points of each [F1,F2] trajectory roughly correspond to the vowels [i &
au] in respective clockwise order, beginning in the upper left-hand corner of the plot. Although
this demonstration is somewhat artificial because it is based on average modes across speakers,
similar effects for F1 and F2 have been previously reported for all seven speakers. Various other

Brad H. Story: Vocal tract perturbation patterns



Brad H. Story: JASA Express Letters [DOI: 10.1121/1.2771369] Published Online 7 September 2007

studies have also reported principal component analyses of area functions that resulted in
modes shapes similar to those in Figs. 1(a) and 1(b) (Meyer ef al., 1989; Yehia et al., 1996;
Mokhtari et al., 2007).

Although the modes are statistical constructs that describe a specific set of vocal tract
data, their similarity across speakers suggests that they could represent some kind of general-
ized vocal tract shaping patterns that are produced and scaled by the speech motor system
during vowel production. But why is it that these particular mode shapes emerge from the analy-
ses of vocal tract data? It is possible that they are an artifact of the type of analysis performed.
For instance, if a covariance matrix generated from a set of vocal tract shapes takes on Toeplitz
form, the eigen-vectors (e.g., modes, components, basis functions) of that matrix will be sinu-
soidal (cf. Jolliffe, 2004) and could perhaps resemble the modes shown in Fig. 1. In such a case,
the modes could be expected to reconstruct the original data with small error, but may not be
related to anything specifically articulatory or acoustic. The systematic relation of the modes to
the first two formant frequencies, however, suggests that their shapes emerge in order to exploit
the acoustic properties of the vocal tract itself. In this view, the particular variation of each mode
along the length of the vocal tract should reflect some representation of the pressure and volume
velocity distribution that exists within the vocal tract at the resonance (formant) frequencies,
and would predict how those frequencies should change when each mode is superimposed on a
given vocal tract shape.

The concept that global changes in vocal tract shape during speech could be explained
by the acoustic properties of a uniform tube was established by Schroeder (1967) and Mermel-
stein (1967). Using considerations of potential and kinetic energy densities, both showed that a
uniform tube (i.e., an area function with constant area), of length comparable to a human vocal
tract, could be systematically perturbed with a superposition of a series of sinusoids to produce
area functions that supported a particular set of formant frequencies. Similar acoustic theory
was later used by Fant and Pauli (1975) to predict the direction of formant frequency change
when small perturbations were applied to a specific area function. They calculated acoustic
“sensitivity functions,” which quantify the difference between potential and kinetic energy at
each formant frequency as a function of the distance along the vocal tract. Thus, these functions
can be used to indicate which parts of the area function should be expanded or contracted in
order to move a formant frequency toward a desired value. Mrayati ef al. (1988) made extensive
use of sensitivity functions to develop a model, called the distinctive region model (DRM), in
which a uniform tube representation of the vocal tract could be divided into a small number of
regions (four to eight depending on the number of formants to be controlled), each of which
could impose a “distinctive” change in the formant frequencies when expanded or contracted.
Although the DRM was criticized for being too simplistic as a comprehensive model of speech
production (cf. Boe and Perrier, 1990), it clearly demonstrated that formant frequencies could
be efficiently moved when tube shape changes were roughly aligned with the distinctive re-
gions. More recently, Carré (2004) has reported similar results when the vocal tract tube shape
is perturbed with scaled versions of the sensitivity functions themselves, rather than the discrete
regions of the DRM. Carré (2004) emphasizes that the shape changes imposed on a uniform
tube that produce speech-like formant patterns are based purely on the acoustic properties of
that tube, i.e., other than approximate length, no a priori knowledge of the human vocal tract
was assumed. If such theoretically based shape changes are truly indicative of those produced
during speech, then they should be well correlated with vocal tract shaping patterns derived
from human articulatory data.

Using the factors derived from tongue configuration data reported by Harshman et al.
(1977), Fitch et al. (2003) developed a sinusoidal model of vocal tract shape. That is, two sinu-
soids were used to approximate the effect of the factors on the vocal tract area function. They
noted a correspondence between the shapes of linear combinations of the sinusoidal compo-
nents in the model and the variation of the sensitivity functions for F1 and F2. The implication
was this particular representation of articulatory patterns did indeed exploit the acoustic sensi-
tivity of the vocal tract. At nearly the same time, Ru et al. (2003) reported a similar sinusoidal
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model of the area function that was also based on the Harshman et al. factors. Whereas the goals
of this study were different than Fitch et al., an equivalence between the acoustic characteristics
of the vocal tract and the sinusoidal components was noted.

Although the area function-based modes share some similarities with the factors re-
ported by Harshman et al. (1977) and others, they are not identical, and hence their relation to
sensitivity functions is expected to be somewhat different. The purpose of this letter is to dem-
onstrate that each of the two modes derived from principal component analyses of area func-
tions (e.g., Fig. 1) corresponds to specific linear combinations of acoustic sensitivity functions.
It will be shown that such a correspondence provides some explanation as to why these common
mode shapes are observed across speakers for vowel production.

2. Sensitivity functions

As a demonstration case, sensitivity functions were calculated for the “mean of the mean area
functions” shown by the dark line in Fig. 1(c). This idealized mean area function, henceforth
referred to as “MAE” contains features typical of the mean area functions that have been cal-
culated for various speakers. For example, the initial 10% (0.1) of the normalized tract length
tends to coincide with small cross-sectional areas [approximately 0.4 cm? in Fig. 1(c)] and is
sometimes referred to as the epilaryngeal space. The pharyngeal portion extending from about
0.2 to 0.6 (of normalized length) is fairly constant with an area of about 1.5 cm?, whereas in the
oral cavity there is a moderate expansion.

For computational purposes MAF was represented by two vectors, a(i) and /(i), which
are the cross-sectional areas and lengths, respectively, of each of 44 sections (i=[1,...,44])
extending along the vocal tract from glottis to lips. Because the sensitivity function calculation
requires an actual vocal tract length (rather than a normalized length), the 44 sections of the
length vector were each assigned a value of /(i)=0.4 cm. This choice generates a total tract
length of 17.6 cm, which is typical of an adult male speaker. Although it may seem inappropri-
ate to impose a male tract length on an area function that is based on both male and female
speakers, the amplitude variation of the sensitivity functions along the tract length is unaffected
by uniform length scaling. Hence, the choice of section length is arbitrary and the normalized
length axis will be maintained for subsequent plots.

The method for calculation of sensitivity functions for this study was identical to that
described in Story (2006), in which pressures, flows, frequency response functions, and kinetic
and potential energies were determined with a transmission-line type model of the vocal tract
(e.g., Sondhi and Schroeter, 1987; Story et al., 2000) that included energy losses due to yielding
walls, viscosity, heat conduction, and acoustic radiation at the lips. The sensitivity of a specific
formant frequency to a change in cross-sectional area can be defined as the difference between
the kinetic energy and potential energy as a function of distance from the glottis, divided by the
total energy in the system (Fant and Pauli, 1975). A set of sensitivity functions S,(i) can be
determined for the resonance frequencies (formants), F,,, of any given area function a(i), where
n is the formant number. In theory, sensitivity functions, S,(i), can be used to compute the
change in a particular formant frequency (F,) due to perturbation of the area function (Aa) with
the relation

Ny .
A3 5,0°22, @

F n i=1 d(l)
where N is the number of sections comprising the area function. When the sensitivity function
S, (i) is positively valued and an area perturbation is also positive (i.e., area is increased), the
change in formant frequency will be upward. If the area change is negative (area decreased) the
formant frequency will decrease. When the sensitivity function is negatively valued, the oppo-

site effect occurs for positive or negative area perturbations, respectively.

The sensitivity functions, S; and S,, calculated for MAF are shown in Fig. 2(a). Each
line extends along the distance from the glottis to lips and indicates the relative sensitivity of the
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Fig. 2. (Color online) (a) Sensitivity functions calculated for the first two resonances of MAF [dark line in Fig. 1(c)],
(b) [F1,F2] trajectories produced by Eq. (4) with eight different settings of the z; and z, coefficients, (c) comparison
of ¢, (solid line) to the mean (—S;+S,) (dotted line) and mean (S;-S,) (dashed line), and (d) comparison of ¢,
(solid line) to the mean (S;+S,) (dotted line) and mean (—S;—S,) (dashed line). In (c) and (d), the sensitivity function
combinations have been linearly scaled so that they have roughly the same amplitude as the modes and those with
an asterisk have been flipped in polarity purely for visual comparison purposes.

first and second formants (F1 and F2) to a small perturbation of the area function [Aa(i)]. Using
S in Fig. 2(a) and Eq. (2) as a guide, it is observed that F1 could be increased by expanding the
area in the front half (0.5—1.0 of the normalized tract length) of the vocal tract. F1 could also be
increased by constricting the regions between the glottis and halfway to the lip termination.
Lowering F1 would require the opposite changes in area within the same regions. For S,, an
increase in F2 could be produced by expanding the regions between 0.25-0.6 and 0.9—1.0 of the
normalized length, and constricting the regions of the area function that extend from 0 to 0.25
and 0.6 to 0.9; lowering F2 would require the opposite changes in area.

3. Comparison of sensitivity function perturbations and vocal tract modes

The predictions afforded by the shapes of the sensitivity functions in Fig. 2 suggest that formant
frequencies could be controlled and positioned (in the acoustic domain) by perturbing the origi-
nal vocal tract shape with replicas of the sensitivity functions themselves (Carré, 2004; Story,

J. Acoust. Soc. Am. 122 (4), October 2007 Brad H. Story: Vocal tract perturbation patterns EL111



Brad H. Story: JASA Express Letters [DOI: 10.1121/1.2771369] Published Online 7 September 2007

20006). For example, direct superposition of S; on MAF would raise F1, whereas its opposite,
=S}, would lower it. Similarly, F2 could be controlled with a superposition of a scaled S, replica,
where +S, would increase F2 and —S, would decrease it.

It follows that simultaneous modification of F1 and F2 could be realized with a super-
position of both S} and §,. For example, when appropriately scaled to affect cross-sectional area
and superimposed on the original area function, the combination (S, —S,) would be expected to
alter the vocal tract shape such that F1 increases and F2 decreases. An arbitrary area function
can be described mathematically as

anew(i) = aO(i) + [ZISI (l) + ZzSz(i)], i= [1 sNareas]s (3)

where a,(i) is the area function on which S§,(i) and S,(i) are based, and a,.(i) is a new area
function generated by the superposition of the linear combination. The z; and z, are scaling
coefficients that, for the above-presented example, would be equal to 1 and —1, respectively.
Because the sensitivity functions are dependent on a particular vocal tract shape, the prediction
of formant frequency change is limited to small area changes. Thus, generating vocal tract
deformations comparable to those during vowel production requires an iterative perturbation
process in which a,,,(i) in Eq. (3) replaces a(i) in subsequent iterations. Equation (2) can be
recast as

ak+l(i) = ak(i) + [lelk(i) + ZZSZk(i)]a i= 1[1 9Nareas:|9 k= [O’NiterL (4)

where the a;(i)’s and S,,’s are area vectors and sensitivity functions, respectively, at successive
iteractions, and & is the iteration index, which ranges from 0 (to denote the initial area function)
to the number of desired iterations (Ny,).

Using Eq. (4) with MAF as the initial vocal tract shape (i), a series of area vectors
was generated for each of eight different settings of the z; and z, coefficients. These consisted of
all combinations of z;=[~1,0,1] and z,=[~1,0, 1] (except for [0,0]) where, in each case, area
vectors were generated for a maximum of 50 iterations or until the minimum area was equal to
0.2 cm?. The [F1,F2] formant trajectories corresponding to each coefficient setting are shown
in Fig. 2(b) as projecting outward from a central point determined by the formant frequencies of
MAF. The dotted and dashed lines indicate the effect of a perturbation based on only the posi-
tive and negative polarities S or S,, respectively, i.e., either z; or z, was zero. The S| trajectory
(dotted) primarily traverses the F1 dimension but does curve upward in F2 on the [1,0] side and
downward on the [-1,0] side. In contrast, the S, trajectory (dashed) moves mostly along the F2
dimension, but curves downward (in frequency) in the F1 dimension at both ends. The other two
trajectories, shown as solid lines in Fig. 2(b), are the result of the four linear combinations of
both S, and S, for which z; and z, were equal to either 1 or —1. The trajectory corresponding to
[-=1,1]and[1,—1]is nearly linear and extends from a region of low F1 and high F2 to a region
of high F1 and low F2, the end points of which would roughly correspond to the vowels /i/ and
/a/ or /9/. A nearly opposite change in formant frequencies is traced out by the trajectory corre-
sponding to [~1,—1] where F1 and F2 are both low, and [1,1] where both F1 and F2 are high.
This trajectory is also fairly linear and the end points would approximately correspond to the
vowels /u/ or /o/ at the lower left-hand corner and /ae/ at the upper right.

These latter two trajectories nearly replicate the paths through the [F1, F2] space pro-
duced by the ¢, and ¢, modes presented previously in Fig. 1(d). Since the initial area function
(MAF) was the same for both the mode-based and sensitivity-based perturbations, it should
follow that the perturbation shapes of either method should be similar. Shown in Fig. 2(c) are
the means of the linear combinations (S;—S,) and (—=S;+5S,) plotted along with the ¢; mode
from Fig. 1(a). For ease of visual comparison, the amplitudes of each function have been simi-
larly scaled and the polarity of the (=S, +S,) perturbation has been intentionally flipped. With
the exception of a zero crossing offset near the middle of the vocal tract and a slight difference
in amplitude at the lips, the two sensitivity-based perturbations appear to be nearly identical to
¢,. To quantify the similarity, a correlation coefficient (R) was calculated for each sensitivity-
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based perturbation relative to ¢, and resulted in both being equal to R=0.97. A similar plot is
shown in Fig. 2(d), where the ¢, mode is compared to the means of the linear combinations (
—S,—S,) and (S, +S,). Although the similarity is perhaps not as visually distinct as in the pre-
vious case, the correlation coefficients for the two sensitivity-based perturbations relative to ¢,
are 0.92 and 0.97, respectively. It can also be observed that each of the three perturbation func-
tions would generate expansions and constrictions in nearly the same locations along the tract
length. The main differences consist of slight offsets of the zero crossing locations and a greater
amplitude of the negative portions of (—S5,—S,) and (S;+5,).

4. Discussion

The results of this study suggest that the shape of the statistically based area function modes can
be approximately related to acoustic sensitivity functions with the following equivalences:

Tt =+S8-8) [FITF2]],
—p=(8+8,) [F1F27],
Tty =(+8,+S,) [FITF21],

—h=(8-5) [F1lF2]], (5)

where the directions of formant frequency changes due to a superposition of either a mode or
sensitivity function combination are shown in the right column. The implication is that the vocal
tract shaping patterns (i.e., ¢»; and ¢,) determined through statistical analyses of sets of area
functions represent essentially the same spatial variation along the length of the vocal tract as do
these linear combinations of the sensitivity functions. In either case, it is noteworthy that the
perturbations move F1 and F2 from a neutral location toward the corners of the vowel space that
approximately correspond to [i & a u]. Carré (2004) reported similar trajectories and noted that
shape changes based on sensitivity function combinations could achieve a given acoustic con-
trast more effectively than those based on a single sensitivity function. That is, vocal tract per-
turbation patterns that create simultaneous changes to both F1 and F2 provide an efficient
means by which to navigate the vowel space. Thus, the equivalence of the ¢, and ¢, modes with
particular combinations of S; and S, would seem to emerge because these shapes allow for
efficient traversal to the extreme regions of the acoustic vowel space.
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1. Introduction

Many problems involving wave scattering such as wave form inversion, experimental and in-
dustrial design, and nondestructive testing, require evaluation of the wave field response for a
suite of closely related models. While these models define material property distributions over
some volume V, changes between models may be restricted to a smaller subvolume Dg. Nev-
ertheless, repeated full wave form simulations for each entire model are often a necessity as
realistic strong multiple scattering rules out a Born approximation. This situation arises, for
example, in complex, multibody scattering problems where only one of the bodies changes
shape, material properties, or orientation (Schuster, 1985), or when the changes occur in the
vicinity of a free surface or otherwise strong scatterers such as fault planes (Robertsson and
Chapman, 2000). We suggest that this paradigm may be broken by combining a Kirchhoft-type
integral extrapolation with recent advances in wave field interferometry, resulting in an exact
boundary condition for model perturbations of arbitrary magnitude, shape, and size. This al-
lows wave field simulations to be restricted to a subdomain enclosing the changes while retain-
ing all interactions with the full volume.

Nonreflecting boundary conditions based on the Kirchhoff integral were first proposed
by Ting and Miksis (1986). By extrapolating the wave field from an artificial surface surround-
ing a scatterer to the boundary of the computational domain, exact boundary conditions were
found such that the computational domain could be truncated without generating spurious
boundary reflections. The boundary condition was implemented and tested by Givoli and Co-
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Background
scatterer

p°(x), K°(x)

sct

injection boundary B

Fig. 1. Definition of the extrapolation surface S and injection boundary B. Note that three events will contribute to
the boundary condition as denoted by arrows: (1) The incident wave field propagating in the background medium,
(2) the extrapolated waves that are incoming at the boundary and which radiate back into the subgrid, providing
long-range interactions, and (3) the extrapolated waves that are outgoing at the boundary (these will complement the
corresponding waves propagating on the subgrid).

hen (1995). Exploring the limiting case where the extrapolation surface coincides with the
boundary condition, Teng (2003) obtained a boundary integral equation that could be solved in
conjunction with the finite-difference scheme on the subgrid. However, in each case, only exte-
rior (outgoing) wave problems were considered, with nonreflecting boundary conditions out-
side the scatterer.

On the other hand, if one considers locally perturbed scattering problems, the bound-
ary condition between perturbed and unperturbed domains should treat both incoming and out-
going waves correctly. Schuster (1985) proposes a hybrid boundary integral equation plus Born
series modeling scheme that accounts for the long-range interactions between a scattering per-
turbation and the background by solving a surface boundary integral equation, and which rep-
resents the interaction between perturbations using a Born series. However, only homogeneous
backgrounds and interiors were considered. Finally, Robertsson and Chapman (2000) describe
a method to “inject” a wave field recorded during an initial simulation on the full background
model, which then drives the computation on the perturbed interior domain. Their boundary
condition correctly accounts for the interaction of the wave field on the subvolume, and between
the subvolume and the unperturbed background model, both of which can be arbitrarily hetero-
geneous. The only part of the wave field missing is that caused by interactions of the altered
wave field with the unaltered model outside the subvolume which propagate back into the sub-
volume and interact with the perturbations again—so-called high-order, long-range interac-
tions (Fig. 1, label 2)

The exact boundary condition presented here combines elements from the “injection”
and Kirchhoff extrapolation approaches: It uses an incident wave field as a boundary condition
to drive the simulation on the subvolume, but accurately models all high-order, long-range in-
teractions between the perturbed region and the background medium by updating the boundary
condition through the evaluation of a Kirchhoff-type integral involving full wave form Green’s
functions.

One of the main contributions of this letter, and a key enabler for the new method, is
the realization that the Green’s functions required for extrapolation through the background
model can be computed efficiently and flexibly using recent advances in wave field interferom-
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etry: By illuminating the model from a surrounding surface with a sequence of conventional
forward modeling runs, exact Green’s functions between any pair of points can be computed
using only cross correlations and summations (Wapenaar, 2004; van Manen ef al., 2005).

2. Scattering by an arbitrary inhomogeneous object

It is well known how the wave field scattered by an object with mass density p*(x) and com-
pressibility «(x), different from properties p°(x), k°(x) of the inhomogeneous medium within
which it is embedded, originates from the contrast in the material properties. Defining the scat-
tered wave field {p**,v;*"} as the difference between the total wave field {p,v;} propagating in
the perturbed model, and the incident wave field {p™,v\"} propagating in the background
model, it is straightforward to show that the scattered wave field quantities satisfy (Fokkema
and van den Berg, 1993):

sct _

akpsct+ poéth = (pO — pS)O”th, X € Dy, (1)

i+ K09 p™t=(° - K)dp, X € Dy, @

where d; and J, denote partial derivatives with respect to the kth spatial dimension (k
e 1,2,3) and time, respectively, and the Einstein summation convention for repeated indices is
used. Equations (1) and (2), show how the scattered wave field originates from body force
sources, (p—p*)d,v, and volume injection sources, (k°— k*)d,p, acting in the background me-
dium. However, the simplicity of Egs. (1) and (2) is deceptive since the source terms on the
right-hand side depend on the unknown fotal wave field quantities p and v, inside D Never-
theless, if the scattered wave field is known on a surface surrounding the scatterer, dD, then
Eqgs. (1) and (2) constitute an acoustic radiation problem and we have the following representa-
tion for the scattered pressure at any point, x%, outside Dy, (Fokkema and van den Berg, 1993):

xR ) = f f [GI(xR|x, 7= )i (x,0) + TIU(xR|x, 7— )p*U(x, 1) InydAdt,  (3)
0o Jap

sct

where GY(x®|x, 7—1) and T'{(x®|x, 7—1) are the Green’s functions for pressure and particle mo-
tion due to point sources of volume injection (¢ in the notation of Fokkema and van den Berg,
1993), respectively, in the background medium, dDg is the boundary of D, and n, are the
components of the normal to the boundary.

Ting and Miksis (1986) have shown how Eq. (3) can be used to predict outgoing waves
arriving at the boundary of a computational domain by extrapolating through free space the
scattered wave field from an auxiliary surface surrounding the scatterer to the boundary. This
involves substituting free-space Green’s functions and evaluating Eq. (3) at time-retarded val-
ues t—r/c (with r=distance, c=wave speed, and /¢ the travel time between the extrapolation
surface and the boundary). Because the waves arriving at the edge of the computational domain
are matched by the extrapolated waves, the boundary is nonreflecting.

3. Exact boundary conditions for perturbed scattering problems

If the scatterer occupies just a small part of the background model and the medium is inhomo-
geneous outside the extrapolation surface, ingoing waves resulting from interaction with the
background model will be present and the above-presented approach no longer yields the cor-
rect boundary data required to truncate the computational domain. However, Eq. (3) may still be
used to extrapolate the wave field to any point outside the extrapolation surface, as long as the
exact, full wave form Green’s functions for the inhomogeneous background model are used
instead of free-space Green’s functions. Multiple scattering between the perturbed region and
the inhomogeneous background model of the radiated wave field may then affect the boundary
data at all later times. We write Eq. (3) recursively to make the contribution of the scattered
wave field at time ¢ to all later times explicit. After discretizing the convolution integral in time
this gives
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PR Ln) =g (xR Ln— 1) + f [G9(xR|x,1 = n)vy(x,n) + T{xR|x,1 = n)p(x,n) In,dA,
aD.

sct

(4)

where a caret is used to differentiate between continuous time and sampled quantities. Note that
the integral over ¢ in Eq. (3) is implicit in the recursion in Eq. (4) and that the discrete-time
indices / and n correspond to 7 and ¢, respectively. Thus, to update the scattered wave field
pUxR,1,n—1) at x® at time step n of the computation for all future time steps />, one has to
scale the Green’s functions G(x®|x,/—n) and n,I'!(x?|x,/—n) by the current value of the nor-
mal component of particle velocity n;,vi(xn), and the pressure p(x,n) on the extrapolation
surface, respectively, and add this to the previously computed values at x*. Equation (4) needs
to be complemented by the incident wave field p™°(x%, n) to give the total wave field at x%. The
resulting boundary condition is exact and equivalent to the Neumann series solution to the
scattering problem (Snieder, 2002): It includes all orders of interactions between the back-
ground model and the perturbations.

To implement a wave field simulation on a limited region, Eq. (4) is used to update the
boundary condition at each point on the boundary of the truncated domain, using the scattered
wave field emitted from the perturbed domain at each time step. As in the method of Ting and
Miksis, outgoing waves are absorbed at the boundary, because they are matched by the bound-
ary condition. However, Eq. (4) also generates the desired incoming waves from higher order
interactions with the background model, which are subsequently radiated inwards into the sub-
grid as desired. We now show how to compute the Green’s functions in Eq. (4) required for
extrapolation efficiently.

4. Interferometry

In the interferometric method, waves at two receiver locations are correlated to find the Green’s
function between them (Weaver and Lobkis, 2001). Recently, it was shown that there is a strong
link between interferometry and reciprocity. Consider the acoustic reciprocity theorem of the
correlation type (Fokkema and van den Berg, 1993);

f [ B} + o p™ g = J

X

[Ct{f‘]"}f} + Ct{pAﬂ qB} + Ct{vg’ffs}

+ Ct{qA ’pB}]dVa (5)

where C{-} denotes temporal cross correlation. An interferometric representation for the pres-
sure due to a point source of volume injection, G4(x“!|x2, ), between points x* and x?, can be
derived by taking as state 4 the wave field generated by a point source of volume injection at x*:
' v(x,0={G7,T%}(x|x",1) and {¢*,f{}(x,0)={8() 8(x—x"),0} and state B the wave field
generated by a point source of volume injection at x%: {p® ,v?}(x,1)={G?,T%}(x|x?,#) and
(g2 2} (x,0)={ (1) S(x—xP) O},

Inserting these expressions into Eq. (5), performing the volume integrations, and using
reciprocity [G/(x*|x?,1)=G9(x5|x*,1) and T4(x|x®, 1) =—G}(x”| x, )] we find:
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GU(xB|x4, 1) + GI(xB|x,— ) =— j [GY(x"|x, 1) * G’,;(xB|x,— 1)
xedD

+ GL(x"|x, 1) * GU(xB|x,— 1)]ndA, (6)

where as asterisk denotes temporal convolution and G;{(XB |x,#) denotes the pressure in x® due
to a unidirectional point source force in the & direction at x. Similarly, an interferometric repre-
sentation for the pressure due to a point force source can be derived. By systematically illumi-
nating a model from the surrounding surface, while storing the wave field in as many points in
the interior as possible, full wave form Green’s functions can be computed for any pair of points
using only cross correlation and numerical integration (van Manen et al., 2005; 2006). This
allows the Green’s functions required to update the boundary condition to be computed effi-
ciently and flexibly for any subdomain, once the initial illumination has been stored every-
where.

5. One-dimensional example

The exact boundary condition is demonstrated in an example using a staggered finite-difference
approximation of the one-dimensional acoustic wave equation. The model consists of a single
scattering layer (propagation velocity c,=1750 m/s, mass density p,= 1250 kg/m?) embedded
in a homogeneous background medium between 130 m and 170 m depth (c,=2000 m/s, pgy
=1000 kg/m?) and with a free surface at the top.

Since the model is one dimensional and bounded by a free surface at the top, a single
source at the bottom of the well is sufficient to illuminate the model completely. Thus, only two
conventional forward modeling runs were performed (one for each source type) and the data
stored at every gridpoint. Nonreflecting boundary conditions were used just below the source to
truncate the computational domain. Given the data of these two initial simulations, Green’s
functions between arbitrary points in the well can be computed using Eq. (6).

An incident wave field was calculated using interferometry, for a volume injection
source at 50 m depth, and receivers collocated with the pressure points at the edge of the
planned truncated computational domain. Since the finite-difference calculations are done on a
staggered grid, whereas the Kirchhoff integral (and also the integral in the interferometric con-
struction) is evaluated for the pressure and particle velocity quantities collocated in space and
time, care should be taken that the required pressure and particle velocities are linearly interpo-
lated to the same location and time.

Auxiliary extrapolation “surfaces” were defined just above and below the perturbation
at 125 and 175 m depth, corresponding to boundary S in Fig. 1. Next, the model was signifi-
cantly perturbed by increasing the velocity by 500 m/s and the density by 250 kg/m? (both
changes greater than 25%) in the scatterer. Since there is a free surface, waves scattering off the
perturbation will reflect at the free surface and repeatedly interact with the perturbation. Thus,
high-order, long-range interactions will be present, ruling out a Born approximation or conven-
tional finite-difference injection to compute the response on the perturbed model.

To compute the response using the new methodology, the computational domain was
truncated 15 m above and below the extrapolation points (at 110 and 190 m depth, respectively)
corresponding to boundary B in Fig. 1. The offset of 15 m between the extrapolation surface
and the boundary of the truncated domain was chosen to prevent errors due to the diffraction
limit inherent in the interferometric Green’s functions (de Rosny and Fink, 2002). Without loss
of generality, we opted for a pressure (Dirichlet) boundary condition at the edge of the truncated
computational domain and collocated the evaluation points of the Kirchhoff integral with the
(staggered) F'D pressure points at the edge of the grid. Thus, Green’s functions for extrapolation
through the background model need to be computed between all combinations of points with
one point on the extrapolation and one point on the “injection” surface (i.e., between 125 and
110 m, 125 and 190 m, 175 and 110 m, and 175 and 190 m) and for both pressure-to-pressure
and particle velocity-to-pressure interactions, giving a total of eight extrapolation Green’s func-
tions for this simple one-dimensional example.
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Fig. 2. Comparison of the proposed exact boundary condition and conventional FD injection to a directly computed
reference. (a) Pressure, directly computed for the perturbed model by FD on the full grid. (b) Pressure, computed
using the new method on the subgrid D. (c) Difference between (a) and (b) for the extent of the subgrid
(110-190 m). (d) Pressure on the subgrid D, computed using conventional FD injection. (e) Difference between (a)
and (d) for the extent of the subgrid (110-190 m).

In practice, the Kirchhoff extrapolation is evaluated for every time step of the finite-
difference simulation on the truncated perturbed domain and the resulting seismograms used to
update the buffer of future boundary values [Eq. (4)]. The next sample from the buffer is then
used as the BC for the subsequent time step in the FD calculation. The wave field on the per-
turbed grid resulting from the new boundary condition is shown in Fig. 2(b). Note that no
additional absorbing boundary conditions were used outside the new exact boundary condition.
The resulting pressure wave field can be compared to a reference wave field in Fig. 2(a) calcu-
lated by a full D simulation across the entire domain. In Fig. 2(c), the difference between Figs.
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2(a) and 2(b) is shown. The first high-order long-range interactions start between 0.2 and 0.24 s
(depending on the depth). Thus, the high-order long-range interactions are reproduced exactly.

The main advance embodied in this method is to include all high-order, long-range
interactions between the scattered wave field and the background medium. We therefore com-
pare the results in Figs. 2(b) and 2(c) with corresponding results using the wave field injection
method of Robertsson and Chapman (2002), shown in Figs. 2(d) and 2(e). That method only
includes first-order, long-range interactions and hence, while the wave field simulated on the
subdomain matches well at times up to 0.2 s, the arrival of the first, higher-order interaction
thereafter causes errors in the local simulation. These are the errors that are removed by the new
method.

6. Conclusion

The presented boundary condition is exact and can be used to compute the response, including
all high-order, long-range interactions, to arbitrary perturbations in inhomogeneous models.
There are no restrictions on the medium between the extrapolation surface and the boundary of
the truncated computational domain as long as it is exactly the same as in the background
model. No additional absorbing boundaries are necessary and no special functions need to be
evaluated. It is possible to extend the method to cases where multiple, distinct subdomains of
the model have been perturbed. In this case, the main result [Eq. (4)] is still valid but it should be
used to update the boundary conditions at all boundary points around all subdomains at each
time step, with wave fields extrapolated from boundary dD, which then spans the extrapola-
tion surfaces of all subdomains. Thus, the presented approach also explicitly models the cross
interactions between different finite-volume scattering regions. A key enabling feature of the
new method is that the Green’s functions required for extrapolation through the background
model can be computed efficiently and flexibly using wave field interferometry. Finally, in prin-
ciple the method can be extended to electromagnetic and elastic wave propagation.
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Abstract: The flow inside a thermoacoustic couple is investigated experi-
mentally using particle image velocimetry. Measurements show the oscilla-
tion of the shear layers flowing out of a single stack, thus forming an asym-
metric vortex street at high driving amplitudes. Development of vortices is
also observed within the gap of a thermoacoustic couple. It causes the flow
not to repeat from one acoustic period to another. The nonperiodicity of the
flow will lead to unsteady heat transfer between the stack and heat exchang-
ers and to the oscillation of the cooling load.
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1. Introduction

The design of appropriate heat exchangers is a crucial issue for the development of efficient
thermoacoustic systems. Recent numerical studies (Marx, 2003; Besnoin and Knio, 2004) have
shown that heat transfer through the gap between a thermoacoustic stack and a heat exchanger
is strongly coupled with the flow patterns in this area. The improvement of thermoacoustic
system performances requires a better understanding of such flows, especially at high ampli-
tudes when nonlinear effects become more important (Poese and Garrett, 2000). The flow be-
hind a single stack has been investigated experimentally by Wetzel and Herman (2000), Duf-
fourd (2001), and Berson ef al. (2007), showing vortex generation close to the end of the stack
plates at low amplitude. Such flow is responsible for minor losses and energy dissipation as was
explored by Waxler (2001), Wakeland and Keolian (2002), and Smith and Swift (2003).

After a brief description of the experimental setup, this study presents particle image
velocimetry (PIV) measurements behind a single stack. Vortex shedding at high acoustic pres-
sure level is reported and dimensionless numbers are estimated. The last part investigates the
flow between two adjacent stacks separated by a gap as a model for a stack coupled to a heat
exchanger. The results show that, at high amplitudes, vortex shedding causes the flow in the gap
not to be repeatable from one acoustic period to another. A direct consequence will be the
oscillation of the cooling load, as was demonstrated in the numerical studies by Besnoin (2001).

2. Experimental setup
2.1 The thermoacoustic refrigerator

Experiments are conducted in a quarter-wavelength standing-wave thermoacoustic refrigerator.
The resonator is a closed cylindrical tube of length =150 mm and diameter 2R=30 mm. A
25-mm-long part of the resonator is made of specially polished glass in order to ensure high
quality optical access for PIV measurements. The system is driven by a GELEC EDM8760F
loudspeaker that is connected to the resonator by an exponential adaptation horn. The fluid
inside the resonator is air at atmospheric pressure. The driver delivers acoustic pressure levels
up to P,.=5000 Pa at the acoustic resonance frequency f,.,~460 Hz. Acoustic pressure is
monitored by a 1/4 in. Bruel & Kjaer microphone flush mounted at the closed end of the reso-
nator.

Thermoacoustic stacks are hand-made of thin glass plates separated by plastic spacers.
Three different types of stacks have been built, which are hereafter referred to as stacks A, B,

EL122 J. Acoust. Soc. Am. 122 (4), October 2007 © 2007 Acoustical Society of America



Berson and Blanc-Benon: JASA Express Letters [DOI: 10.1121/1.2771370] Published Online 17 September 2007

Table 1. Characteristics of the different stack configurations. / is the plate length, y, is the plate spacing, ¢, is the
plate thickness, BR=yo/(yo+eo+Ssoriq) is the blockage ratio, Sy.;q is the area of the support and 8,=/v/(7f,) is the
viscous boundary layer thickness, with v the kinematic viscosity of the fluid.

Stack A B C D E

[ (mm) 18 18 24 25
yo (mm) 0.41 0.27 0.42 1 0.93
¢y (mm) 0.17 0.17 0.17 1 0.47
BR 0.39 0.34 0.62 0.5 0.66
Jres (Hz) 461 455 464 210 110
8, (mm) 0.10 0.10 0.10 0.15 0.21

and C. Their geometrical characteristics are summarized in Table 1. Data for stacks D and E,
which are also reported in Table 1, are taken from the experimental work presented in Berson et
al. (2007) and from the numerical simulations of Besnoin and Knio (2004). Further details
about configurations D and E can be found in these references. In the present configurations, the
hot end of the stack is located at x,=65 mm (x;, being the distance from the closed end of the
resonator). Additional tests were performed with stack A located at x;,=115 mm. The investi-
gation of the flow between two coupled stacks refers to two type-A stacks. In this case, a first
stack is located at x,=65 mm and a second one is placed just behind and closer to the closed end
of the resonator. Care was taken to make the plates of both stacks as parallel as possible with
respect to each other. Adequate plastic spacers separate both stacks, ensuring gap width of
approximately g=0.7, 1.3, or 2.3 mm between the plate ends. Although these locations are not
optimal for the thermoacoustic effect, we believe that the general behavior of the flow hardly
depends on the temperature gradient along the stack and is mostly aecrodynamical.

2.2 The PIV measuring system

Measurements are performed with a LaVision™ digital camera and a 12X Navitar zoom lens.
The measurement area is in a plane perpendicular to the stack plates and parallel to the resona-
tor axis. Its size ranges from 10 X 8 mm? down to 2.5 X 3 mm?. A dual-resonator Nd: YAG laser
illuminates the flow field that is seeded with droplets of parrafin oil smoke. Data acquisition is
synchronized with the signal driving the loudspeaker and we perform phase averaging to over-
come the sampling frequency limitations of the acquisition system. An acoustic period is de-
composed in 32 equally spaced phases @, where ®=0° corresponds to the instant when acous-
tic pressure is zero and velocity is maximal, the flow being directed toward the loudspeaker. For
each selected phase, velocity fields are averaged over 50 instant measurements. A more detailed
description and the validation of this PIV measurement technique can be found in Duffourd
(2001), Blanc-Benon et al. (2003), and Berson et al. (2007). For analysis purposes, we calculate
two-dimensional vorticity fields {) and I',=2/ 7 contours from phase-averaged velocity mea-
surements. I', function is a nondimensional quantity defined at a point M of the space as

1
Fz(x)zgff sin dei'dxj’, (1)
M eS

with S the integration domain, centered on M. M’ belongs to S and its coordinates are x’. #1is the
angle between x’ —x and u(M’)—u(M), u(M) being the velocity at coordinate M. Subscripts i
and j refer to the vector components in the plane. I', function is comprised between 2/ and 1
when the flow is locally dominated by rotation, thus allowing one to detect vortex boundaries. A
complete description of I'; function is given in Graftieaux et al. (2001).
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Fig. 1. (Color online) Vorticity fields Q(s™') and I';=2/7 contours behind stack A. ®=225°. Top panel: P,
=1000 Pa, bottom panel: P,.=4000 Pa. The black dashed line represents the distance 2d,. away from the plate edge.
Note that the color scales are different for improved readability.

3. Results and discussion
3.1 Oscillation of the flow behind a single stack at high amplitudes

The flow field behind a single stack has been previously investigated experimentally by Duf-
fourd (2001) and Berson et al. (2007) for low acoustic pressure level configurations (P,
<2000 Pa). Vortex shedding was observed in Berson et al. (2007) in the case of thick stack
plates (ey/ 8,~ 7). With more practical and thinner plates (e,/5,<2), as is the case here, no
vortex shedding was observed in the range of acoustic velocity investigated at the time.

Figure 1 shows vorticity fields and I',=2/ contours of the flow behind stack A at
phase ®=225° for P,,=1000 Pa and P,.=4000 Pa. Measurements are phase-averaged over 50
images. A movie of the complete acoustic period is available in Mm. 1. Note that due to a slight
shift in the laser alignment with the stack plates, the flow within the channels of the stack is not
measured accurately. Such flow is detailed in Duffourd (2001) and Berson et al. (2007). The
measurements of the flow behind the stack are not affected by this shift.

Mml: Vorticity fields () (s™') and I';=2/ 7 contours behind stack A along an acoustic period (from
®=0° to 360°). Sampling frequency: 1/22.5° except between ®=135° and 315° where sampling
frequency is doubled. Top: P,.=1000 Pa, bottom: P,.=4000 Pa. Note that the color scales are
different for improved readability. The black dashed line represents the distance 2d,, away from the
plate edge. This is a file of type “avi” (5.9 Mbytes).

Acoustic velocity amplitudes u,.(x;) corresponding to P,.=1000 Pa and P,
=4000 Pa at the stack location x;,=115 mm are u,.(x;,)=2 ms ' and u,.(x,)=8 ms !, respec-
tively. At P,.=1000 Pa, vorticity layers extend out of the stack during the expulsion phases
(when the fluid is flowing out of the hot side of the stack), thus prolongating the oscillating
boundary layers that develop along the stack plates. At P,,=4000 Pa, we observe that the vor-
ticity layers outside the stack oscillate and generate asymmetric streets of counter-rotating vor-
tex pairs shedding away from the stack. In the range of acoustic velocities studied here, oscil-
lation of the vorticity layers occurs only during the phases when the fluid flows out of the stack
and decelerates due to the acoustic standing wave (from ®=180° to ®=270°). Note that gravity
is directed perpendicular to the measurement plane so that buoyancy should not be responsible
for these oscillations. We also notice that, in all the configurations tested in this study, the vor-
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Table 2. Reynolds number and formation number at onset of vortex shedding and Strouhal numbers based on various
characteristic lengths for different stack configurations.

A A
Stack (x,=65 mm) (x,=115 mm) B C D E
Regp 94 99 108 60 102
- 6.4 6.8 9.4 6.0 112
St5v 0.12 0.12 0.14 0.11 0.07 0.10
Stgo 0.20 0.20 0.25 0.19 0.44 0.23
St 0.48 0.48 0.39 0.46 0.44 0.46

Yo

ticity layers never extend further than two acoustic displacements away from the stack edge
(indicated by a dashed line in Fig. 1). An acoustic displacement d,.(x) =u,.(x)/ w is the distance
a fluid particle can travel during an acoustic half-period.

Dimensionless numbers are calculated in order to provide a better insight into the
phenomenon of vortex shedding behind the stack. We define a Reynolds number Re based on
viscous boundary layer thickness and velocity amplitude inside the channels of the stack, as
proposed by Merkli and Thomann (1975):

[~ Uac Oy

Re=12 , 2
e=\2pp ()

where v is the kinematic viscosity of air. The viscous boundary layer thickness J, and blockage
ratio BR are given in Table 1 for each configuration. Merkli and Thomann (1975) found that
onset of turbulence in oscillating flows occurs when Re =400 approximately. The highest Rey-
nolds number achieved during these experiments is Re=~198. As it is well below the critical
Reynolds number the flow remains laminar, even though vortex shedding occurs. Reynolds
numbers corresponding to the onset of vortex shedding Re,, . are presented in Table 2. Re
is the Reynolds number calculated at the lowest acoustic pressure level that was tested for which
vortex shedding occurs. We consider that shedding occurs when at least two consecutive pairs
of counter-rotating vortices detach from the stack. According to the collected data, there is no
critical Reynolds number value for the onset of oscillation.

Different Strouhal numbers are also presented in Table 2. Strouhal numbers are de-

fined as
_JsheaD _ D

, 3
uconv Ax ( )
where fy.q 1S the shedding frequency, u,,, is the convection velocity of vortices, Ax is the
distance between two consecutive pairs of vortices, and D is one of the characteristic lengths &,
eg and y,. For each configuration, Strouhal numbers are averaged over all the phase-averaged
velocity fields corresponding to this configuration. We observe that the Strouhal number does
not depend on the Reynolds number for a given stack configuration. It is noticeable that Strou-
hal numbers calculated with D=y, take very close values, St, =~ 0.44£10%, for the different
configurations tested in this study.

Another approach would be to estimate the formation number 7, znset=2dac/ y, corre-
sponding to the onset of vortex shedding. Indeed, in the case of vortex rings, it has been dem-
onstrated that the detachment of the head vortex from the outflowing jet always occurs at 7"
=4 (Gharib et al., 1998; Zhao et al., 2000). But, from the measurements reported in Table 2, no
such universal value could be found. A more extensive study covering a larger range of geom-
etries would be required to obtain more general laws between the geometry of the stack and the
flow behind it, and possibly define a criterion for the onset of shedding.

St,

3.2 Loss of periodicity of the flow in the gap between two facing stacks due to vortex shedding

An analytical model (Gusev et al., 2000) and recent computational studies (Marx and Blanc-
Benon, 2004; Besnoin and Knio, 2004) have demonstrated that a gap between the stack and
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Fig. 2. Standard deviation averaged along an acoustic period and over the gap area at different acoustic pressure
levels. O: g=0.7 mm, [J: g=1.3 mm, and ¢: g=2.3 mm.

both heat exchangers (hereafter referred to as “the gap”) is favorable to the performances of the
thermoacoustic system. Mm. 2 shows vorticity fields and I';=2/ contours of the flow in the
gap along an acoustic period, for four cases corresponding to P,.=1000 Pa with gap widths
g/(2d,.)=0.8 and 2.6, and P,.=5000 Pa with gap widths g/(2d,.)=0.2 and 0.5. The hot side of
the stack represented on the left in Mm. 2 is located at x,=65 mm. Measurements are phase-
averaged over 50 images.

Mm2: Vorticity fields Q (s™!) and [',=2/ contours in the gap along an acoustic period (from ®
=0° to 360°). Sampling frequency: 1/22.5° except between ®=135° and 315° where sampling
frequency is doubled. Top: P,.=1000 Pa, bottom: P,.=5000 Pa, left: g=0.7 mm, right: g
=2.3 mm. Note that the color scales are different for improved readability. The black dashed line
represents the distance 2d,, away from the plate edge. This is a file of type “avi” (5.9 Mbytes).

At P,.=1000 Pa, vortex shedding does not occur. When g > 2d,, a fluid particle flow-
ing outside one stack never reaches the other stack and the flow is not disturbed by the presence
of another stack. When g<<2d,, the boundary layers flowing from one stack channel extend
through the gap toward the facing channel of the other stack. The flow behaves as if there were
virtual stack plates in the gap. At P,,=5000 Pa, vortex shedding occurs in the gap and the flow
is similar to the flow behind a single stack described in Sec. 3.1. As Besnoin and Knio (2004)
have shown, the disturbance of the flow within the gap will affect heat transfer between the stack
and the heat exchangers.

We calculate the relative standard deviation of velocity measurements w4 that we de-

fine as
12

N
1< -
) ]ng{ (@) = u,(x)* | (4)

ustd(x) =

where (x) is the phase-averaged velocity calculated over N=50 instant velocity measurements
u,(x) performed for each phase. By definition, since measurements are phase-locked, a per-
fectly periodic phenomenon has zero standard deviation. Figure 2 shows velocity relative stan-
dard deviation averaged along an acoustic period and over the gap area (ugq4(x;)) for three dif-
ferent acoustic pressure levels and various gap widths. Relative standard deviation is
approximately 6.5% and 9.5% at P,.=1000 Pa and P,.=3000 Pa, respectively. The flow is quite
repeatable from one acoustic period to another at low acoustic pressure level, regardless of the
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gap width. At high amplitudes P,.=5000 Pa, relative standard deviation increases with gap
width, attaining (ugq4(x,))=29% for g/2d,.=0.5. The flow is no longer periodic. This confirms
the results obtained numerically by Besnoin (2001). As the flow within the gap does not repeat
from one acoustic period to another, the average heat transfer through the gap is no longer
steady, and oscillation of the cooling load will occur at high driving amplitudes.

4. Conclusion

This study shows the nonperiodic character of the flow within the gap between two coupled
stacks as a model for a stack-heat exchanger couple in a thermoacoustic refrigerator driven at
high amplitudes. PIV measurements are first conducted behind a single stack where vortex
shedding is observed at high acoustic pressure level. The estimation of dimensionless numbers
highlights instructive features of this phenomenon that should help in defining a criterion for the
onset of vortex shedding in further studies. Standard deviation of velocity measurements shows
that the flow between two coupled stacks is not repeated from one acoustic period to another at
high acoustic pressure level. This loss of periodicity will lead to the oscillation of cooling load,
as Besnoin (2001) has shown. Future works will include a more extensive study of the onset of
oscillation of vorticity layers behind the stack and heat flux measurements on heat exchangers.
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Abstract: A new noise reduction algorithm is proposed for cochlear im-
plants that applies attenuation to the noisy envelopes inversely proportional
to the estimated signal-to-noise ratio (SNR) in each channel. The perfor-
mance of the proposed noise reduction algorithm is evaluated with nine
Clarion CII cochlear implant patients using IEEE sentences embedded in
multi-talker babble and speech-shaped noise at 0—10 dB SNR. Results indi-
cate that the sigmoidal-shaped weighting function produces significant im-
provements to speech recognition compared to the subjects’ daily strategy.
Much of the success of the proposed noise reduction algorithm is attributed
to the improved temporal envelope contrast.
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1. Introduction

Although many cochlear implant (CI) users are enjoying high levels of speech understanding in
quiet environments, noisy listening conditions remain challenging for most. A number of pre-
processing noise-reduction algorithms have been proposed for cochlear implants over the years
(Yang and Fu, 2005; Loizou et al., 2005; Loizou, 2006; Van Hoesel and Clark, 1995; Wouters
and Vanden Berghe, 2001). The preprocessing approach to noise reduction, however, has three
main drawbacks: (1) preprocessing algorithms sometimes introduce unwanted distortion in the
signal, (2) some algorithms (e.g., subspace algorithms) are computationally complex (and con-
sequently power hungry) and do not integrate well with existing CI strategies, and (3) it is not
easy to optimize the operation of a particular algorithm to individual users.

Ideally, noise reduction algorithms should be easy to implement and be integrated into
existing coding strategies. In this paper, we propose a simple noise reduction algorithm that can
be easily integrated in existing strategies used in commercially available devices. The proposed
algorithm fits into the general category of algorithms that perform noise suppression by spectral
modification (e.g., spectral subtraction, Wiener filtering—see review in Loizou, 2007). The en-
hanced envelopes are obtained by applying a weight (taking values in the range of 0 to 1) to the
noisy envelopes of each channel. The weights are chosen to be inversely proportional to the
estimated SNR of each channel. Envelope amplitudes in channels with high SNR are multiplied
by a weight close to one (i.e., left unaltered), while envelope amplitudes in channels with low
SNR are multiplied by a weight close to zero (i.e., heavily attenuated). The underlying assump-
tion is that channels with low SNR are heavily masked by noise and therefore contribute little, if
any, information about the speech signal. As such, these low-SNR channels are heavily attenu-
ated (or annihilated) leaving only the high-SNR channels, which likely contribute more useful
information to the listener.

¥ Author to whom correspondence should be addressed: Department of Electrical Engineering, University of Texas at
Dallas, P.O. Box 830688, EC 33, Richardson, TX 75083-0688.

EL128 J. Acoust. Soc. Am. 122 (4), October 2007 © 2007 Acoustical Society of America



Hu et al.: JASA Express Letters [DOI: 10.1121/1.2772401] Published Online 17 September 2007

ﬁz’fg ass Envelope Detection Compression
X X LPF Nonli
. g _|' [N onlnear |,
g(i}=t(SNR;)
i . Weighting
noise
i | envelope tS NF;- r——* function
i | tracking estimation | SNR; | computation

Fig. 1. Block diagram of the proposed noise reduction for the ith channel.

2. Experimental design
2.1 Subjects

A total of nine postlingually deafened Clarion CII implant users participated in this experiment.
All subjects had at least 3 years of experience with their implant device. Most subjects visited
our lab two times. During the first visit, all nine subjects were tested on music perception tasks
and other psychophysical tasks unrelated to the current investigation. Due to the limited time
available, the subjects were also tested on a single noise condition (5 dB SNR babble). Subjects
were subsequently invited again to our lab, but due to various reasons (e.g., health, schedule
conflicts), only five of the nine subjects were able to visit our lab to continue the testing for the
other noise conditions.

2.2 Noise-suppression algorithm

Figure 1 shows the block diagram of the proposed noise reduction algorithm. The noisy speech
signal is bandpass filtered into 16 channels and the envelopes are detected in each channel after
full-wave rectification and low-pass filtering (200 Hz, sixth-order Butterworth). The noisy en-
velopes in each channel are multiplied by channel-specific weighting functions taking values in
the range of zero to one depending on the estimated SNR of that channel. The envelopes attenu-
ated by the channel weighting functions are smoothed with a low-pass filter (200 Hz) and log-
compressed to the subject’s electrical dynamic range. The low-pass filter is used to ensure that
the enhanced envelopes are smoothed and are free of any abrupt amplitude changes that may be
introduced by the application of the time-varying weighting function.

There are two major components in the proposed algorithm: SNR estimation and com-
putation of the weighting function, which in turn depends on the estimated SNR. These com-
ponents are discussed next.

2.2.1 Weighting function

We considered using a weighting function that applies heavy attenuation in channels with low
SNR and little or no attenuation in channels with high SNR. With that in mind, we chose to use
the following sigmoidal-shaped function:

g(i,1) = e PED, (1)

where B=2, g(i,[) is the weighting function (0<g(i,[)=1), and &(i,/) denotes the estimated
instantaneous SNR in the ith channel at stimulation cycle /. This weighting function plateaus at
one for SNR >20 dB and floors to 0 for SNR <—5 dB. The above function was chosen as it has
a sigmoidal shape similar to the human listener’s psychometric function of intelligibility versus
SNR. Other functions with similar shape could alternatively be used. Following the weighting
function computation in Eq. (1), the enhanced temporal envelope is obtained by
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Fig. 2. (Color online) Example plots of attenuation (top panel) applied over time to the noisy envelope (middle
panel) to obtain the enhanced envelope (bottom panel) for an IEEE sentence embedded in 5 dB SNR babble. The
clean envelope is superimposed (dashed lines) in the bottom panel for comparison.

x(i,0) =g(i,0) - y(,0), 2)

where y(i,/) is the noisy envelope of the ith channel at cycle / and X(i,/) contains the enhanced
signal envelope. The enhanced envelope x(i, /) is smoothed by the same low-pass filter (200 Hz
cutoff frequency) used in the envelope detection, and finally log compressed to produce the
electrical amplitudes for stimulation (see Fig. 1). The low-pass filter is used to ensure that the
enhanced envelopes are smoothed and are free of any abrupt amplitude changes that may be
introduced by the application of the time-varying weighting function.

Figure 2 shows an example plot of the noisy speech envelope in comparison with the
enhanced speech envelope for an IEEE sentence (“Every word and phrase he speaks is true.”) in
5 dB SNR babble. Only the envelopes for channel 1 (center frequency=398 Hz) are plotted. The
top panel (Fig. 2) shows the attenuation values applied to the noisy envelope. For the most part,
the attenuation values (i.e., weights) were near one for envelope peaks and close to zero for
envelope valleys. The envelope peaks were thus left unaltered while the valleys were attenuated.
The resulting enhanced envelope (bottom panel in Fig. 2) had improved temporal envelope
contrast. It should be noted that the processed stimuli were not intermittent despite the envelope
dips seen in Fig. 2. When a weight of zero is applied to the noisy envelopes, the resulting
envelope amplitude is set to the corresponding (electrical) threshold value and not to zero. The
dips seen in the enhanced envelopes (Fig. 2) of channel 1 are due to the silence/closures already
present in the original clean stimulus (also shown in bottom panel of Fig. 2) or to high-
frequency consonants (e.g., /s/).

2.2.2 SNR estimation

The computation of the weighting function in Eq. (1) depends on the estimation of the instan-
taneous SNR &(i,/) of channel i at cycle /, which is obtained using a variant approach reported
by Ephraim and Malah (1984):

2,1 1) B . _ _
HiD) = a—ﬁz(i,l— D +(1 — a)max(y(i,]) - 1,0), i=10(f=1.8 kHz), 3)
max(y(i,]) — 1,&), i>10(f> 1.8 kHz),
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where x(i,/—1) is the enhanced signal envelope obtained in the last stimulation cycle, € is a
small constant (107%) needed to avoid possible division by zero in Eq. (1), (i, ) is the estimated
envelope amplitude of the noise obtained using a noise-tracking algorithm (Cohen and Ber-
dugo, 2002), a is a smoothing parameter (0 < a< 1), and ¥(i,/)=y?(i,[)/#%(i,I). The reason for
using different methods for estimating the SNR for high (i>10) and low (i=10) frequency
channels is to allow for faster tracking of sudden changes to the instantaneous SNR in the high
frequency channels and relatively slower changes to the instantaneous SNR in the low fre-
quency channels. Unlike Ephraim and Malah (1984) who used a high value for a («=0.98), we
found that a smaller smoothing constant was necessary for faster tracking of the instantaneous
SNR, which is computed on a sample-by-sample basis rather than every 20-ms frame. In our
study, the smoothing parameter « was set to @=0.4 and «=0.6 based on pilot experimental data.
A noise-estimation algorithm (Cohen and Berdugo, 2002) is used to continuously track and
update the noise envelope amplitude 7(i,/) even during speech activity.

2.3 Procedure

The listening task involved sentence recognition in noise. IEEE sentences (IEEE, 1969) cor-
rupted in multi-talker babble (ten female and ten male talkers) and speech-shaped noise were
used in the test. Subjects were tested in four different SNR levels: 5 and 10 dB SNR in babble
and 0 and 5 dB SNR in speech-shaped noise. Lower SNR levels were chosen for the speech-
shaped noise conditions to avoid ceiling effects, as most subjects performed very well at the
10 dB SNR level. The IEEE sentences were recorded in our lab in a double-walled sound-
attenuating booth and are available from Loizou (2007). The babble recording was taken from
the AUDITEC CD (St. Louis, MO). Two sentence lists (ten sentences per list) were used for
each condition. The sentences were processed offline in MATLAB by the proposed algorithm
and presented to the subjects using the Clarion CII research platform at a comfortable level. For
comparative purposes, subjects were also presented with unprocessed noisy sentences using the
experimental processor. Sentences were presented to the listeners in blocks, with 20 sentences
per block per condition. Different sets of sentences were used in each condition. Subjects were
instructed to write down the words they heard. The presentation order of the processed and
control (unprocessed sentences) conditions was randomized among subjects.

3. Results

The sentences were scored in terms of percent of words identified correctly (all words were
scored). Figure 3 shows the individual scores for all subjects for the multi-talker babble
(5—10 dB SNR) conditions and Fig. 4 shows the individual scores for a subset of the subjects
tested in the speech-shaped noise (0—5 dB SNR) conditions. The scores for the subjects (S1,
S5, S6, S8, S9) who visited our lab two times were averaged across the two visits (5 dB SNR,
Fig. 3, top panel).

ANOVA (with repeated measures) showed a highly significant (F[2,16]=14.4,p
<0.0005) effect of the noise reduction algorithm on speech intelligibility for the 5-dB SNR
babble condition. Scores obtained with the proposed noise reduction algorithm were signifi-
cantly (p<<0.005) higher than the scores obtained with the subject’s daily processor for both
values of a. As shown in Fig. 3, all subjects benefited to some degree with the noise-reduction
algorithm. Subjects S7 and S8 in particular received large benefits as their scores nearly
doubled. With the exception of subjects S3, S5, S6, and S9, subjects performed equally well
with «=0.4 and «=0.6 in Eq. (3). ANOVA (with repeated measures) performed on the 10-dB
SNR babble data also showed a highly significant (F[2,8]=24.3,p < 0.0005) effect of the noise
reduction algorithm on speech intelligibility. The mean improvement in performance with the
proposed noise reduction algorithm was substantially larger than that obtained in the 5-dB SNR
condition. Mean scores improved from 47% correct to 71% correct, with a small variability
among subjects. The large benefit in intelligibility was consistent for all five subjects.
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Fig. 3. (Color online) Subjects’ performance on identification of words in sentences embedded in 5 and 10 dB SNR
multi-talker babble and processed by the proposed algorithm with @=0.4 and a=0.6. Subjects’ baseline performance
(CIS-N) on unprocessed noisy stimuli is indicated by white bars. Error bars indicate standard errors of the mean.

ANOVA (with repeated measures) performed on the 0-dB SNR speech-shaped noise
data showed a highly significant (F[2,8]=9.5,p=0.008) effect of the noise reduction algorithm
on speech intelligibility. Particularly large improvements in performance were noted for sub-
jects S1, S8, and S9. ANOVA (with repeated measures) performed on the 5-dB SNR speech-
shaped noise data did not show a significant effect (F[2,8]=0.9, p=0.445). Performance ob-
tained with the proposed noise reduction algorithm was as good as that obtained with the
subject’s daily processor.

4. Discussion

The above analysis clearly indicates that the proposed sigmoidal-shaped function provided sig-
nificant benefits to CI users in nearly all conditions. We believe that much of the success of the
proposed noise reduction algorithm can be attributed to the improved temporal envelope con-
trast. As shown in the example in Fig. 2, the sigmoid function preserves the envelope peaks and
deepens the envelope valleys, thereby increasing the effective envelope dynamic range within
each channel. Note, for instance, in Fig. 2, the change in the noisy envelope at =2.3 s corre-
sponding to the phoneme /s/ in the latter portion of the sentence. The depicted noisy envelope of
channel 1 (center frequency=382 Hz) is near 50% of the electrical dynamic range when, in fact,
it should have been near threshold level, since much of the energy of /s/ is concentrated in the
high-frequency channels. After applying the sigmoidal-shaped function, the noisy envelope was
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Fig. 4. (Color online) Subjects’ performance on identification of words in sentences embedded in 0 and 5 dB SNR
speech-shaped noise and processed by the proposed algorithm with @=0.4 and a=0.6. Subjects’ baseline perfor-
mance (CIS-N) on unprocessed noisy stimuli is indicated by white bars. Error bars indicate standard errors of the
mean.

reduced to near threshold level. In brief, the proposed weighting function can make the enve-
lope peaks and envelope valleys more discernible and perhaps more accessible to the CI users
(compare the middle and bottom panels in Fig. 2).

The attenuation applied to the noisy envelopes is computed inversely proportional to
the estimated SNR of each channel and is applied to both the speech and noise envelope signals.
Clearly the attenuation itself cannot eliminate the noise as it is applied to both speech and noise
signals. Yet, the applied attenuation, estimated according to the sigmoidal-shaped function, im-
proves speech intelligibility for two main reasons. First, it is applied selectively and inversely
proportional to the estimated SNR of each channel. More attenuation is applied to low-SNR
channels where the speech signal is heavily masked by the noise, and is probably unintelligible.
These channels provide unreliable and perhaps distracting information to the CI users and
should therefore be attenuated. In contrast, no attenuation is applied to the channels in which
the SNR is sufficiently high, thus enabling the listeners to ignore the masker. The high-SNR
channels carry perhaps the most reliable information about the underlying signal and are there-
fore left unaltered. From Fig. 2 we observe that the SNR estimation does not need to be very
accurate in terms of computing the exact weight to be applied to the noisy envelopes. It suffices
if the SNR estimation algorithm performs sufficiently well in terms of discriminating high from
low SNR envelopes, since the assigned weight will be either near the value of one (for SNR
>20 dB) or near the value of zero (for SNR <—5 dB), respectively. Secondly, the temporal
envelope contrast is improved (see example in Fig. 2). As a result, the envelope peaks and
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valleys are more discernible to the CI users who have a limited electrical dynamic range. This in
turn makes the consonant/vowel boundaries clearer and more accessible to the CI users.

Overall, our algorithm compares favorably against other single-microphone methods
proposed for cochlear implants (e.g., Yang and Fu, 2005; Loizou et al. 2005). A larger improve-
ment (10—25 percentage points) in performance was obtained with our proposed method in
multi-talker babble compared to the improvement (7 percentage points) obtained by the prepro-
cessing method reported in Yang and Fu (2005). Other advantages of the proposed method
include the lack of algorithmic delay associated with preprocessing techniques, low computa-
tional complexity, and ease of integration in existing CI strategies.
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Abstract: Delayed auditory feedback (DAF) regarding speech can cause
dysfluency. The purpose of this study was to explore whether providing vi-
sual feedback in addition to DAF would ameliorate speech disruption. Speak-
ers repeated sentences and heard their auditory feedback delayed with and
without simultaneous visual feedback. DAF led to increased sentence dura-
tions and an increased number of speech disruptions. Although visual feed-
back did not reduce DAF effects on duration, a promising but nonsignificant
trend was observed for fewer speech disruptions when visual feedback was
provided. This trend was significant in speakers who were overall less af-
fected by DAF. The results suggest the possibility that speakers strategically
use alternative sources of feedback.
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1. Introduction

Numerous laboratory studies have shown that altering the auditory feedback speakers hear af-
fects ongoing speech production. For example, exposing speakers to increases in environmental
noise causes speakers to increase their speaking volume and the duration of their utterances
(Lane and Tranel, 1971; Bauer et al., 2006). Selectively filtering frequencies (Garber and Mol-
ler, 1979) or modifying the fundamental frequency (Elman, 1981; Burnett et al., 1997; Kawa-
hara, 1998; Jones and Munhall, 2000) or the formant frequencies (Houde and Jordan, 1998;
Purcell and Munhall, 2006) elicits compensatory productions that mitigate the alterations.
However, the most profound disruptions to ongoing vocal productions result when speakers
hear their ongoing speech delayed (Lee, 1950). Exposure to delayed auditory feedback (DAF)
often results in “stutterlike” disturbances in fluency (Fairbanks, 1955; Fairbanks and Guttman,
1958). These disturbances include speaking-rate decreases, increased speech intensity and
pitch, syllable repetitions and omissions, and misarticulation (Black, 1951; Atkinson, 1953;
Yates, 1963; Howell and Archer, 1984).

The profound effects caused by DAF (and the effects of certain other altered feedback
conditions) led to speculation that speech production is monitored in a closed-loop manner
(Lee, 1950; Fairbanks, 1954). According to these servomechanistic accounts, a comparator
looks for discrepancies between the intended output of a vocal production and the sensory
feedback; the disruptions observed during DAF are a manifestation of the corrective action
initiated to overcome the perceived mismatch. However, Borden (1979) contended that speech
rate is too quick for auditory feedback to be processed and the corrections implemented before
the next segment is produced. Moreover, Howell and Archer (1984) showed that when a 500-Hz
square wave matching the amplitude envelope of the speaker’s speech was substituted for the
delayed speech signal, speakers suffered a similar reduction in their speech rate, as they did
when they heard their true speech signal delayed. Indeed, DAF effects are not limited to speech
behaviors and are found with other motor behaviors such as tapping and music production
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(Chase et al., 1959; Smith et al., 1960; Finney and Warren, 2002). Thus, the root cause of DAF
effects appears to be due to a more general disruption of the temporal relationship between
production and acoustic input and not due to the fact that the feedback system receives incorrect
information about the specific articulations (Howell and Sackin, 2002).

There has been limited research conducted on the remedial effects of providing alter-
native forms of synchronous feedback simultaneously with DAF. Howell and Archer (1984)
reported that increasing the volume of DAF led to increased levels of disruption. This finding
may suggest that speakers can use their veridical feedback to reduce DAF effects (either trans-
mitted through bone or air). However, given that DAF effects are likely the result of the detec-
tion of global asynchronies between production and feedback, it is probably not necessary that
an alternative source of feedback provide more than a crude indication of synchrony. Another
naturally synchronous signal during speech is the visible movements of the speaker’s face. A
wealth of research has shown that listeners readily use visual speech cues: whether in noisy
environments or under optimal listening conditions, information from a speaker’s face signifi-
cantly enhances auditory intelligibility (Sumby and Pollack, 1954; Davis and Kim, 2004). The
current study investigates whether providing speakers with visual feedback regarding the tim-
ing of their ongoing speech can reduce DAF effects.

An earlier study conducted by Tye-Murray (1986) found no evidence that visual infor-
mation could be used to improve speech production. In her study, Tye-Murray asked 11 volun-
teers to say eight sentences while hearing their voice delayed, with and without the availability
of a mirror to monitor their productions. However, Tye-Murray only examined sentence dura-
tion and did not look at the number of speech disruptions that occurred. The results showing that
the duration of sentence repetition was unaffected by the presence of the visual feedback do not
completely exclude the possibility that the number of speech disruptions was reduced. In the
current study speakers heard their auditory feedback delayed by 180 ms while they produced
sentences with and without visual feedback. Any moderating effect of providing visual feed-
back was evaluated by measuring both sentence duration and the number of speech disruptions.
We additionally looked at whether the provision of visual feedback would differentially affect
those speakers who were more affected by DAF compared to those speakers who were less
affected. One might predict that if participants experience very few speech disruptions under
DAF, it is unlikely that the availability of visual feedback will further reduce the small number
of speech disruptions that occur. However, individuals who experience a greater degree of dis-
ruption under DAF may benefit more from the availability of visual feedback. Alternatively, it
could be the case that individuals who experience fewer speech disruptions under DAF are
better able to integrate alternative sources of sensory information to aid in speech production.
Conversely, individuals who experience greater speech disruption may be /ess able to integrate
other sources of sensory information to aid their speech production.

2. Methods
2.1 Participants

Twenty-two right-handed men (mean age 21.6 years) participated in this study. However, data
from only 20 participants were analyzed because two of them were statistical outliers (i.e., their
data values were over three times the interquartile range, above the third quartile). All 20 re-
maining participants were university students with no reported prior neurological damage, or
speech or language disorders. All participants had normal or corrected-to-normal vision. The
procedures were approved by the Wilfrid Laurier University Research Ethics Board and all
participants gave informed consent.

2.2 Apparatus and procedure

Participants sat in a double-walled sound booth and wore headphones (Sennheiser HD 280 Pro)
and a headset microphone (AKG C420) during the experimental session. Participants’ vocal
productions were recorded as they repeated the same ten sentences in each experimental con-
dition. Each sentence was made up of between five to eight words (eight to ten syllables). To
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familiarize participants with the stimuli, they were asked to read the sentences aloud before
commencing the experiment. On each trial, participants heard a recording of a sentence and
were asked to repeat the sentence at a consistent pace.

Each speaker participated in the six following conditions: (1) The “NAF” (normal
auditory feedback) condition was a control condition and served as a baseline for the other five
experimental conditions. In this condition, participants repeated the ten sentences while receiv-
ing unaltered auditory feedback. They simultaneously stared at a black fixation cross in a 6
X 6 in. white square over a blue background on a 17-in. monitor. (2) The “DAF” condition
required participants to stare at the fixation cross on the screen and repeat the same sentences
while their auditory feedback was delayed by 180 ms using a digital signal processor (Tucker-
Davis Technologies, RX6 Multifunction Processor). (3) The “NAF mirror” condition required
participants to repeat the sentences while hearing their auditory feedback presented without
delay, while viewing the movements of their face in a mirror measuring 7 in. in diameter at an
approximately constant distance. The mirror and microphone were adjusted so the participants
could view their mouth movements as the sentences were recited. (4) The “DAF mirror” con-
dition required participants to repeat the sentences while their auditory feedback was delayed
and they simultaneously received visual feedback regarding their mouth movements reflected
by the mirror. (5) The “NAF sentence” condition required participants to repeat the sentences
while reading the sentences presented orthographically on the 17-in. monitor and hearing their
auditory feedback presented without delay. (6) The “DAF sentence” condition required partici-
pants to repeat the sentences while their auditory feedback was delayed and they read the sen-
tences on the monitor. Comparing performance during this condition to performance during the
other DAF conditions served to ensure that any deficits observed did not result from misremem-
bering the sentences.

Sentence order was randomized across conditions and the order of conditions was
counterbalanced across participants. Gaussian noise was presented throughout the experimen-
tal session in an effort to mask the participants’ real time auditory feedback.

2.3 Data analysis

The durations of utterances were determined manually using Praat (Boersma, 2001). Speech
disruptions were identified as a word or syllable repetition, part-word prolongation, inaudible
postural fixation, or misarticulation of a word. Both sentence duration and number of speech
disruptions were analyzed separately using a 2 X 3 repeated measures ANOVA with auditory
feedback (normal, delayed) and visual cue (fixation, mirror, sentence) as the within subject
factors. To determine whether participants who were more affected by DAF responded differ-
ently to the presence of visual feedback compared to those participants who were less affected,
we performed a median split based on the number of speech disruptions that occurred for each
participant during the “DAF” baseline condition. Two groups were formed: a “low”-disruption
group (n=10) and a “high”-disruption group (n=10). The number of speech disruptions made
by these two groups was analyzed using the same 2 X 3 repeated measures ANOVA described
above.

3. Results

Two participants were identified as statistical outliers and thus were not included in the analysis.
Data from the remaining 20 participants were analyzed. Results of the statistical analysis of
sentence duration revealed a main effect of auditory feedback [F(1,19)=39.54,p<0.001];
sentence durations in the DAF conditions were longer than sentence durations in the NAF con-
ditions [see Fig. 1(a)]. No other significant effects were observed for sentence duration. The
results for the number of speech disruptions also revealed a main effect of auditory feedback
[F(1,19)=23.80,p<0.001] with a greater number of disruptions made in the DAF conditions
than in the NAF conditions [see Fig. 1(b)]. Although there was not a significant interaction
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Fig. 1. (a) Mean sentence duration for each of the six experimental conditions. (b) Mean number of speech
disruptions for each of the six experimental conditions.

between auditory feedback condition and visual cue condition [F(1,19)=2.099,p=0.137]
there was a visible trend for a higher number of speech disruptions to occur during the DAF
compared to the DAF with mirror (facial) feedback conditions.

A median split was performed by dividing the participants into a high-disruption
group (n=10) and a low-disruption group (n=10) based on the median number of speech dis-
ruptions experienced during the DAF baseline condition. The statistical analysis of the high-
disruption group revealed a main effect of auditory stimulus [F(1,9)=38.00,p<0.001] with
DAF conditions eliciting a greater number of speech disruptions than the NAF conditions [see
Fig. 2(a)]. No other effects were significant in the high-disruption group. For the low-disruption
group, Mauchly’s test revealed that there was a violation of sphericity [ W(2)=0.47,p=0.048],
so a multivariate analysis was used. The multivariate analysis revealed a significant main effect
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Fig. 2. Mean number of speech disruptions for each of the six experimental conditions in the (a) “high-disruption”
and (b) “low-disruption” groups.
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of auditory stimulus [F(1,9)=10.33,p=0.011] with DAF conditions leading to more speech
disruptions than the NAF conditions [see Fig. 2(b)]. In addition, there was a significant interac-
tion between auditory stimulus and visual stimulus [F(2,8)=4.67,p=0.045]. Posthoc paired
samples ¢ tests revealed significantly fewer speech disruptions occurred during the DAF mirror
condition compared to the DAF sentence condition [#(9)=2.251,p=0.05]. No other significant
differences were found.

4. Discussion

In the present study, sentence duration and number of speech disruptions were examined in
order to determine whether visual cues could reduce the speech disruption typically observed
with exposure to DAF. Delaying auditory feedback did consistently lead to increased sentence
duration, but providing visual feedback simultaneously with DAF did not reduce this effect.
Moreover, all DAF conditions led to a larger number of speech disruptions than when real time
auditory feedback was available. In addition, although not reliable, on average a lower disrup-
tion rate was observed when speech was delayed and visual feedback was provided compared to
when speakers fixated on a fixation point on a computer monitor or read the sentence on the
screen. This trend was also apparent when we split our participants into a high-disruption group
and a low-disruption group. However, the trend was only statistically significant for the low-
disruption group who experienced fewer disruptions when they viewed their face with DAF
than when they read the sentences.

Our results both replicate and extend those observed by Tye-Murray (1986). Tye-
Murray also found that providing speakers with visual feedback regarding their speech produc-
tion under conditions with DAF did not reduce durational effects. Based on those finding, she
concluded that visual feedback does not diminish the effects of DAF. However, we found prom-
ising trends that suggest that visual feedback might instead reduce the number of speech dis-
ruptions that speakers experience under DAF.

It is well known that listeners readily use visual speech cues (i.e., facial movements)
during speech perception (e.g., Davis and Kim, 2004). In fact, brain imaging work demonstrates
that even in the absence of audible speech, visual speech cues activate the supratemporal audi-
tory cortex in normal-hearing individuals (Calvert et al., 1997). However, we believe that it is
unlikely that DAF effects arise from a close monitoring of the precision of production. Rather,
we believe that DAF effects arise from monitoring a signal that is globally asynchronous (How-
ell and Sackin, 2002). The visual feedback we provided to speakers was inherently synchronous
with their ongoing production and speakers may have been able to monitor this alternative
feedback to some degree, thereby reducing the speech disruption caused by exposure to DAF.

Although consistent, this reduced speech disruption was statistically unreliable except
for those speakers who performed best under the DAF condition. The reason for this is unclear,
but it is known that speakers do adopt strategies to overcome DAF effects (Katz and Lackner,
1977). One possible strategy that speakers may adopt is to ignore the auditory feedback they
receive and use alternative feedback pathways. Thus, it is possible that those speakers who
experienced fewer speech disruptions were better able to ignore their auditory feedback and
focus on alternative feedback sources that were synchronous with their production (e.g., prop-
rioception). The addition of the visual feedback may have enhanced their ability to ignore the
DAF and use visual feedback as an alternative and congruent feedback source. It is possible that
both high and low performing speakers could be trained to take advantage of visual feedback.
Indeed, previous research has demonstrated that DAF effects can be reduced with practice
(Goldiamond et al., 1962). Perhaps prolonged practice with visual feedback could lead to more
pronounced reductions in the disruption rates we observed.

The possibility that visual feedback can ameliorate some of the effects caused by DAF
has implications for understanding the remedial effects of similar treatments for certain speech
disorders. For example, Lee (1950) was among the first to note the similarity of DAF effects to
stuttering and since then a number of researchers have hypothesized the irregular use of audi-
tory feedback as a cause of stuttering (Fairbanks, 1954; 1955; Max et al., 2004). This view was
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paradoxically bolstered by reports that dysfluency could be reduced by providing people who
stutter with DAF (Kalinowski ef al., 1993; 1996; Van Borsel ef al., 2003; Alm, 2006). How
altered auditory feedback reduces stuttering is the subject of intense debate. However, our re-
sults are especially interesting in light of Kalinowski and colleague’s recent report that fluency
is enhanced when people who stutter view the silent articulations of another speaker producing
the same utterance as themselves (Kalinowski ef al., 2000).

In closing, our data suggest speakers may be able to use visual feedback to reduce the
speech disruption that results from exposure to DAF. The literature on DAF has in large part
focused on the strategies that speakers use to regain fluency under DAF conditions. An accepted
assumption of some researchers is that speakers learn to ignore auditory feedback and may avail
themselves of alternative feedback sources such as proprioception. These strategies may in fact
underlie the beneficial effects observed in clinical populations where DAF is used as a treatment
for stuttering. However, it is difficult to test these assumptions because most obvious forms of
alternative feedback are difficult or impossible to manipulate experimentally. Visual feedback is
easily manipulated and offers a window into speakers’ strategic use of alternative sources of
feedback. It will be interesting in future work to manipulate factors such as the salience of the
visual feedback relative to the auditory feedback, as well as the amount of practice and training
speakers receive.
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President’s report on the 153rd meeting of the
Acoustical Society of America held in Salt
Lake City, Utah

The 153rd meeting of the Acoustical Society of America was held 4-8
June at the Hilton Salt Lake City Hotel in Salt Lake City, UT. This is the
third time that the Society has met in this city, previous meetings being held
in 1979 and 1992.

The meeting drew a total of 924 registrants, including 125 nonmem-
bers, 219 students, and 104 registrants from outside North America. There
were 31 registrants from the United Kingdom, 13 from France, 10 from
Germany, 6 from Japan, 5 each from Denmark, The Netherlands, and the
People’s Republic of China, 4 each from Ireland and Taiwan, 2 each from
Croatia, India, Portugal, Singapore, and Spain, and 1 each from Australia,
Belgium, Chile, Finland, Hong Kong, Italy, Korea, New Zealand, Nether-
lands Antilles, Oman, and Sweden. North American countries, Canada,
Mexico, and the United States, accounted for 16, 2, and 802, respectively.

A total of 683 papers, organized into 84 sessions, covered the areas of
interest of all 13 Technical Committees. The meeting also included 18 meet-
ings dealing with standards. The Monday evening tutorial lecture series was
continued by Uwe Hansen, Indiana State University, and Jerry Floor, Direc-
tor of the Salt Lake City Jazz Orchestra. The tutorial “Musical Acoustics:
Science and Performance—An Evening with the Salt Lake City Jazz Orches-
tra” was presented to an audience of about 300 at the Capitol Theatre. This
event was attended by both ASA members as well as members of the public.

The Society’s 13 Technical Committees held open meetings where
they made plans for special sessions at future ASA meetings, discussed
topics of interest to the attendees, and held informal socials after the end of
the official business. These are working, collegial meetings and all people
attending Society meetings are encouraged to attend and to participate in the
discussions. More information about Technical Committees, including min-
utes of meetings, can be found on the ASA website (http://asa.aip.org/
committees.html) and in the Acoustical News USA section of JASA in the
September, October and November issues.

The ASA Student Council hosted a Student Reception with over 125
people in attendance. This reception, which was subsidized by the National
Council of Acoustical Consultants, enabled students to meet with estab-
lished members of the Acoustical Society of America. Several of the Tech-
nical Committees awarded Best Student Paper Awards or Young Presenter
Awards to students and young professionals who presented papers at the
meeting. The list of award recipients, as well as other information for stu-
dents, can be found online at the ASA Student Zone website
(http://www.acosoc.org/student/).

The Technical Committee on Signal Processing in Acoustics sponsored
its eighth Gallery of Acoustics at the Salt Lake City meeting. The winning
entry titled “Acoustic Demonstrations of Vowel Production Using Vocal-
Tract Models was submitted by Takayuki Arai, Sophia University, Tokyo,
who received the $350 prize.

The Technical Committee on Architectural Acoustics sponsored a Stu-
dent Design Competition, which involved the design of a drama theater
complex located within an urban mixed-use development. The entries were
judged by a panel of architects and acoustical consultants. The first prize
winner received a cash award of $1000 and entries selected for “commen-
dation” awards received $500 for each entry. Award winners are: First
Honors—Andrew Miller, Megan Hunziker, and Matt Pauly of the University
of Kansas; Commendations—Marshall Hilton, Pamela Harght, and Andrew
Thomas, University of Kansas; Dorea Ruggles, Elizabeth Panzer, and
Nicholas Tranby, Rensselaer Polytechnic Institute; Tom LePage, Yun Jing,
and Xiaohu Chen, Rensselaer Polytechnic Institute; Arthur van der Harten,
Joshua Fialkoff, and Rolando de la Cruz, Rensselaer Polytechnic Institute;
and Benjamin Jados and Ayse Bautz, Illinois Institute of Technology.
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The Salt Lake City meeting committee arranged two technical tours,
which attracted enthusiastic participation by meeting attendees. The first was
a tour of the acoustics research facilities at Brigham Young University. The
second was a tour of the Latter Day Saints (LDS) Conference Center and the
Mormon Tabernacle which included the 21 000 seat auditorium that is used
for both musical performances and the spoken word and the newly reno-
vated Mormon Tabernacle. At the conclusion of the technical tour, partici-
pants were invited to attend an organ recital in the Mormon Tabernacle.

Social events included the two social hours held on Tuesday and
Thursday, an “icebreaker” and a reception for students, the Fellows Lun-
cheon, and the morning coffee breaks. A special program for students to
meet one-on-one with members of the ASA over lunch, which is held at
each meeting, was organized by the Committee on Education in Acoustics.
These social events provided the settings for participants to meet in relaxed
settings to encourage social exchange and informal discussions. The Women
in Acoustics Luncheon was held on Wednesday afternoon and was attended
by over 100 people.

Dr. Richard T. Kouzes, Laboratory Fellow at the Department of Ener-
gy’s Pacific Northwest National Laboratory, was the speaker at the Fellows
luncheon, which was attended by about 100 people. The subject of his talk
was “Detection of Nuclear Threats at Borders.” The Fellows luncheon is
open to all meeting attendees.

The Salt Lake City organizing committee also arranged two tours for
accompanying persons, which included a tour of Salt Lake City and a tour
of Provo Canyon, Robert Redford’s Sundance Resort—home of the Sun-
dance Film Institute, the scenic Wasatch mountains, and Park City.

The plenary session included a business meeting of the Society, an-
nouncements, acknowledgment of the members and other volunteers who
organized the meeting, and the presentation of awards and certificates to
newly elected Fellows.

The 2006 Rossing Prize in Acoustics Education was presented to Wil-
liam J. Strong, Brigham Young University (see Fig. 1). Dr. Strong presented
the Acoustics Education Prize Lecture titled “Descriptive acoustics of music
and speech” earlier in the meeting.

FIG. 1. (Color online) ASA President Anthony Atchley (1) presents the 2006
Rossing Prize in Acoustics Education to William J. Strong (r). Photo by
Kenny Crookston.

© 2007 Acoustical Society of America 1845



FIG. 2. (Color online) ASA President Anthony Atchley (r) presents 2007
Medwin Prize in Acoustical Oceanography to Brian Dushaw (1). Photo by
Kenny Crookston.

The 2007 Medwin Prize in Acoustical Oceanography was presented to
Brian Dushaw, University of Washington, “for contributions to acoustic
measurement of climate variability” (see Fig. 2). Dr. Dushaw presented the
Acoustical Oceanography Prize Lecture titled “The recent history of our
understanding of low-mode internal tides in the ocean” earlier in the meet-
ing.

The R. Bruce Lindsay Award was presented to Dorian S. Houser, BIO-
MIMETICA,“for contributions to animal bioacoustics and to understanding
echolocation and hearing by dolphins™ (see Fig. 3). The Helmholtz-Rayleigh
Interdisciplinary Silver Medal in Biomedical Ultrasound/Bioresponse to Vi-
bration and Physical Acoustics was presented to Edwin L. Carstensen, Uni-
versity of Rochester, “for contributions to the physics of biomedical ultra-
sound” (see Fig. 4). The Gold Medal was presented to Katherine S. Harris,

FIG. 4. (Color online) ASA President Anthony Atchley (1) presents the 2007
Helmholtz-Rayleigh Interdisciplinary Silver Medal to Edwin Carstensen (r).
Photo by Kenny Crookston.

City University of New York Graduate Program (ret.), “for pioneering re-
search and leadership in speech production and dedicated service to the
Society.” (see Fig. 5).

Election of eleven members to Fellow grade was announced and fel-
lowship certificates were presented. New fellows are: Michael R. Bailey,
Paul E. Barbone, Damian J. Doria, John M. Eargle, Stephen J. Elliott, Hed-
wig E. Gockel, Kai Ming Li, T. Douglas Mast, Albert Migliori, Claire Prada,
and Karim Sabra (see Fig. 6).

ASA President Anthony Atchley expressed the Society’s thanks to the
Local Committee for the excellent execution of the meeting, which clearly
evidenced meticulous planning. He introduced Scott D. Sommerfelt (see
Fig. 7), Chair of the Salt Lake City meeting, who acknowledged the contri-
butions of the members of his committee including: Timothy W. Leishman,
Technical Program Chair; Tracianne B. Neilsen, Food Service/Social

FIG. 3. (Color online) ASA President Anthony Atchley (1) presents the 2007
R. Bruce Lindsay Award to Dorian S. Houser (r). Photo by Kenny Crook-
ston.
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FIG. 5. (Color online) ASA President Anthony Atchley (r) presents the Gold
Medal to Katherine Harris (1). Photo by Kenny Crookston.



FIG. 6. (Color online) New Fellows of the ASA. Photo by Kenny Crookston.

Hilton
Salt Lake City Center
R

FIG. 7. (Color online) Scott D. Sommerfeldt, Chair of the Salt Lake City
meeting. Photo by Kenny Crookton.

FIG. 8. (Color online) George Frisk, ASA Vice President-Elect (r) presents
gavel to Whitlow Au, Vice President (1). Photo by Kenny Crookston.
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Events/Meeting Administrator; Kent L. Gee, Craig C. Smith, Audio-Visual;
Lisa B. Sommerfeldt, Accompanying Persons Program; Scott L. Thomson,
Signs/Publicity; Benjamin M. Faber, Technical Tour; Jonathan D. Blotter,
Posters; Scott D. Sommerfeldt, Meeting Room Coordinator; William J.
Strong, Fellows Luncheon. He also expressed thanks to the members of the
Technical Program Organizing Committee: Timonty W. Leishman, Techni-
cal Program Chair; Matthew A. Dzieciuch, Acoustical Oceanography; Gary
J. Rose, Animal Bioacoustics; Bruce C. Olson, Architectural Acoustics;
Michael R. Bailey, Biomedical Ultrasound/ Bioresponse to Vibration; Will-
iam J. Strong, Education in Acoustics and Musical Acoustics; James M.
Powers, Engineering Acoustics; Connor Duke, Noise; Kent L. Gee, Richard
Raspet, Physical Acoustics; Donal G. Sinex, Psychological and Physiologi-
cal Acoustics; Sean K. Lehman, Karl A. Fisher, Signal Processing in Acous-
tics; Bruce L. Smith, Shawn Nissan, Rachel Hayes-Harb, Speech Commu-
nication; Craig C. Smith, Structural Acoustics and Vibration; Tracianne
Nielsen, Underwater Acoustics.

The Plenary Session concluded with the presentation of the Vice Presi-
dent’s gavel to Whitlow Au and the President’s Tuning Fork to Anthony
Atchley, in recognition of their service to the Society during the past year
(see Figs. 8 and 9).

FIG. 9. (Color online) President-Elect Gilles Daigle (1) presents Presidents’
Tuning Fork to Anthony Atchley (r). Photo by Kenny Crookston.
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The full technical program and award encomiums can be found in the
printed meeting program or online for readers who wish to obtain further
information about the Salt Lake City meeting (visit scitation.aip.org/jasa and
select Volume 121, Issue 5, from the list of available volumes).

We hope that you will consider attending a future meeting of the
Society to participate in the many interesting technical events and to meet
with colleagues in both technical and social settings. Information about fu-
ture meetings can be found in the Journal and on the ASA Home Page at
(http://asa.aip.org).

ANTHONY A. ATCHLEY
President 2006—2007

Annual Report of the Technical Committee on
Musical Acoustics

(See September and November issues for additional reports)

During 2006-2007 the Technical Committee on Musical Acoustics
(TCMU) was chaired by James Beauchamp. Representatives to ASA com-
mittees were: James P. Cottingham, Membership; Uwe Hansen, Medals and
Awards; Ian M. Lindevald, ASACOS; and James W. Beauchamp, Technical
Council. Associate Editors were Diana Deutsch and Neville H. Fletcher.
Technical Program Organization Committee (TPOM) representatives were
Shigeru Yoshikawa (Honolulu) and William J. Strong (Salt Lake City).
Those appointed or reappointed for 20072010 terms as members of TCMU
are R. Dean Ayers, Judith C. Brown, Courtney B. Burroughs, John R. Bus-
chert, Joel Gilbert, Thomas M. Huber, Bozena Kostek, Barry Larkin, Daniel
O. Ludwigsen, Thomas R. Moore, Thomas D. Rossing, David B. Sharp,
Julius O. Smith, William J. Strong, and Joseph Wolfe.

At the Joint Meeting with the Acoustical Society of Japan (ASJ) in
November—December, 2006, TCMU in conjunction with the ASJ presented
four special sessions: “Comparing Asian and Western Instruments I & II,”
organized and cochaired by Tomoyasu Yaguti (ASA) and Thomas D. Ross-
ing (ASA); “Acoustical Correlates of Timbre in Music and Musical Instru-
ments,” organized and cochaired by Masashi Yamada (ASJ) and James W.
Beauchamp (ASA); “Simulation and Measurement Techniques for Musical
Acoustics T & 11,7 organized and cochaired by Shigeru Yoshikawa (ASJ),
Murray D. Campbell (ASA), and Gary Scavone (ASA); and “Music Infor-
mation and Communication,” organized and cochaired by Masuzo Yanagida
(ASJ) and Bozena Kostek (ASA). In addition, TCMU was the cosponsor of
the Psychological and Physiological Acoustics sponsored special session
“Perception of Music and Speech: Evidence for Modularity and for Com-
mon Processing Mechanisms,” which was organized and cochaired by Diana
Deutsch (ASA) and Yoshitaka Nakajima (ASJ) and a cosponsor of the Ar-
chitectural Acoustics sponsored session “Special Session in Honor of Man-
fred Schroeder,” which was organized and cochaired by Ning Xiang (ASA),
Juergen Schroeter (ASA), and Akira Omoto (ASJ). Moreover, there were
three sessions of contributed papers at this meeting: “Music Performance,”
chaired by Lydia Ayers (ASA) and Akira Nichimura (ASJ); “Singing
Voices,” chaired by Peter Hoekje (ASA) and Naotoshi Osaka (ASJ); and
“Musical and Structural Aspects of Instruments,” chaired by Nicholas J.
Giordano (ASA) and Isoharu Nichiguchi (ASJ). Immediately after the
“Comparing Asian and Western Instruments II”” session a delightful mini-
concert of koto music was performed by Tamaki Ando, who proved to be an
outstanding virtuoso on this instrument.

Four special sessions were presented at the Salt Lake City meeting in
June, 2007: “Voice Production and Pedagogy,” organized and chaired by
Ingo Titze (this was followed by a mini-concert of “Yodeling as a Style of
Vocal Production,” presented by professional yodeler Kerry Christensen);
“Flow Dynamics in Musical Acoustics,” organized and chaired by Rolf
Bader; “Myths and Mysteries in Musical Acoustics,” organized and co-
chaired by Evan B. Davis and Thomas R. Moore; “Musical Requirements
for Western and Non-Western Worship Spaces,” organized and cochaired by
Paul T. Calamia and Ewart A. (Red) Wetherill. Also, George A. Bissinger
chaired “General Topics in Musical Acoustics,” consisting of contributed
papers. In addition, TCMU cosponsored the TCAA special session “Effects
of Rooms on the Sound of Organs,” organized and chaired by Bruce C.
Olson (this took place at the LDS Conference Center and included a short
organ concert by John Longhurst) and contributed a Hot Topics talk by
Kelly Fitz entitled “Rehabilitating the world’s worst sounds: Time-
frequency reassignment in sound modeling and morphing.” Immediately
preceding the Hot Topics session William J. Strong, a long-time active
TCMU member, gave the Acoustics Education Prize Lecture “Descriptive

1848 J. Acoust. Soc. Am., Vol. 122, No. 4, October 2007

acoustics of music and speech.” The Monday evening Tutorial Lecture was
given by another long-time active TCMU member, Uwe J. Hansen, who
presented “Musical Acoustics: Science and Performance,” a talk/
demonstration that heavily depended on the performance artistry of the Salt
Lake City Jazz Orchestra and drew in many Salt Lake City local students
who were invited to attend.

TCMU continues to promote student involvement in musical acous-
tics. Since the Honolulu meeting, Eric A. Dieckman, an undergraduate stu-
dent from Truman State University, has been TCMU’s representative to the
Student Council. Also, TCMU has continued to sponsor the ASA Best Stu-
dent Paper Awards in Musical Acoustics. There were ten entries for the
competition at the Honolulu meeting and two entries for the Salt Lake City
meeting. The winners for Honolulu were Ricardo da Silva, who received
First Place for “A hybrid approach for simulating clarinetlike systems in-
volving the lattice Boltzmann method and a finite difference scheme,” and
Eric A. Dieckman, who won Second Place for “Input impedance of Asian
free-reed organs.” At Salt Lake City the winners were Brian B. Monson,
First Place for “The 1:6 ratio in vocal pedagogy,” and John Anderson Mills,
III, Second Place for “Application of cochlear analysis techniques to finding
percussive events in electro-acoustic music.”

A number of papers on musical acoustics topics were published in
JASA during 2006-2007. There were papers on such topics as the acoustics
of the violin, the flute, the clarinet, the harp, the piano, the xylophone, the
Australian didjeridu, and the singing voice.

JAMES BEAUCHAMP

Chair

ADVANCED-DEGREE DISSERTATION IN
ACOUSTICS

Editor’s Note: Abstracts of Doctoral and Master’s theses will be wel-
comed at all times. Please note that they must be limited to 200 words, must
include the appropriate PACS classification numbers, and formatted as
shown below. If sent by postal mail, note that they must be double spaced.
The address for obtaining a copy of the thesis is helpful. Submit abstracts to:
Acoustical Society of America, Thesis Abstracts, Suite INO1, 2 Huntington
Quadrangle, Melville, NY 11747-4502, e-mail: asa@aip.org.

Cross-language study of age perception [71.Bp, 71.Hw]—Kyoko Na-
gao, Department of Linguistics and Department of Speech and Hearing Sci-
ences, Indiana University, Bloomington, IN. September 2006 (Ph.D.).

This research examined the effects of listener’s language familiarity on
the perception of a talker’s age in three linguistic contexts varying the
amount of information. Two groups of listeners (English and Japanese) es-
timated the age of talkers whose native languages were matched or mis-
matched with the listener’s. Furthermore, in order to investigate the effect of
age stereotypes in each language, the same listeners estimated the age of
talkers who disguised themselves as 20 years older or younger than their
age. Results indicated that a listener’s estimation of a talker’s age improved
when more information was available. The listeners estimated the talker age
more accurately in the familiar language than the foreign language. Better
age estimation was found for female talkers than male talkers, but the effect
of talker’s sex only appeared in the age estimation in the familiar language.
Results of age estimation for age-disguised speech revealed that both lan-
guage groups in this investigation have similar age stereotypes. These re-
sults suggest not only that there exists an underlying perceptual mechanism
for identifying the age that is common across languages, but also suggest
that the perception of age is based on language-specific variation that is
accessible only to a native listener.

Advisors: Kenneth de Jong and Diane Kewley-Port.

Meetings Calendar

Listed below is a summary of meetings related to acoustics to be held
in the U.S. in the near future. The month/year notation refers to the issue in
which a complete meeting announcement appeared.

2007

NOISE-CON 2007, Reno, NV [Institute of Noise Control
Engineering, INCE Business Office, 210 Marston Hall,
Ames, IA 50011-2153, Tel.: 515-294-6142; Fax: 515-
294-3528; E-mail: ibo@inceusa.org].

22-24 Oct



27 Nov-1 154th Meeting of the Acoustical Society of America,
Dec New Orleans, LA (note Tuesday through Saturday)
[Acoustical Society of America, Suite INO1, 2 Hunting-
ton Quadrangle, Melville, NY 11747-4502; Tel.: 516-
576-2360; Fax: 516-576-2377; E-mail: asa@aip.org;
www: http://asa.aip.org].
2008

29 June—4 Acoustics08, Joint Meeting of the Acoustical Society of

July America (ASA), European Acoustical Association
(EAA), and the Acoustical Society of France (SFA),
Paris, France [Acoustical Society of America, Suite
INOI, 2 Huntington Quadrangle, Melville, NY 11747-
4502; Tel.: 516-576-2360; Fax: 516-576-2377; E-mail:
asa@aip.org; www: http://asa.aip.org/meetings.html].

2-6 July International Clarinet Association Clarinetfest®2008,
Univ. of Missouri—Kansas City, MO [Dr. John Cipolla,
Department of Music, Western Kentucky University,
1906 College Heights Blvd. #41029, Bowling Green, KY
42101-1029; Tel.: 270-745-7093; E-mail:

john.cipolla@wku.edu].

NOISE-CON 2008, Dearborn, MI [Institute of Noise
Control Engineering, INCE Business Office, 210 Mar-
ston Hall, Ames, TA 50011-2153, Tel.: 515-294-6142;
Fax: 515-294-3528; E-mail: ibo@inceusa.org].

28 Jul-1 9th International Congress on Noise as a Public Health

Aug Problem Quintennial meeting of ICBEN, the Interna-
tional Commission on Biological Effects of Noise), Fox-
woods Resort, Mashantucket, CT [Jerry V. Tobias,
ICBEN 9, Post Office Box 1609, Groton, CT 06340-
1609; Tel. 860-572-0680; www.icben.org. E-mail:
icben2008 @att.net].

27-30 Jul

Cumulative Indexes to the Journal of the
Acoustical Society of America

Ordering information: Orders must be paid by check or money order in
U.S. funds drawn on a U.S. bank or by Mastercard, Visa, or American
Express credit cards. Send orders to Circulation and Fulfillment Division,
American Institute of Physics, Suite INOI, 2 Huntington Quadrangle,
Melville, NY 11747-4502; Tel.: 516-576-2270. Non-U.S. orders add $11 per
index.

Some indexes are out of print as noted below.

Volumes 1-10, 1929-1938: JASA, and Contemporary Literature, 1937—
1939. Classified by subject and indexed by author. Pp. 131. Price: ASA
members $5; Nonmembers $10.

Volumes 11-20, 1939-1948: JASA, Contemporary Literature and Patents.
Classified by subject and indexed by author and inventor. Pp. 395. Out of
Print.

Volumes 21-30, 1949-1958: JASA, Contemporary Literature and Patents.
Classified by subject and indexed by author and inventor. Pp. 952. Price:
ASA members $20; Nonmembers $75.

Volumes 31-35, 1959-1963: JASA, Contemporary Literature and Patents.
Classified by subject and indexed by author and inventor. Pp. 1140. Price:
ASA members $20; Nonmembers $90.

Volumes 36—44, 1964-1968: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 485. Out of Print.

Volumes 36—44, 1964-1968: Contemporary Literature. Classified by subject
and indexed by author. Pp. 1060. Out of Print.

Volumes 45-54, 1969-1973: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 540. Price: $20 (paperbound); ASA
members $25 (clothbound); Nonmembers $60 (clothbound).

Volumes 55-64, 1974-1978: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 816. Price: $20 (paperbound); ASA
members $25 (clothbound); Nonmembers $60 (clothbound).

Volumes 65-74, 1979-1983: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 624. Price: ASA members $25 (paper-
bound); Nonmembers $75 (clothbound).

Volumes 75-84, 1984-1988: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 625. Price: ASA members $30 (paper-
bound); Nonmembers $80 (clothbound).

Volumes 85-94, 1989-1993: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 736. Price: ASA members $30 (paper-
bound); Nonmembers $80 (clothbound).

Volumes 95-104, 1994-1998: JASA and Patents. Classified by subject and

J. Acoust. Soc. Am., Vol. 122, No. 4, October 2007

indexed by author and inventor. Pp. 632. Price: ASA members $40 (paper-
bound); Nonmembers $90 (clothbound).

Volumes 105-114, 1999-2003: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 616. Price: ASA members $50; Non-
members $90 (paperbound).

Revision List
New Associates

Abercrombie, Clemeth L., 1204 NW 20th Ave., #305, Portland, OR 97209.

Adcock, James L., 5005 155th P1., SE, Bellevue, WA 98006.

Bard, Seth E., IBM, M/S P226, 2455 South Rd., Bldg. 704, Boardman Rd.
Site, Poughkeepsie, NY 12601.

Beard, James K., 122 Himmelein Rd., Medford, NJ 08055.

Beard, Paul C., Medical Physics, University College London, Gower St.,
London WCIE 6 BT, UK.

Chang, Enson, Applied Signal Technology, Inc., Ocean Systems Div.,
21311Hawthorne Blvd., Ste. 300, Torrance, CA 90503.

Cichock, Joseph A., Northrop Grumman, SD&T, 2000 West NASA Blvd.,
Melbourne, FL 32902.

Clark, Cathy Ann, Sensors & Sonar Systems Dept., NUWCDIVNPT, 1176
Howell St., Newport, RI 02841.

Cochran, Sandy, Univ. of Paisley, Microscale Sensors, School of Engineer-
ing and Science, High St., Paisley PA1 2BE, Scotland.

Cross, Emily L., Cavanaugh Tocci Associates, Inc., 327F Boston Post Rd.,
Sudbury, MA 01776.

Curra, Francesco P., Ctr. for Industrial and Medical Ultrasound, Applied
Physics Lab., Univ. of Washington, 1013 NE 40th St., Seattle, WA 98105.

Damljanovic, Vesna, Biomedical Engineering, Boston Univ., 44 Cumming-
ton St., Boston, MA 02215.

de Groot-Hedlin, Catherine D., Scripps Inst. of Oceanography, Univ. of
California, San Diego, 9500 Gilman Dr., La Jolla, CA 92093-0225.

Derveaux, Gregoire P., INRIA, Domaine de Voluce Av., BP 105, Le Chesnay
78153, France.

Fisher, David A., 187 Highland Ave., Floor 1, Somerville, MA 02143.

Fleischman, Robert, Soning Praha, A.S., Plzenska 66, Prague 151-24, Czech
Republic.

Fristrup, Kurt M., Natural Sounds Program, National Park Service, 1201
Oakrdige Dr., Ste.100, Fort Collins, CO 80525.

Golay, Francis, Lab. Regionale des Strasbourg, G5 (Acoustique), 11 rue
Mentelin, Strasbourgh 67035, France.

Greenwood, William A., Pacific Lutheran Univ., 121st and Park Ave.,
Tacoma, WA 98447.

Han, Jin-Ha, Prosonic Co. Ltd., 71-6 Sinpeung-Ri, Geunchen-Eub,
Gyongju-Si, Gyongbuk 780-900, South Korea.

Harrison, Patrick W., Sound Fighter Systems, LLC, 6135 Linwood Ave.,
Shreveport, LA 71106.

Hofbeck, Mary, 5622 180th St., SW, Lynnwood, WA 98037.

Huang, Lianjie, Los Alamos National Lab., MS D443, Los Alamos, NM
87545.

Jacobs, Jodi, Lencore Acoustics Corp., 1 Crossways Park Dr., West, Wood-
bury, NY 11797.

Jenkins, Adam C., The Greenbusch Group, 1900 West Nickerson St., Ste.
201, Seattle, WA 98119.

Kaufman, Jay R., Kaufman and Associates, 5832 Burnet Ave., Van Nuys,
CA 91411.

Kautzman, Craig S., The Tennant Company, 701 North Lilac Dr., Minne-
apolis, MN 55422.

Ko, Wing P., Transportation Business Group, CH2M Hill, 555 South Flower
St., Ste. 3550, Los Angeles, CA 90071.

Kollevoll, Kristan G., BRD Noise and Vibration Control, Inc., 112 Fairview
Ave., P.O. Box 127, Wind Gap, PA 18091-0127.

Lauback, Scott, Cambridge Sound Management, 33 Moulton St., Cam-
bridge, MA 02138.

Leonard, Jonathan S., Lencore Acoustics Corp., 1 Crossways Park Dr., West,
Woodbury, NY 11797.

Li, Zhaung, 900 Pump Rd., Apt. 76, Richmond, VA 23238.

Luo, Xin, Dept. of Auditory Implants and Perception, House Ear Inst., 2100
West Third St., Los Angeles, CA 90057.
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Mukdadi, Sam M., Mechanical and Aerospace Eng., West Virginia Univ.,
P.O. Box 6106, Morgantown, WV 26506-6106.

Nusbaum, Howard C., Dept. of Psychology, Univ. of Chicago, 5848 South
University Ave., Chicago, IL 60637.

Otani, Makoto, Dept. Intelligent Systems Design Eng., Toyama Prefectural
Univ., Kurokawa 5180 Imizo, Toyama 939-0398, Japan.

Qin, Shengping, Biomedical Engineering, Univ. of California, Davis, One
Shields Ave., Davis, CA 95616.

Saucier, Scott G., Tibbetts Industries, Inc., Colcord Ave., P.O. Box 1096,
Camden, ME 04843.

Smith, David R. R., Physiology, Development & Neuroscience, Univ. of
Cambridge, Downing St., Cambridge CB2 3EG, UK.

Southall, Brandon L., US Dept. of Commerce, Natl. Oceanic and Atmo-
spheric Admin., Natl. Marine Fisheries Service, 1315 East-West Highway,
SSMC III #12539, Silver Spring, MD 20910.

Tardelli, John D., ARCON Corp., Digital Speech Processing, 150K New
Boston St., Wobun, MA 01801.

Tyler, Michael D., MARCS Auditory Laboratories, Univ. of Western Syd-
ney, Bldg. 5, Bankstown Campus, Locked Bag 1797, Penrtih South NSW
1797, Australia.

Vondrasek, Martin, Soning Praha, A. S., Plzenska 66, Prague 151-24, Czech
Republic.

Walters, David T., 1344 South 7th St., Lincoln, NE 68502.

Xiao, Jianqiang, Hunter College, Psychology, 695 Park Ave., New York, NY
10021.

Yasutaka, Ueda, Hazama Corp., TRI, 515-1 Karima, Tsukuba, Ibaraki, 305-
0822, Japan.

Zarnetske, Michael R., 115 Bay State Dr., Braintree, MA 02184.

New Students

Abada, Shani H., 3601 Sainte Famille, Apt. 803, Montreal QC H2X 2L6,
Canada.

Anguah, Kofi A., Swarthmore College, 500 College Ave., Swarthmore, PA
19081.

Arz, Jean-Pierre, 5011 la Fontaine, Montreal QC H1V 1R6, Canada.

Azzara, Alyson J., 401 Anderson St., #8A, College Station, TX 77840.

Babel, Molly E., Linguistics, Univ. of California, Berkeley, 1203 Dwinelle
Hall, Berkeley, CA 94720-2650.

Barroso, Celia, 3556 Maplewood Ave., Los Angeles, CA 90066.

Baumgart, Johannes, Inst. for Aerospace Eng., Technische Univ. Dresden,
Dresden 01062, Germany.

Beckmann, Daniel F., 5507 Rosewood St., Roeland Park, KS 66205.

Benson, David H., 1610 Sherbrooke St., W., Apt. 112, Montreal QC H3H
1E1, Canada.

Berkowitz, Michael J., Psychology Dept., Vanderbilt Univ., 301 Wilson
Hall, 111 21st Ave., South, Nashville, TN 37203.

Blumenrath, Sandra H., Dept. of Biology and Psychology, Univ. of Mary-
land, College Park, MD 20742.

Bodson, Anais, Universit Bochum, Universitatsstrasse ND 6/33, Bochum
D-44780, Germany.

Bradonikic, Kaca, 311 Allston St., Apt. 12, Brighton, MA 02135.

Camacho, Arturo, 700 SW 16th Ave., #108, Gainesville, FL 32601.

Chang, Chiung-Yun, Speech and Hearing Science, Ohio State Univ., 1070
Carmack Rd., Columbus, OH 43210.

Cheng, Rui, Aerospace Engineering, Penn State Univ., 225A Hammond
Bldg., University Park, PA 16802.

Choi, James J., 379 Windsor Rd., Englewood, NJ 07631.

Cholewiak, Danielle M., Cornell Univ., Bioacoustics Research Program,
159 Sapsucker Woods Rd., Ithaca, NY 14850.

Clark, Mehgan, 3-212 Lamoine Village, Macomb, IL 61455.

Collin, Jamie R., Magdalen College, High St., Oxford OX1 4AU, UK.

DeAngelis, Chris, Box 20584, Cranston, RI 02920.

Derezinsk, Steve J., 1008 Mass Ave., Apt. 702, Cambridge, MA 02138.

DiZinno, Nicholas, 1094 Reilly St., Bay Shore, NY 11706.

Dossot, Georges A., Ocean Engineering, Univ. of Rhode Island, Sheets
Bldg., Narragansett Bay Campus, Narragansett, RT 02882.

Duke, Jessica E., Psychology Dept., Emory Univ, 532 Kilgo Cir., Atlanta,
GA 30322.

Feizollahi, Zhaleh, Linguistics, Georgetown Univ., 37th & “0” St., Wash-
ington, D.C. 20057.
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Foale, Cameron B., 808 Tress St., Ballarat VIC 3350, Australia.
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ACOUSTICAL NEWS—INTERNATIONAL

Walter G. Mayer

Physics Dept., Georgetown University, Washington, DC 20057

International Meetings Calendar

Below are announcements of meetings and conferences to be held
abroad. Entries preceded by an * are new or updated listings.

October 2007

3-5 Pacific Rim Underwater Acoustics Confer-
ence 2007, Vancouver, BC, Canada (Web:
PRUAC.apl.washington.edu).

2007 Canadian Acoustic Conference, Mon-
tréal, Québec, Canada (Web: caa-aca.ca).
Institute of Acoustics Autumn Conference
2007, Oxford, UK (Web: www.ioa.org.uk/
viewupcoming.asp).

Autumn Meeting of the Swiss Acoustical
Society, Bern, Switzerland (Web: www.sga-
ssa.ch).

November 2007

14-16 14th Mexican International Congress on
Acoustics, Leon, Guanajuato, Mexico (Fax:
+52 55 5523 4742; e-mail:
sberista@hotmail.com).

Reproduced Sound 23, The Sage, Gates-
head, UK (Web: www.ioa.org.uk/
viewupcoming.asp).

25-26

29-30

December 2007
6-9 International Symposium on Sonochemis-
try and Sonoprocessing (ISSS2007), Kyoto,

Japan (Web: www.j-sonochem.org/ISSS2007).

April 2008

8—11 “Oceans’08, Kobe, Japan (Web:
www.oceansO8mtsieeekobe-
technoocean08.org/index.cfm).

17-18 *Spring Meeting of the Swiss Acoustical
Society, Bellinzona (Tessin), Switzerland
(Web: www.sga-ssa.ch).

June 2008

30-4 Acoustics’08 Paris: 155th ASA Meeting
+5th Forum Acusticum (EAA)+9th Con-
gres Francais d’Acoustique (SFA), Paris,
France (Web: www.acoustics08-paris.org).

July 2008

7-10 18th International Symposium on Nonlin-

ear Acoustics (ISNA18), Stockholm, Sweden

(Web: www.congrex.com/18th_isna).
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27-31 “10th Mechanics of Hearing Workshop,
Keele University, UK (Web:
www.mechanicsofhearing.com).

28-1 9th International Congress on Noise as a

Public Health Problem, Mashantucket, Pe-
quot Tribal Nation (ICBEN 9, P.O. Box
1609, Groton CT 06340-1609, USA: Web:
www.icben.org).

August 2008

25-29 10th International Conference on Music
Perception and Cognition (ICMPC 10),
Sapporo, Japan (Web: icmpclO.typepad.jp).

September 2008

8-12 “International Symposium on Underwater
Reverberation and Clutter, Lerici, Italy
(Web: isurc2008.org).

15-17 “International Conference on Noise and
Vibration Engineering (ISMA2008), Leu-
ven, Belgium (Web: www.isma-isaac.be).

16-18 “Underwater Noise Measurement,
Southampton, UK (Web: www.ioa.org.uk/
viewupcoming.asp).

22-26 Interspeech 2008 - 10th ICSLP, Brisbane,
Australia (Web: www.interspeech2008.org).

October 2008

21-24 Acistica 2008, Coimbra, Portugal (Web:
www.spacustica.pt).

26-29 Inter-noise 2008, Shanghai, China (Web:

www.internoise2008.org).

November 2008

2-5 IEEE International Ultrasonics Sympo-
sium, Beijing, China (Web: www.ieee-
uffc.org/ulmain.asp?page=symposia).

September 2009
6-10 InterSpeech 2009, Brighton, UK (Web:
www.interspeech2009.org).

August 2010

23-27 20th International Congress on Acoustics
(ICA2010), Sydney, Australia (Web:
www.ica2010sydney.org).

September 2010

26-30 Interspeech 2010, Makuhari, Japan (Web:

www.interspeech2010.org).
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Lloyd Rice
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decide whether to seek more information from the patent itself. Any opinions expressed here are those of
reviewers as individuals and are not legal opinions. Printed copies of United States Patents may be
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DIMITRI DONSKQY, Stevens Institute of Technology, Castle Point on the Hudson, Hoboken, New Jersey 07030

GEOFFREY EDELMANN, Naval Research Laboratory Code 7145, 4555 Overlook Ave. SW, Washington, DC 20375
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CARL J. ROSENBERG, Acentech Incorporated, 33 Moulton Street, Cambridge, Massachusetts 02138

NEIL A. SHAW, Menlo Scientific Acoustics, Inc., Post Office Box 1610, Topanga, California 90290

ERIC E. UNGAR, Acentech, Incorporated, 33 Moulton Street, Cambridge, Massachusetts 02138

ROBERT C. WAAG, Department of Electrical and Computer Engineering, University of Rochester, Rochester, New York 14627

7,215,598

43.30.Gv IMAGING SONAR AND DETECTION
SYSTEM USING SUCH A SONAR

Pierre Guthmann, assignor to Thales
8 May 2007 (Class 367/88); filed in France 13 July 2001

Yet another company has rediscovered basic beamforming and at-
tempted to patent it. This time it involves a 2-D array that transmits and
receives on different axes.—GFE

7,206,257

43.35.Ei ACOUSTIC REMOTE CAVIATION AS A
DESTRUCTION DEVICE

James C. S. Meng, assignor to The United States of America
represented by the Secretary of the Navy
17 April 2007 (Class 367/137); filed 2 September 2003
The author asserts that acoustic cavitation can be used as an environ-
mentally friendly (yet extremely loud) method to destroy mines and even
torpedos. Perhaps the scrubbing power of bubbles has been
overestimated.—GFE

7,215,599

43.35.Yb ULTRASONIC TRANSMITTER,
ULTRASONIC TRANSCEIVER AND SONAR
APPARATUS

Yasushi Nishimori ef al., assignors to Furuno Electric Company,
Limited
8 May 2007 (Class 367/138); filed in Japan 27 November 2002
This patent relates to the specifics of producing ultrasonic waveforms
via a signal generator. The authors argue that ringing due to improper driv-
ing pulse signals can lead to false target detection—GFE
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7,204,146

43.35.Zc DEVICE AND METHOD FOR MEASURING
THICKNESS

Ichiro Ishimaru and Takahiro Okuda, assignors to Techno
Network Shikoku Company, Limited
17 April 2007 (Class 73/579); filed in Japan 5 September 2003

The patent describes a well known resonance method for measuring
thickness of objects, emphasizing thickness measurements of a thin film
formed on a surface of an object, such as a film of paint on an automobile
body. The patent claims the use of multiple vibration detectors 13, vibration
source 10, and signal analyzer 16. The vibration source and detectors are

12 _’D’Nm
11X
13

13
M< S~ ]
R ]

preferably noncontact optical (laser)-based. The signal analyzer determines
the film’s thickness resonant frequencies and speed of sound and calculates
the thickness. The patent asserts the utility of the method for measuring the
thickness of an individual layer in a multilayer coating.—DMD

10

7,210,352

43.38.Bs MEMS TEETER-TOTTER APPARATUS
WITH CURVED BEAM AND METHOD OF
MANUFACTURE

John S. Foster and Paul J. Rubel, assignors to Innovative Micro
Technology
1 May 2007 (Class 73/514.32); filed 14 June 2005

This patent describes a new twist on the single-axis accelerometer. A
beam 430 is etched out of the substrate material—and is curved upwards by
evaporation of a stress-inducing film 475. This beam is hinged on support
450 and rests over a capacitor on each end (480a and 480b). A proof mass
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End of Frame 430 End of Frame

420 Bowed upward / Bowed upward

470b
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460a 460b
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420 is added to one end to make it acceleration sensitive, unbalancing a
capacitance bridge as it tips. But wouldn’t such an accelerometer also be
highly sensitive to rotation?—JAH

7,215,527

43.38.Bs MEMS DIGITAL-TO-ACOUSTIC
TRANSDUCER WITH ERROR CANCELLATION

John J. Neumann, Jr. and Kaigham J. Gabriel, assignors to
Carnegie Mellon University
8 May 2007 (Class 361/233); filed 20 September 2004

This patent discloses an electrostatic transducer that functions as both
a digital loudspeaker and as a microphone. This is specifically a MEMS
design incorporating a serpentine silicon spring suspension beneath a 2
X2 mm polymer diaphragm that is applied over it. Although the patent
description is quite detailed about the modeling and process steps involved,
it is not clear to this reviewer that such a device has ever been built and
made to work. The modeling predicts a frequency response as a loudspeaker
extending to 7 kHz and a sensitivity of 84 dB for a 5 V input. There is really
nothing new here besides the suspension design, and the only reason it can
be called digital is because there may be a digital-to-analog converter on the
same chip.—JAH

7,207,222

43.38.Fx ELECTROMAGNETIC PIEZOELECTRIC
ACOUSTIC SENSOR

Michael Thompson and Scott Ballantyne, assignors to Sensorchem
International Corporation
24 April 2007 (Class 73/590); filed in Canada 28 August 2001

A so-called “electromagnetic piezoelectric acoustic sensor” (EMPAS)
is described in this patent. This is a piece of quartz with center-dot conduct-
ing electrodes. In the referenced application, the quartz crystal is one wall of
a flow-through liquid cell into which various chemical reagents can be ad-
mitted and the resulting resonant frequency shifts of the EMPAS sensor can
be measured. The quartz appears to be used in thickness shear mode oper-
ating loosely coupled to the electric field of a resonant coil. The arrangement
of coil and sensor crystal seems reasonable, though one suspects that better
magneto-electric coupling is possible with other coil configurations.—JAH

7,216,542

43.38.Fx THREE-COMPONENT PIEZOELECTRIC
VIBRATION ACCELEROMETER PROVIDED
WITH A SENSOR

Igor Borisovich Kobyakov, Moscow, Russian Federation
15 May 2007 (Class 73/514.34); filed in Russian Federation 29
November 2002

This patent discloses the existence of an optimum construction of a
triaxial accelerometer using piezoelectric elements of the PZT and Zn-O

1858 J. Acoust. Soc. Am., Vol. 122, No. 4, October 2007
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type—i.e., polycrystalline. The design utilizes combinations of all three di-
rections of electric held to obtain triaxial sensitivity. The new information
disclosed here seems to be the fact that there are optimal locations for the
lead attachments.—JAH

7,177,438

43.38.Ja SPEAKER FOR VEHICLE AND MOUNTING
STRUCTURE OF THE SPEAKER

Shogo Iwaya et al.,, assignors to Mitsubishi Jidosha Kogyo
Kabushiki Kaisha

13 February 2007 (Class 381/389); filed in Japan 16 November
2001

Insert tabs 13 in slits 5 and rotate “‘circumferentially.” If you actually

rotate counter—clockwise the speaker 11 is now installed in panel member
3.—NAS

7,181,038
43.38.Ja ELECTRO-ACOUSTIC TRANSDUCER

Dean Menchaca Rivera and Christopher Sean Larson, assignors
to KSC Industries Incorporated
20 February 2007 (Class 381/396); filed 10 March 2004

A robust loudspeaker design for various automobile applications is
disclosed. The description includes how to center the voice-coil former 41
during assembly. Apparently, top portion 15 not only supports the magnetic
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motor assembly parts (33, 35, 37, 38, 39, and 41), and back cover 13, and
associated parts, but it also serves as the radiating portion of the device.—
NAS

7,184,566

43.38.Ja BASS REFLEX TYPE SPEAKER DEVICE,
MOUNTING STRUCTURE AND MOUNTING
METHOD FOR SPEAKER DEVICE

Ichiro Tamura et al., assignors to Sharp Kabushiki Kaisha
27 February 2007 (Class 381/388); filed in Japan 15 March 2002

Suppose you have a thin, panel-like structure that is, in fact, a visual
display device. Within the thin depth you are concerned with providing
satisfactory bass playback. You can use a bass reflex, or ported enclosure. If
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you angle port 7 within the enclosure (the back portion 3 of which is
shown), you may save some space.—NAS

7,197,155

43.38.Ja MAGNET ASSEMBLY FOR
LOUDSPEAKERS

Graham Bank, assignor to New Transducers Limited
27 March 2007 (Class 381/420); filed in United Kingdom 10 Octo-
ber 2002

In the magnetic assembly shown, inner pole piece 2 and outer pole
piece 3 define voice coil gap 5. A radially charged magnet 46 lies completely

1859 J. Acoust. Soc. Am., Vol. 122, No. 4, October 2007

within the two cylindrical pole pieces. An additional “‘bucking” magnet 42
and shield plate 60 suppress stray magnetic leakage.—GLA

7,200,241
43.38.Ja LOUDSPEAKER

Takanori Fukuyama and Shuhei Konishi, assignors to Matsushita
Electric Industrial Company, Limited
3 April 2007 (Class 381/407); filed 28 November 2002

In this elongated loudspeaker, rectangular voice coil 22 operates in a
rectangular gap formed between center pole piece 25¢ and outer pole pieces
25d. Thus far, what has been described is known prior art. However, the
patent argues that when this configuration is miniaturized, the clearance

25f 250 25¢ 20 25d 22 25d
\ \ /| ] / / o
s Y 7 i
\ / 7
) —— -
7 } 722
7
—
\>
\ 21a

22¢
between the voice coil and outer frame 20 becomes so small that conven-
tional connecting wires 22a may stretch and break. The solution is to bend
the wires at 22b. This is probably the first time since the invention of the
paper clip that a bent wire has been patented. —GLA

7,201,252
43.38.Ja LOUDSPEAKER SYSTEMS

Stuart Michael Nevill, assignor to B&W Loudspeakers Limited
10 April 2007 (Class 181/151); filed in United Kingdom 21 Septem-
ber 2001

Many of B&W’s commercial loudspeaker systems employ damped,
tapered tubes to absorb the backwave energy of tweeters and mid-range
speakers. This patent discloses a pancake arrangement in which multiple
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22B
tubes 24c¢ are nested in a spiral configuration. The patent includes a number
of refinements including controlled transmission between adjacent tubes to
attenuate resonances and perforated cellular construction to provide con-
trolled damping.—GLA

7,200,238
43.38.Lc ACOUSTIC SIGNAL LEVEL LIMITER

Ching Shyu et al., assignors to Plantronics, Incorporated

3 April 2007 (Class 381/94.8); filed 28 September 2001

Symmetrical clipping is sometimes used to limit audio signal ampli-
tude in small, low-power devices such as cellular telephones. This patent
points out that if simple shunt circuits are driven into deep saturation, then
the signal voltage can continue to rise and allow dangerous acoustic levels
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to be generated. (The issue of waveform distortion vs loudness is not dis-
cussed.) A multithreshold circuit is described in which at least two shunt
circuits are progressively triggered. Finally, in the case of catastrophic over-
load, a fuse (not shown) is connected in series with the load.—GLA

7,181,025

43.38.Md ULTRASOUND BASED PARAMETRIC
LOUDSPEAKER SYSTEM

Guido Kolano and Klaus Linhard, assignors to DaimlerChrysler
AG
20 February 2007 (Class 381/77); filed in Germany 7 April 2001

Parametric loudspeakers based on demodulation of high-level ultra-
sound signals using arrays of piezoelectric transducers have been described
by Yoneyama, Blackstock, and Pompei, among others. While these use

1860 J. Acoust. Soc. Am., Vol. 122, No. 4, October 2007
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double-side-band amplitude modulation, the present patent describes a
method in general terms that uses frequency modulation. This method is said
to offer some advantages in matching the modulated signal to ““particularly
resonant transducers.” The patent and its claims appear to be very general in
their scope.—NAS

7,190,797

43.38.Si HEADSET WITH FOLDABLE NOISE
CANCELING AND OMNIDIRECTIONAL DUAL-MODE
BOOM

Tim Johnston and Kwangsee Allen Woo, assignors to Plantronics,
Incorporated
13 March 2007 (Class 381/74); filed 18 June 2002

The sketch depicts a clip-on headset that might be used with a cellular
telephone. Casing 12 houses a conventional earphone. Microphone boom 14
swivels so that it can be used in two configurations. When the boom is
extended as shown, microphone 106 is near the user’s mouth and operates as

100

a noise cancelling microphone. When the boom is swiveled 180° and locked
against the casing, the rear (noise cancelling) port is plugged and the micro-
phone operates as a normal omnidirectional microphone:—GLA
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7,193,346

43.38.Si MULTI-MODE VIBRATION GENERATOR
FOR COMMUNICATION TERMINAL

Ju Ho Kim, assignor to Samsung Electro-Mechanics Company,
Limited

300
20 March 2007 (Class 310/81); filed in Republic of Korea 24 Sep-
tember 2004

Now that every cell phone owner in the civilized world has his own
customized ring tone melody, the next technological frontier appears to be
customized vibration-mode sequences. The patent describes a dual assembly
that houses two stacked vibration generators. ““The second vibration genera-
tor generates a vibration of a direction or frequency different from a vibra-
tion or frequency of the first vibration generator, whereby various mode
vibrations are generated.”—GLA

—
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7,194,099
43.38.Si HANDHELD ELECTRONICS DEVICES

WITH MULTIPLE USER SENSORY TRANSDUCERS
AND METHODS

Ian Lewis, assignor to Motorola, Incorporated

17
20 March 2007 (Class 381/182); filed 10 June 2003

A number of existing patents describe dual-purpose transducers for use

ducers and one balanced armature transducer to provide maximum sound
pressure across the full range of audible frequencies.—GLA
in cellular telephones and the like. In most cases, one voice coil drives a
conventional loudspeaker diaphragm and the other drives a vibration gen-
erator. Well, why not install two separate devices? Better yet, why not patent 7,197,140
DYNAMIC .
LOUDSPEAKER  43-38.Si SOUND BAFFLE FOR PORTABLE
830 7 TELEPHONE HANDSET
L CHANNEL 810 V. Frank Asaro, San Diego, California
815 27 March 2007 (Class 379/433.03); filed 3 July 2003
- Unlike a conventional telephone handset, today’s cellular telephones
72 [}A 825 are small, resulting in very little separation between the microphone and the
earphone. One way to get the microphone closer to the user’s mouth is to
LINEAR 17
VIBRATOR
21
820 3 .
7
= (et
it i 1
the basic concept of housing two transducers in a single handheld case? The 7 ! 18
only limitation is that both transducers must generate signal outputs. Other- ~ ~ ~ ———— o= —{------ )
wise, they can be the same or different, their response characteristics can be 2 4 1
simila dissimilar, and they can be driven fi a single amplifi t . . . . .
st ar or dissuntiar, and they cafl be divell from a single ampitier or two mount it on an extensible boom. This patent describes a different approach:
amplifiers—GLA . .
A telescoping bellows-shaped waveguide not only conducts sound from the
user’s mouth back to the microphone but is also intended to “muffle his
conversation to the surroundings for improved privacy.” —GLA
7,194,102

43.38.Si IN-EAR MONITOR WITH HYBRID DUAL

7,197,149
DIAPHRAGM AND SINGLE ARMATURE
DESIGN

43.38.Si CELLULAR PHONE

Ryota Mita and Akio Shinagawa, assignors to Hitachi, Limited
Jerry J. Harvey, assignor to Ultimate Ears, LLC
20 March 2007 (Class 381/328); filed 27 January 2005

27 March 2007 (Class 381/98); filed in Japan 29 October 1999

In musical performances it is not uncommon to transpose a tune to a
different key so that it will lie within the range of a particular instrument or
vocalist. The frequency response of the miniature loudspeaker used in a
typical cellular telephone is severely restricted, yet the user is allowed to

This three-way, in-the-ear monitor houses two diaphragm type trans-
1861
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create custom ring melodies that can cover a much wider range. This patent
describes an automated procedure that analyzes a stored melody, transposes
it up or down in half-tone steps until it best fits within a specified frequency
range, and then stores the transposed melody.—GLA

7,177,434
43.38.Tj STEPPED SOUND PRODUCING MODULE

Melchiore Tripoli, assignor to Sing-A-Tune Balloons, LLC
13 February 2007 (Class 381/190); filed 18 January 2002

Take piezoelectric module 20, attach it to a “piezoelectric amplifica-
tion device” 30, which is then affixed to balloon 50 and you can produce

“hi-fidelity sound effects” by application of suitable signals to electric cir-
cuit 40.—NAS
7,212,103

43.40.Le MONITOR SYSTEM, CENTRAL MONITOR
APPARATUS, ON-VEHICLE MONITOR APPARATUS,
MONITOR METHOD, MONITOR PROGRAM,
COMPUTER-READABLE RECORDING MEDIUM
CONTAINING THE SAME

Masayuki Oyagi et al., assignors to Omron Corporation
1 May 2007 (Class 340/429); filed in Japan 27 August 2001

This patent pertains to remotely monitored vehicle theft prevention
systems, which employ vibration sensors to detect intrusions. In order to
avoid false alarms that may result from earthquakes or nearby heavy ma-
chinery, several vehicles in the same general location (as determined from a

1862 J. Acoust. Soc. Am., Vol. 122, No. 4, October 2007

location determination system) are monitored simultaneously and concurrent
intrusion alarms are discounted. Performance of the vibration sensors is also
monitored in order to avoid false alarms from faulty sensors.—EEU

7,215,118

43.40.Le TRANSDUCER FOR GENERATING AND
MEASURING TORSIONAL WAVES, AND
APPARATUS AND METHOD FOR STRUCTURAL
DIAGNOSIS USING THE SAME

Chan II Park ef al.,, assignors to Seoul National University
Industry Foundation

8 May 2007 (Class 324/238); filed in Republic of Korea 16 Febru-
ary 2004

In this apparatus for the nondestructive testing of shafts or pipes, fer-
romagnetic strips 1 are placed around the test article 2 at an angle. A bias
coil 6, wound around an outer housing 5, carries a direct current that in-
creases the magnitude of the magnetic field that acts on the aforementioned

10
6
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strips. When current is supplied to the coil 3, which is wound around an
inner housing 4, torsional waves are induced in the test article. The waves

reflected from the ends of the test article and from any cracks are detected at
strips 1, and identified by means of suitable display arrangements.—EEU

7,204,762
43.40.Tm SELF DAMPENING ROTARY SHAFT

Craig Andrew Campbell, assignor to GKN Driveline North
America, Incorporated
17 April 2007 (Class 464/180); filed 24 March 2004

A hollow shaft, such as an automotive driveline shaft, is provided with
damping by means of a rolled-up blanket that is placed into the shaft. The
blanket may consist of layers of a flexible material, a heat-resistant material
such as a ceramic, an adhesive, and a wire mesh.—EEU

7,210,356

43.40.Yq PHYSICAL AGENTS DIRECTIVE
DOSIMETER SYSTEM

James R. Bernhagen, assignor to Caterpillar Incorporated
1 May 2007 (Class 73/661); filed 18 February 2005

An operator of a work machine (truck, excavator, etc.) is often exposed
to significant vibration. In order to comply with the health and safety re-
quirements limiting prolonged whole body vibration exposure, the patent
describes a vibration ‘“dosimeter system’ comprising an accelerometer at-
tached to the operator seat and a ““controller” which compares the measured
vibration level against predetermined exposure limits.—DMD
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7,206,258

43.50.Cb DUAL RESPONSE ACOUSTICAL SENSOR
SYSTEM

Stanley A. Fisher and Gideon Maidanik, assignors to United
States of America as represented by the Secretary of the Navy
17 April 2007 (Class 367/141); filed 13 April 2005

This patent describes a method whereby both a (low-frequency) mo-
tion sensor and a (high-frequency) vibration sensor are embedded within the
same compliant layer in order to facilitate optimal placement on ship
hulls. —GFE

7,194,094
43.50.Fe SOUND MASKING SYSTEM

Thomas R. Horrall and John C. Heine, assignors to Acentech,
Incorporated
20 March 2007 (Class 381/73.1); filed 24 October 2002

In describing a new speech masking system, this patent tiptoes care-
fully through a minefield of prior art. There appear to be two features that
are unusual in this application. The first is that masking noise is conveyed to
desired areas via direct sound coverage rather than by generally reflected

sound. The second is the use of a constricted aperture to broaden the high-
frequency coverage of a loudspeaker. The patent claims also include a num-
ber of more questionable features, including an ordinary wireless remote
control to adjust the operation of the system.—GLA

7,209,408

43.50.Rq DISTRIBUTED, SOFT-BODIED, TOWABLE,
ACTIVE ACOUSTIC SYSTEM

Thomas R. Stottlemyer ef al., assignors to United States of
America represented by the Secretary of the Navy
24 April 2007 (Class 367/154); filed 7 October 2004

A soft tubed, active, acoustic, vertical array that can be recovered by
conventional cable handling systems is described. Important issues such as
transmit level and frequency are not discussed.—GFE

7,209,795

43.55.Cs METHOD OF SYNCHRONIZING THE
PLAYBACK OF A DIGITAL AUDIO BROADCAST BY
INSERTING A CONTROL TRACK PULSE

Gary E. Sullivan and Dusty D. Rector, assignors to Gateway
Incorporated
24 April 2007 (Class 700/94); filed 23 April 2002

An obvious method to synchronize home surround speakers via a con-
trol track and time delays is described.—GFE
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7,215,782

43.55.Ka APPARATUS AND METHOD FOR
PRODUCING VIRTUAL ACOUSTIC SOUND

Jiashu Chen, assignor to Agere Systems Incorporated
8 May 2007 (Class 381/17); filed 23 January 2006

This patent describes a method said to produce realistic echoes for a

virtual environment (e.g., games) based on a fast method of evaluating the
room acoustics and head transfer function.—GFE

7,206,415

43.55.Mc AUTOMATED SOUND SYSTEM
DESIGNING

Michael C. Monks et al., assignors to Bose Corporation
17 April 2007 (Class 381/58); filed 19 April 2002

This patent describes a method to automatically choose audio equip-
ment for a room based on the room characteristics and the desired
purpose.—GFE

7,216,853
43.55.Ti SOLID BARRIER SYSTEM

Michael D. Wall, Burton, Michigan
15 May 2007 (Class 256/24); filed 2 April 2004

This system includes a kit of parts that uses pre-existing cement an-
chored fence posts from a wire mesh cyclone fence. The parts wrap the post
with elements that receive panels, and then the panels form a solid visual
and acoustical screen. The panels are constructed of a lightweight one-piece
molded material.—CJR

7,210,557
43.55.Vj LOW PROFILE ACOUSTIC FLOORING

John A. Phillips and Robert W. Hayes, assignors to ETS-Lindgren,
L.P.
1 May 2007 (Class 181/207); filed 6 April 2004

The isolation element to support a floor panel for a sound isolation
room is integrated into the floor itself so as to reduce overall height require-
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ments. The system also allows for leveling of the floor after installation of
the floor panel.—CJR

7,218,574
43.60.Dh HIGH RANGE RATE SIGNALING
Maurice D. Green, assignor to Teledyne Benthos, Incorporated

15 May 2007 (Class 367/134); filed 18 November 2004

A basic method is claimed to deal with the communication degradation
caused by the relative velocity between transmitter and receiver. A simple
preamble is transmitted before the communication signal to estimate range
and remove Doppler spread.—GFE
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7,054,452

43.60.Fg SIGNAL PROCESSING APPARATUS AND
SIGNAL PROCESSING METHOD

Masakazu Ukita, assignor to Sony Corporation
30 May 2006 (Class 381/92); filed in Japan 24 August 2000

This is close to a traditional delay-and-add beamformer. The difference
is that each microphone signal is processed through a filter bank before the
cross-correlations are done. Correlations are then performed between bands
of like frequency for all input signals. The rationale for this is that frequency
bands which are dominated by noise will not show a strong peak at any
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delay value within the correlator range. These bands may thus be excluded
from the source direction estimate, improving the accuracy of an estimate
based on those bands which do show a clear peak. There seems to be no
mention of a preferred number of bands to be used. Presumably, even a few
fairly wide bands would gain some of the expected advantage. The patent
text includes detailed descriptions of various prior-art multimicrophone
systems.—DLR

7,212,467
43.60.Fg SONAR LOCALIZATION

Peter Dobbins, assignor to BAE Systems (Land and Sea Systems)
Limited

1 May 2007 (Class 367/138); filed in United Kingdom 5 October
2001

Sadly, it was only a matter of time before someone claimed to discover
an acoustic divining rod. Here is another attempt to patent basic 2-D
beamforming.—GFE

7,215,785

43.60.Fg PASSIVE SOUND TELEMETRY SYSTEM
AND METHOD AND OPERATING TOY USING
THE SAME

Sang Gyu Ju, Ahmsa-dong, Kangdong-ku, Seoul, Republic of
Korea
8 May 2007 (Class 381/92); filed 3 February 2000

Acoustic signal processing in toys is apparently getting hot; however,
the authors blithely lay a claim to the most basic concept in source local-
ization; measuring phase delay.—GFE

7,212,466

43.60.Gk PRODUCING AMPLITUDE VALUES FOR
CONTROLLING PIXEL ILLUMINATION ON A
SONAR DISPLAY

Douglas James Wilson, assignor to Imagenex Technology
Corporation
1 May 2007 (Class 367/68); filed 15 July 2004

“May” was the most frequent word in this dubious patent. It may
describe a fish finder display that may be directed by user input.—GFE
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7,218,240

43.66.Dc SYNTHETICALLY GENERATED SOUND
CUES

Brian J. Tillotson, assignor to The Boeing Company
15 May 2007 (Oasis 340/692); filed 10 August 2004

The patent covers the concept of giving telemetry a spatial direction
via acoustic masking. For example, a pilot might hear a radio transmission
from the wingman, located off the right wing, solely in the right
headphone.—GFE

7,198,596

43.66.Ts COUPLING DEVICE FOR A TWO-PART
BONE-ANCHORED HEARING AID APPARATUS

Patrik Westerkull, assignor to P&B Research AB
3 April 2007 (Class 600/25); filed in Sweden 21 June 2001

Traditional bone-anchored hearing aid devices are coupled to the head
with mechanically spring-actuated parts which over time are susceptible to
mechanical wear and become loose. This patent recommends coupling via a

5

L

permanent magnet within the hearing aid device or the bone anchored por-
tion. The magnet may be of sintered or ferromagnetic material and can be
annular in shape and made integral with the skin-penetrating member and
connecting screw.—DAP

7,204,799

43.66.Ts MICROPHONE OPTIMIZED FOR IMPLANT
USE

Scott Allan Miller III and Bernd Waldmann, assignors to
Otologics, LLC
17 April 2007 (Class 600/25); filed 5 November 2004

An implantable microphone uses many small diaphragms rather than a
single diaphragm to reduce vibration sensitivity relative to acoustic sensi-
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tivity. The array of small diaphragms may be created by pushing an irregular
structure against a large membrane; additionally, an integrated diaphragm/
support structure may also be utilized.—DAP

7,204,800

43.66.Ts IMPLANTABLE HEARING AID
TRANSDUCER INTERFACE

James Roy Easter et al., assignors to Otologics, LLC
17 April 2007 (Class 600/25); filed 17 April 2006

In an implantable middle-ear hearing aid, the position of the ossicular
chain relative to the implanted transducer is often changed due to changes in
barometric pressure, tissue growth, and swallowing. To compensate for

these physiological changes and to better isolate the microphone from
102

vibratory feedback produced by the transducer, a compliant interface, which
may be a spring of biocompatible material, is provided for the implantable
transducer. The spring rate of the interface is selected to produce a natural
resonant frequency that is lower than the feedback frequency range.—DAP

7,205,918

43.66.Ts HEARING AID DEVICE WITH AN OUTPUT
AMPLIFIER HAVING A SIGMA-DELTA
MODULATOR

Torsten Niederdrank and Peter Nikles, assignors to Siemens
Audiologische Technik GmbH
17 April 2007 (Class 341/143); filed in Germany 15 February 2005

The goal of this patent is to provide a hearing aid output stage that
requires less battery current and has low internal circuit noise. A linear
digital filter, which may be a delay element and an adder, is connected
between the sigma-delta modulator and the output stage in order to generate
three different voltage states at the output. The filter’s frequency selectivity
reduces the number of high-frequency edges and interference signals in the
pulse-density-modulated output.—DAP
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7,206,416

43.66.Ts SPEECH-BASED OPTIMIZATION OF
DIGITAL HEARING DEVICES

Lee S. Krause et al., assignors to University of Florida Research
Foundation, Incorporated
17 April 2007 (Class 381/60); filed 18 June 2004

Distinctive features of speech are used rather than conventional hear-
ing tests or subjective responses for tuning a digital hearing aid or cochlear
implant. Words and/or syllables representing one or more features of speech
in a selectable language are played for a user and those misrecognized are
analyzed with a confusion error matrix. The result of the error analysis
generates appropriate hearing device intensity, frequency, and temporal pa-
rameter changes that are associated with the missed speech features.—DAP

7,206,423

43.66.Ts INTRABODY COMMUNICATION FOR A
HEARING AID

Albert S. Feng ef al., assignors to Board of Trustees of University
of Illinois
17 April 2007 (Class 381/312); filed 10 May 2000

A personal area wireless network is created via conductive paths
through the hearing aid wearer’s skin. Modules housing acoustic input and

30
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output components that have one- or two-way communication with each
other via electrode pairs are located at the two ears of the wearer, forming a
directional sensor array. These modules also communicate with a remote
processing component that may be housed in a wrist watch or a cochlear
implant.—DAP

7,206,424

43.66.Ts HEARING AID WITH TIME-VARYING
PERFORMANCE

Mike K. Sacha, assignor to Starkey Laboratories, Incorporated
17 April 2007 (Class 381/315); filed 24 November 2004

In hearing aid fitting, new hearing aid wearers often experience an
acclimatization period for getting accustomed to amplified sounds. Such
hearing aid wearers have devices that are typically programmed initially to
produce less acoustic gain and a narrower frequency response. Repeated
visits to the dispensing professional allow for adjusting to higher gain and
wider frequency response. To eliminate the need for these repeated visits, a
hearing aid is programmed to successively select parameter sets automati-
cally in a defined sequence. After preset numbers of power-up events or over
several elapsed times, selected parameter sets would compensate for hearing
loss in a gradually progressing way.—DAP

7,206,426

43.66.Ts MULTI-COIL COUPLING SYSTEM FOR
HEARING AID APPLICATIONS

Steven D. Julstrom and Mead Killion, assignors to Etymotic
Research, Incorporated
17 April 2007 (Class 381/331); filed 1 April 2004
The output of an array microphone or other audio source is transmitted
from a behind-the-ear (BTE) hearing improvement device via wires or with
inductive coupling to telecoils having different orientations in BTE and
custom in-the-ear (ITE) hearing devices. To ensure sufficient magnetic
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signal strength and uniformity of the induction coupling, the hearing im-
provement device contains two transmitting induction coils, one oriented for
ITE and one for BTE hearing aids, respectively.—DAP

7,209,568

43.66.Ts HEARING AID HAVING AN ADJUSTABLE
DIRECTIONAL CHARACTERISTIC, AND
METHOD FOR ADJUSTMENT THEREOF

Georg-Erwin Arndt et al., assignors to Siemens Audiologische
Technik GmbH
24 April 2007 (Class 381/313); filed in Germany 16 July 2003

The directional characteristic of a hearing aid having two or more
omnidirectional microphones is varied by adjusting the time delay(s) in
series with one or more of the microphone outputs as a function of the input
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level into at least one of the microphones. The result is said to be improved
signal-to-noise ratio while the hearing aid wearer is listening in quiet acous-
tical environments.—DAP

7,215,789

43.66.Ts DISPOSABLE EXTENDED WEAR CANAL
HEARING DEVICE

Adnan Shennib and Richard C. Urso, assignors to InSound
Medical, Incorporated
8 May 2007 (Class 381/328); filed 16 January 2002

A single-use hearing aid that fits completely into the ear canal consists
of a lateral section with a microphone and battery, that is suspended without
occluding in the cartilaginous part of the ear canal and a receiver section

having a speaker and sealing retainer for the bony portion of the ear canal.
The lateral section is flexible to permit movement in response to changes in
ear canal shape and has an oval cross section with a cylindrical tapered
shape along its longitudinal axis.—DAP
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7,212,643
43.66.Ts REAL-EAR ZOOM HEARING DEVICE

Friedrich Bock, assignor to Phonak AG
1 May 2007 (Class 381/330); filed 10 February 2004

Intended for behind-the-ear hearing aids or hearing protectors, the ob-
ject of this patent is to provide a transfer characteristic for sounds arriving
from different directions that is similar to that of custom hearing aids placed
in the ear canal. To simulate the pinna directivity effect, beamforming pro-
cessing on the outputs of two microphones produces an omnidirectional
response (independent of direction of impinging sound) at about 1 kHz and
about 6 dB greater amplification for 45° than for 135° sound incidence at 5
kHz.—DAP

7,210,353

43.66.Yw MULTIMEDIA FEATURE FOR DIAGNOSTIC
INSTRUMENTATION

Leroy Braun and Jack Foreman, assignors to Diagnostic Group,
LLC
1 May 2007 (Class 73/585); filed 14 October 2003

A multimedia automatic audiometer includes means for computer-
controlled switching between sound, visual graphics, or video signals stored
in a computer and test tone outputs. The test subjects may select from a
number of different languages through which testing is administered and test
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results may be graphically displayed. Several tests may be conducted simul-
taneously without human intervention. Corrective instructions are produced
in earphones as a result of errors detected in subject’s responses, followed
by automatic switching to resume a test—DAP

52

7,208,671

43.71.Gv SOUND DATA OUTPUT AND
MANIPULATION USING HAPTIC FEEDBACK

Lonny L. Chu, assignor to Immersion Corporation
24 April 2007 (Class 84/609); filed 20 February 2004

A method is described to give musicians more intuitive feedback, via
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the sense of touch, while they edit sounds on a computer.—GFE

7,054,806

43.72.Ja SPEECH SYNTHESIS APPARATUS USING
PITCH MARKS, CONTROL METHOD

THEREFOR, AND COMPUTER-READABLE
MEMORY

Masayuki Yamada, assignor to Canon Kabushiki Kaisha
30 May 2006 (Class 704/207); filed in Japan 9 March 1998

This patent seems to be a response to some unspecified, but horribly
inefficient, prior-art system for processing speech pitch intervals. It consists
in its entirety of software to store and compare intervals from stored speech
signals. The patent does not even include the pitch tracker, but assumes that
pitch periods have been previously marked in the input speech signals. The
claims include coverage of a ‘“‘speech synthesis apparatus,” but no such
device is described in the text.—DLR

7,054,814

43.72.Ja METHOD AND APPARATUS OF
SELECTING SEGMENTS FOR SPEECH SYNTHESIS
BY WAY OF SPEECH SEGMENT RECOGNITION

Yasuo OKkutani ef al., assignors to Canon Kabushiki Kaisha
30 May 2006 (Class 704/256.4); filed in Japan 31 March 2000

The title of this patent seems to say that it is a speech synthesis system
which uses a speech recognition system as part of the internal mechanism.
The synthesis method at hand is that of concatenation of selected speech
units to form the synthetic output. Such a system depends upon a large
database of speech units in order to achieve high quality synthesis. Hidden
Markov model (HMM)recognition technology based on Mel cepstrum
analysis is put to use in constructing the speech unit database. A large
selection of input speech is processed by the Mel-cepstral HMM recognizer
in order to select those speech units most useful for building the synthesis
database. Nothing more is said here about indexing methods used to orga-
nize the database.—DLR
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7,054,815

43.72.Ja SPEECH SYNTHESIZING METHOD AND
APPARATUS USING PROSODY CONTROL

Masayuki Yamada and Yasuhiro Komori, assignors to Canon
Kabushiki Kaisha
30 May 2006 (Class 704/267); filed in Japan 31 March 2000

This system for speech synthesis performs a more or less typical type
of phonetic unit concatenation in order to construct the synthetic speech
signal. In order to improve the synthetic speech quality, the method dis-
closed here isolates individual pitch period segments from the selected pho-
netic units and uses a technique of grading the pitch period segments. By
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this process, some segments, particularly those which span intervals of sig-
nificant waveform or spectral change, are marked as not subject to deletion,
replication, or modification during the synthesis process. The remaining
pitch period segments are then modified as needed in order to generate the
desired prosodic pattern in the synthesized speech.—DLR

7,058,569

43.72.Ja FAST WAVEFORM SYNCHRONIZATION
FOR CONCENTRATION AND TIME-SCALE
MODIFICATION OF SPEECH

Geert Coorman and Bert Van Coile, assignors to Nuance
Communications, Incorporated
6 June 2006 (Class 704/216); filed 14 September 2001

This method for concatenative speech synthesis proceeds by comput-
ing optimal join points for each speech unit in the concatenative database.
These join points are determined such that two energy constraints are opti-
mized, namely that the energy of both left and right segments be minimum,
while also maximizing the energy in the crosscorrelation between the left
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and right segments. Perceptually optimum results are achieved by consider-
ing the logarithm of the energy levels, rather than absolute energy. Consid-
ering the database as a whole and considering the range of pitch levels
present in the database, it is possible to predetermine the optimum join
points for each database segment independently. This allows all database
segments to be premarked, thus reducing the time required for computing
join points at synthesis time.—DLR
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7,062,438

43.72.Ja SPEECH SYNTHESIS METHOD AND
APPARATUS, PROGRAM, RECORDING MEDIUM
AND ROBOT APPARATUS

Kenichiro Kobayashi et al., assignors to Sony Corporation
13 June 2006 (Class 704/260); filed in Japan 15 March 2002

The title of this patent states that a speech synthesizer is the subject,
along with the related method, apparatus, etc. Only the word ‘“‘robot” sug-
gests that this synthesizer may be located in a somewhat special environ-
ment. The patent actually describes a humanoid robot, designed to be able to
assist humans in a variety of ways, not only by cleaning the carpet, but by
picking up and throwing a ball, getting up if it falls down, expressing feel-
ings of joy, surprise, or sadness, and by being able to entertain its human

hosts by talking and signing, to mention just a few of the suggested capa-
bilities. Most of the patent describes mechanisms for generating ‘“‘close-to-
human” quality speech, including a singing voice, following lyrics or music
being played. A number of tables are presented with data describing how the
speech prosodic structure would be generated. The claims deal exclusively
with the vocal control mechanisms.—DLR
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7,062,439

43.72.Ja SPEECH SYNTHESIS APPARATUS AND
METHOD

Paul St John Brittan and Roger Cecil Ferry Tucker, assignors to
Hewlett-Packard Development Company, L.P.

13 June 2006 (Class 704/260); filed in United Kingdom 4 June
2001

This patent describes a talking computer system, which includes a
recognizer 11, a dialog manager 7, and a speech synthesizer 12, but the
emphasis here is on the synthesis system. More particularly, a mechanism is
described by which the system can monitor its own speech output and evalu-
ate the quality of the synthesized result. The core of the self-evaluation
system seems to be that the speech is simply run through the recognition
system and judged according to the usual recognition performance issues,
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such as the percentage of correctly recognized phonemes, etc. But other
characteristics are also monitored for their adequecy in expressing the state
of the dialog control system, such as the appropriateness of the resulting
prosodic patterns or the word-selection choices. The self-evaluation unit can
then rephrase the utterance and resynthesize as needed to improve the
evaluation.—DLR

7,209,882

43.72.Kb SYSTEM AND METHOD FOR TRIPHONE-
BASED UNIT SELECTION FOR VISUAL
SPEECH SYNTHESIS

Eric Cosatto et al., assignors to AT&T Corporation
24 April 2007 (Class 704/235); filed 10 May 2002

This patent describes a method to generate a video sequence (of a
mouth moving) to an arbitrary tract of speech.—GFE

7,212,628

43.72.Kb ECHO CANCELLATION/SUPPRESSION
AND DOUBLE-TALK DETECTION IN
COMMUNICATION PATHS

Mirjana Popovic and Dieter Schultz, assignors to Mitel Networks
Corporation

1 May 2007 (Class 379/406.08); filed in United Kingdom 31 Janu-
ary 2003

The patent describes a straight-forward method to suppress echoes via
a level threshold.—GFE
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7,058,579

43.72.Ne SPEECH INPUT SYSTEM, SPEECH
PORTAL SERVER, AND SPEECH INPUT TERMINAL

Soshiro KuzunuKi et al., assignors to Hitachi, Limited
6 June 2006 (Class 704/270.1); filed in Japan 2 October 2001

What is covered here, by the single claim of this patent, is a run-of-
the-mill speech recognizer, organized for use in a network environment.
Such organization involves separating the speech input device, typically a
microphone, from the recognition processor, using network protocols to
transmit the audio signal. Details of a particular recognition architecture are
not specified, but the claim does describe a grammar organization which
allows the recognition results to be parsed into a command portion and an
object text portion. The patent text also mentions a coding method by which
letters may be extracted from recognized commands and used to build up a
rapid-access command dictionary. Speech examples are presented in the
patent in Japanese characters. The reader’s Katakana skills will be
helpful.—DLR

7,062,019

43.72.Ne METHOD OF PROVIDING SPEECH
RECOGNITION FOR IVR AND VOICE
MAIL SYSTEMS

Mike Krack, assignor to Avaya Technology Corporation
13 June 2006 (Class 379/88.04); filed 27 July 2001

This patent argues the case that the telephone system consists of a very
large number of voice terminals, most of which can also easily transmit
Touch-Tone™ (DTMF) signals, but can not easily receive such signals. In
addition, this telephone system also includes a number of DTMF-capable
voice messaging systems (VMSs), which can receive DTMF signals and
transmit voice signals, but many of which cannot receive voice signals.
What is thus needed for full interactive voice response (IVR) is a system,
referred to here as an adjunct processor, or gateway, which has the capability
of full interaction using voice signals and which can also transmit DTMF
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signals to be received by a VMS. Rather than using a party-line or
conference-call type of telephone connection, the adjunct processor 122
would initially receive calls to be handled by the VMS 118 and would, in
turn, call that system to process the customer’s request. Details of the small-
vocabulary speech recognition system are scant other than a listing of some
command words which would be recognized and converted to DTMF
tones.—DLR
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7,054,813

43.72.Ne AUTOMATIC GENERATION OF EFFICIENT
GRAMMAR FOR HEADING SELECTION

James R. Lewis ef al., assignors to International Business
Machines Corporation
30 May 2006 (Class 704/251); filed 1 March 2002

The object of the patented speech recognition system is to use a
“heading” to generate a small, efficient grammar for a specific speech rec-
ognition task based on a sample of the expected input speech. What is meant
here by a heading is a “text word or phrase specifying the title, headline,
content description or name of an associated book, chapter, subpart of a
larger work, story, article, news item, electronic document, or the like.” The
set of words found in the heading is used to locate and install a small,
efficient speech-recognition grammar suitable for the content of the item to
be recognized. The patent also notes the possibility of using the heading
information to help with the general task of document classification.—DLR

7,209,880

43.72.Ne SYSTEMS AND METHODS FOR DYNAMIC
RE-CONFIGURABLE SPEECH RECOGNITION

Bojana Gajic et al., assignors to AT&T Corporation
24 April 2007 (Class 704/231); filed 6 March 2002

Speech recognition as an input method for mobile devices is made
more accurate by adapting automatically for individual transducer response
characteristics and environmental background noise parameters. The system
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first determines the identity of a speaker via a unique user identifier code
entered at the beginning of a session. This code is used to find linguistic
constraints from previously recognized application fields. Word lattice inter-
relationships are determined by applying at least one language model to a
single concatenated lattice resulting from speech utterances.—DAP

7,207,942

43.80.Vj ADAPTIVE GRATING LOBE SUPPRESSION
IN ULTRASOUND IMAGING

Kutay F. Ustuner and Albert Gee, assignors to Siemens Medical
Solutions USA, Incorporated
24 April 2007 (Class 600/443); filed 25 July 2003

The presence of grating lobe energy in received ultrasound echos
is determined by processing the echos. Receive beamformation is then al-
tered as a function of the grating lobe energy level to suppress grating
lobes.—RCW

7,207,943

43.80.Vj SYNTHETIC ELEVATION APERTURE FOR
ULTRASOUND SYSTEMS AND METHODS

Stephen R. Barnes et al., assignors to Siemens Medical Solutions
USA, Incorporated
24 April 2007 (Class 600/447); filed 24 March 2004

An aperture associated with a transducer in an ultrasonic imaging sys-
tem is mechanically or electronically shifted and echos are obtained from
different positions of the aperture. The echos are used to form a synthetic
aperture for beamformation in the elevation dimension. Imaging is per-
formed either without synthetic elevation aperture processing or by using
synthetic elevation aperture processing with different elevation focusing and
scanning parameters.—RCW

7,217,242

43.80.Vj ULTRASONIC METHOD FOR VISUALIZING
BRACHYTHERAPHY SEEDS

Sheikh Kaisar Alam ef al., assignors to Riverside Research
Institute
15 May 2007 (Class 600/439); filed 12 March 2003

Imaging of brachytherapy seeds is enhanced by illuminating them at
their determined resonant frequency and using Doppler to detect their vibra-
tion, by determining their acoustic signature, and using cross-correlation to
detect their presence, or by comparing images obtained before and after the
application of stress.—RCW
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7,214,191

43.80.Vj MULTIPLANAR ULTRASONIC VASCULAR
IMAGING DEVICE, SYSTEM INCORPORATING
SAME, METHOD OF USE AND PROTECTIVE
SHEATH

Bradley J. Stringer ef al, assignors to Inceptio Medical
Technologies, L.C.
8 May 2007 (Class 600/459); filed 21 June 2004

The transducer assembly in this system is used to obtain ultrasound
images in two perpendicular planes. Markings on the assembly facilitate
12

16
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orientation of the transducer on the patient and guidance of a needle toward
a target vessel during a cannulation procedure. The assembly includes a
means to place, align, and secure it at a desired location on the skin of a
patient.—RCW

7,217,243
43.80.Vj ULTRASOUND DIAGNOSIS APPARATUS

Hideki Takeuchi, assignor to Aloka Company, Limited
15 May 2007 (Class 600/447); filed in Japan 25 June 2003

A two-dimensional array is divided into subarrays for transmission and
reception of ultrasound. Signals received from elements in the subarrays are
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phase-adjusted and summed. The receive signal groups from the subarrays
are also phase-adjusted and summed. Subarray elements are excited in
groups during transmission.—RCW
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LETTERS TO THE EDITOR

Existence of extraordinary zero-curvature slowness curve in

anisotropic elastic media (L)

Litian Wang and Kent G. Ryne

@Dstfold University College, Engineering, 1757 Halden, Norway
(Received 26 June 2007; revised 14 July 2007; accepted 19 July 2007)

Acoustic wave propagation in elastic media is characterized by the slowness surface. The slowness
surface consists of three sheets associated with three modes of wave propagation and the two outer
sheets can have zero-curvature locally. It is shown that the outmost sheet can admit extraordinary
zero-curvature and the slowness curve can appear as a straight line locally. Using the perturbation
method, the conditions for the extraordinary zero-curvature are derived analytically without
violating the thermodynamic condition for elastic media. The results can be applied to crystals with
higher symmetry and to the study of phonon focusing and surface waves.

© 2007 Acoustical Society of America. [DOI: 10.1121/1.2770546]

PACS number(s): 43.35.Pt, 43.20.Bi, 43.35.Gk [PEB]

The slowness surface that characterizes acoustic wave
propagation in elastic media plays a central role in under-
standing the anisotropic phenomena associated with bulk
waves, phonon focusing, and surface waves.' ™ As an impor-
tant parameter, curvature of the slowness surface has been
studied extensively in describing caustics in the phonon im-
aging where the caustics are related to parabolic lines on the
slowness surface.* Since the slowness surface consists of
three sheets associated with three-mode wave propagation
and the two outer sheets can have zero-curvature, an inter-
esting question can be raised as to whether the outermost
sheet can have extraordinary zero-curvature. The extraordi-
nary zero-curvature refers to the case where the slowness
curve becomes straight locally in certain directions. The
present work is to prove the existence of extraordinary zero-
curvature in the vicinity of a twofold symmetry axis in
monoclinic elastic media.

Wave propagation in anisotropic elastic media is gov-
erned by the Christoffel equation.k3 For a given propagation
direction k, the Christoffel equation is given by

FA=9A, (1)

where I'=kicjik;, y= pv?, and cjjir denotes the elastic stiff-
ness tensor. Being a three-dimensional matrix, I" yields three
eigenvalues in terms of pv?(k), leaving three slowness sur-
faces s(k)=1/v(k) associated with |k|=1. The innermost
sheet describes the quasi-longitudinally polarized waves and
is convex globally, while the two outersheets represent the
quasi-transversely polarized waves and can be concave lo-
cally. The local concavity plays a central role in the study of
phonon focusing and surface waves in anisotropic elastic
media.*™®

Without losing generality, we consider a monoclinic me-
dium with a twofold symmetry along the e, axis. Monoclinic
media are usually described by 13 elastic stiffness constants,
and only 12 of them are independent. By properly choosing
the coordinate system, we can transform the elastic tensor
into the one with 12 elastic constants leaving c45=0. This is
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done by setting e, parallel to the polarization of the trans-
verse mode defined by pv’=css with k:ez.3 The following
discussion is confined to the wave propagation along the e,
axis (the twofold symmetry axis), and the normal curvature
with respect to e,—e, plane. Defining the wave vector with
k=cos fe,+sin fe,, the matrix I" can then be formulated by

css+Ajssin’ 0 C16sin” 0 dy3cos @sin 60

C165in” 0 Cag+ Agy sin® 0 C36C08 Osin 6 |,

dy3 cos fsin 0 C36 COS Bsin 0 ¢33+ Agysin’ 6

(2)

where Aj=cp—cy; andrd13=c13+c55. By normalizing elastic
constants against ¢,/ Vp, the three eigenvalues vy, give three
slowness curves with sa(ﬁ)zvgl(ﬂ): y;”z(ﬁ).

It is well known that along the e, axis the two outer
slowness curves can have zero-curvature. However, whether
the outermost slowness curve can have extraordinary zero-
curvature has not been studied because its significance was
not fully recognized. Geometrically, the extraordinary zero-
curvature, if it is possible, would require vanishing first
and/or second derivatives of the curvature. Because of the
twofold symmetry about the e, axis, the slowness curves are
symmetric with respect to the e, axis; it leaves dy/d6 and
d*y/d@® zero simultaneously. Since the slowness curves can
be expressed in terms of one parameter 6, the normal curva-
ture for the slowness curve and its second derivative in the
vicinity of e, axis can be defined by

k==7" (y+37)] ooy 3)

k/I:4,y1/2 (,y_ é,y(4))|0=0 (4)

The main difficulty is to derive general analytical ex-
pressions for the slowness curves. In the vicinity of the e,
axis, by rewriting the matrix I' as I'°+V(6), where I'°
=diag [css,c44,C33], We can obtain explicit expression for the
slowness by using the perturbation method. We expanded the
matrix V(6) in the vicinity of the e, axis (#=0) and applied
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the perturbation method up to the fourth order. The general
expression for the fourth order correction on eigenvalues v,
is given by

Vanm V V}l
=222 Y

mzn ki pin = WA= Ha =70
3 [
mzn ki L (Y= V)" (¥ = %)
VoV }
- - A

Vv 2V 2
_E E|: 0| mn|| nkl
(n

m#n k#n - 721)2(72_ 72)

1 |an|2|Vnk|2 :| + |an|2|Vnn|2
2(7’2 - Y?n)(yg - 72)2 m#n (72_ 79n)3

Aleds)

2\ k%n (72 - 71?)2 k#n Yn 72

Note that the unperturbed eigenvalues are given by 7(1)
=Cs;s, 7(2):044, and yg=c33, and their corresponding eigenvec-
tors are e,, e,, and e,, respectively. The eigenvalue vy, for the
outermost slowness curve can then be explicitly expressed as

Vi, Vi . Vi (Vay = Vi)
N=-7 A=A (F-97
Vis(Vi3 = V) 2V15Vi3Vo3

Yi=css+ Vi +

A-9* - -A
VLl[(Vya = Vi)? = Vil Vi[(Va3 = Vi) = Vi)
(W -9’ (W -7’

+ V%z(V%s - V%a) +2VVi3Vas(Vo, = Vi)
(A= M*(A =)

N Vi(V3 = Vi) + 2V VisVas(Vas = Vi)
(V= A - A

: (5)

where

Vii=A5(62 = 673),  Vyy=Ag(6° - 6'/3),

Vis=As(P = 673), Via=c6(6* - 6'73),

V13=d13(0—263/3), V23=C36(0—203/3).

From (3) and (5), we can determine the normal curvature
k, for the outermost slowness curve:

ky == (c11Azs — di3)/(Ass \/C_ss)- (6)

When the normal curvature becomes zero, we would have a
flat slowness curve in the vicinity of the e, axis. The second
derivative for the normal curvature k| describes how the cur-
vature changes in the neighborhood of the e, axis. From (4)
and (5), we have
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FIG. 1. (Color online) Slowness surface of an artificial monoclinic medium.
Three-quarters of the slowness surface are illustrated with the viewpoint

from (110) direction. The outer sheet exhibits extraordinary zero-curvature
in the neighborhood of e, axis with respect to (100) and (010) planes.

ki = 4\/0_55(A35A45)_1(— 305} + 3¢36As5d4
- 4A§5A45d%3 +3(cy +e33— 2055)A35A45d%3
= 601603603513 + 3163 + 11A35A ). (7)

When both k; and k| vanish, the slowness curve will exhibit
extraordinary zero-curvature and appears like a straight line
locally in the neighborhood of the e, axis.

Setting (6) and (7) to zero, we obtain the conditions for
the existence of extraordinary zero-curvature in the vicinity
of the twofold symmetry axis:

) 22
cdss=dj; and  (cyjc36—di3c16)” = 11655045, (8)

A similar result can also be reached for the normal cur-
vature along the e, axis with respect to the e,—e, plane. By
defining the wave vector k=cos 6 +sin fe,, the condition
for the existence of extraordinary zero-curvature in the vicin-
ity of =0 is given by

_ 2 2_ 2
ceslzs=c3s and  (ceedas — C26C36)” = CoeCasldas, )

where dy3=cy3+Cy4.

Figure 1 illustrates the slowness sheets for an artificial
monoclinic medium satisfying the conditions (8) and (9) and
Fig. 2 illustrates two cross sections in the e,—e, and e ,—e,
planes, respectively. The medium is defined by the following
elastic stiffness constants: ¢;;=1.0, ¢,=0.3, ¢;3=0.25, ¢¢
= 13/45, C22:O.8, C23:O.15, C26:0.3695, C33:O.4025, C36

FIG. 2. (Color online) Slowness curves in (a) (010) plane and (b) (100)
plane of the artificial monoclinic elastic medium. The local extraordinary
zero-curvature on the outer slowness curve along (001) is marked with the
straight lines.
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=0.27, ¢44=0.298, c55=0.2, and c=0.36. It can be proven
that the middle slowness curve can have zero-curvature k,
=0, but the second derivative k) is always positive.

It should be emphasized that the conditions (8) and (9)
do not contradict the basic requirement for thermodynamic
stability. It can be shown that there is an eight-parameter
family (cy;,¢12,C13,Ca25C23,C36>Caa,Css) Of monoclinic elas-
tic media that admit such an extraordinary zero-curvature
slowness curve. The existence condition for such a slowness
curve can also be satisfied in crystals with higher symmetry
when a slowness curve is associated with a nonsymmetry
cross section of the slowness surface.

The condition for the zero-curvature from (6) is consis-
tent with the earlier studies."*’ The second derivative for the
normal curvature k7 is of great significance in the theories of
phonon focusing and surface waves. Geometrically, the
slowness surfaces has degree of freedom 6, i.e., it can be
intersected by a straight line at most at six points.l When a
line contacts tangentially at the point with the extraordinary
zero-curvature, the contact point can be regarded as six co-
inciding points on the surface. Such a point represents an
extraordinary degeneracy in the Stroh formalism for two-
dimensional elastodynamics.8 In its neighborhood, one can
expect that there exists a supersonic surface wave. In the
phonon focusing, the extraordinary zero-curvature implies a
boundary between concave and convex regions of the outer
slowness sheet and can then be used to characterize the pat-
terns for various types of caustics. It is worthwhile to men-
tion that, in the phonon imaging,4’7 Gaussian curvature, a
product of two principal normal curvatures K - K,, is usually
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used to describe the local geometry of slowness surfaces.
Although the extraordinary zero-curvature discussed here re-
fers to the transverse normal curvature with respect to two
orthonormal planes, it may still be used to depict some char-
acteristics of the local geometry of slowness surfaces be-
cause most of the characteristic points in the phonon focus-
ing are related to the vanishing of the abovementioned
transverse normal curvature.

To summarize, the slowness curve with extraordinary
zero-curvature in the vicinity of the twofold symmetry axis
in monoclinic elastic media is examined with the perturba-
tion method up to the fourth order and is exemplified for the
first time. More physical insights concerning the bulk/surface
wave propagation and the phonon imaging remain to be ex-
plored.
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Further results for antiplane scattering by a thin strip (L)
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A result, which does not appear to be available elsewhere, concerning the far-field scattering of
antiplane waves by a single thin crack in an elastic solid is obtained in this letter. Specifically, the
angular shape function is derived, with scattering coefficients expressed in terms of the
crack-opening displacement. With this function, numerical values for effective speed and
attenuation through a distribution of parallel cracks are obtained.

© 2007 Acoustical Society of America. [DOI: 10.1121/1.2773994]

PACS number(s): 43.35.Cg, 43.20.Fn, 43.20.Bi, 43.20.Rz [LLT]

I. INTRODUCTION

Scattering of antiplane (SH) waves by thin cracks is re-
examined in light of the theory proposed by Waterman and
Truell (WT),l where scatterers are represented as equivalent
line scatterers. In contrast, cracks have also been treated as
finite-size scatterers.” In this letter, we compare the two
approaches—that of line scatterers and that of finite-size
scatterers. The WT approach uses the angular shape function
corresponding to a single crack, which provides a measure of
the wave motion scattered by the crack in the far field.

For this reason, we determine the exact analytical ex-
pression of the angular shape function in all directions. This
result, to the best of our knowledge, is not available in ana-
lytical form in references on the subject.3 0 particular, we
give exact expressions for the scattering coefficients in terms
of the displacement discontinuity across the crack faces. The
low-frequency limit of the far-field scattering is derived.

We determine next the effective wave number corre-
sponding to a distribution of parallel cracks. We compare
numerically the effective speed and attenuation with previ-
ous results,2 where cracks are represented as finite-size scat-
terers. The results coincide for low crack concentration.

Il. FORMULATION AND PRELIMINARIES

Consider a thin crack in a linearly elastic, homogeneous,
and isotropic solid subjected to SH waves, as shown in Fig.
1. The crack has width 2a and infinite length in the y, direc-
tion. In the (y;,ys) plane, it is regarded as a line of discon-
tinuity across which the component u, of the displacement is
discontinuous. For normal incidence of a SH wave traveling
in the y; direction, the scattered displacement u, is antisym-
metrical with respect to the plane y;=0. We consider a
steady-state situation. In the following, we omit the time-
factor exp(—iwt), which is common to the incident wave and

“Electronic mail: c.aristegui @lmp.u-bordeaux1.fr
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to the displacement and stress components in the solid. The
symbol w stands for angular frequency. We define the un-
known function b in the interval (-a,a) by7

f b(v)dv, v <a

MZ(y1’0+): V1 (1)
0, il =a,
together with
f b(v)dv =0. (2)

The function b may be interpreted as a dislocation density
across the crack faces.

Let c7 be the speed of transverse waves in the solid. The
scattered displacement u, satisfies the Helmholtz equation in
the solid with wave number k=w/c7 and the boundary con-
dition
y3=0. (3)

By taking the Fourier transform of the Helmholtz equation
for u, with respect to the y, variable, solving the resulting
ordinary differential equation, and using the boundary con-
dition (3), together with Eqgs. (1) and (2), one finds that the
function b is a solution of the following singular integral
equation:7

ur(y,y3)=0, |y =a,

“ 1
J b(v)[ +S(v—y1)}dv=iﬂ'u0k, | <a, (4)
—a U=y

where u, is an amplitude factor for the displacement of the
time-harmonic incident wave, and i is the imaginary unit.
The function § is given by

S(y) = f (E—l)sin@y)dg, (5)
o \&

with B defined by 8*>=&—k* and Im 8=<0.

We can express the steady-state scattered displacement
u, at any point in the solid by using Green’s representation
formula. One finds that’

© 2007 Acoustical Society of America
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FIG. 1. Incident SH wave impinging normally on a crack.

. ¢ s
uz(yl,y3)=%Sgn(y3)ky3 f s )H(”(kro)ds (6)

-a )

where ry is defined by rj=(y,—s)’+y3. In Eq. (6), sgn de-
notes the sign function, and H(1 is the Hankel function of
first order.

lll. FAR-FIELD SCATTERING

Let (r, 6) denote the position of a point in the half-plane
vy3>>0, as shown in Fig. 1. The distance r and the angle 6 are
defined, respectively, by r’*= y%+ y% and cos #=ys3/r. Thus,
for r>s, one has

ry = r(l - i sin ") +0(r7). (7

Then, one infers for r>a that

) 2 3T
H; ' (krg) = \| — exp| i| kr — ks sin 6 — —
wkr 4

- H(ll)(kr)e—ikx sin {-)‘ (8)
It follows from Egs. (6)—(8) that

i “ o
uy(r,0) = Ek cos QH(II)(kr)f U, (5,0%) e ks sin 6 9)

(r>a, 0<60<2m).

Observe that the displacement u,(s,0%) is an even function
of s for normally incident SH waves. Thus, it follows from
Eq. (9) that u,(r, 8)=u,(r,—6), with 6 oriented as in Fig. 1.
Substituting Egs. (1) and (8) into Eq. (9), then interchanging
the integration order and using Eq. (2) in the resulting ex-
pression, one finds that the far-field scattered displacement
(9) can be written in the equivalent form

uz(r,0)=u0\/i—exp< <kr+ ))f(&) (10)

where f(6)=f(-6) and f(7—60)=—f(6). In Eq. (10), the an-
gular shape function f is defined by
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k cos 6

1(0)= B(0), (11)
21T
where
_ ; ¢ —ikv sin 6
B(6) = kg sin ﬁf_a b(v)e dv (12)

(0#nm n=0,1,2,...).

In the neighborhood of #=0 or 7, using a Taylor series ex-
pansion of the exponential function in Eq. (12), together with
Eq. (2), one finds that

J10) =~ fim) = = ~B(0). (13)
17T
with
B(0) = s ’ vb(v)dv. (14)
UgJ_

We write the angular shape function in the well-known
form

f(e)—l—E &,C, cos no, (15)
T =0

where gy=1 and ¢,=2, for n=1, and C,, represent the scat-
tering coefficients of the crack. Inverting the formula (15),
one has

c,,=irf(a)cos(p0)da, p=012, ... . (16)
0

After some lengthy but straightforward calculations, using
the relations (1), (2), (11), and (12), one finds that the scat-
tering coefficients are given for integer values p=0 by

CZp:Os (17)
1 (% uy(a,0%)

Copr1=5- f ZT{@p + 1)y (ka)
0J —a

+i(2p + 1)E2p+1(ka)—i%}da. (18)

In Eq. (18) J, and E, are, respectively, Bessel and Weber
functions.' Slnce the term C, is that of isotropic scattering,
we infer from Eq. (17) that a crack cannot scatter isotropi-
cally.

IV. LOW-FREQUENCY APPROXIMATION

We present here the Rayleigh limit approximation of the
angular shape function. In Eq. (4), we introduce the notations

@=ka and S(x)=aS(ax). In the limit as & approaches zero,
the function S takes the asymptotic form®

~ 1 i
S =3 G- 2@ (3—0). (19)

The function b that solves Eq. (4), together with Eq. (19),
can be found in closed form.'” Then, substituting b into Egs.
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(12) and (14), and leaving aside real terms of O(@° In @) and
imaginary terms of O(@° In @), one finds that
imo 1
B(0) = B(6) za(ﬂ——ﬂla3> @—0).  (20)
2 16
Observe that the limit (20) is independent of the angle 6.
Substituting Eq. (20) into Eq. (11), one finds that

2
f()=—C,cos 0 (0—0), (21)
i
where the scattering coefficient C; is given by
w2
Ci=— — & +isa. (22)
64 8

The other coefficients Cs,Cs,..
in the limit as @— 0.

. are of order smaller than C,

V. MULTIPLY CRACKED ELASTIC SOLID

Consider a homogeneous, isotropic, and linearly elastic
solid containing a random and uniform distribution of iden-
tical and parallel cracks of width 24, such as that of Fig. 1.
The cracks lie in the (y;,y,) plane. Let n be the number of
cracks per unit area. The effective wave number K of the SH
coherent wave propagating in the y; direction can be calcu-
lated as in WT.""* The result is

2 2

K2=k2(1 +n2k—727f(0)> —k2<n2k—727f(77)> , (23)
where k=w/cy is the wave number in the uncracked solid.
One infers from Egs. (13) and (23) that

K? = k(k - 2inB(0)). (24)

We recall that in Angel and Koba® a complex-valued
wave number is determined for SH coherent waves in a solid
containing parallel cracks. These authors write boundary
conditions for the average exciting field on each finite-size
crack. The cracks are not represented as line scatterers. Their
formula [Eq. (48)], with our notations, is

2 k3

K =m. (25)

Let e=na® be the dimensionless crack density. Then, in the
limit as & approaches zero, the expressions (24) and (25) are
identical to within terms of O(g?).

The attenuation « and the speed c¢ of the SH coherent
wave are defined by K(w)=w/c(w)+ia(w). In the limit as
®— 0, using Eq. (20), one finds that

em

aa=,—53+0(65) and (26)
16V1 + e

c=—L 0@ na).
VI +em

We observe that the dominant terms in Eq. (26) are identical
to within terms of O(&?), respectively, to those in Eq. (83) of
Angel and Koba.”

1878 J. Acoust. Soc. Am., Vol. 122, No. 4, October 2007

6 T
=67
Sl p—— o=4r 1
— — w@=2r
Rl w=7 ' N
s 3| -
=
2 4~ _|
4
1+ ) _
" ‘.
0 ilacald it |-
-)2 -4 0 /4 z/2

FIG. 2. Modulus [f(6)| of the angular shape function vs the observation
angle 6 for values of the dimensionless frequency @=r, 2, 47, and 6.
The number of lobes increases with frequency.

VI. RESULTS AND ANALYSIS

The dislocation density b in Eqgs. (12) and (14) is ob-
tained by solving numerically the singular integral equation
(4) with the auxiliary equation (2).'* For four values of @,
the modulus |[f(#)| of the angular shape function is shown in
Fig. 2 versus the angle 6; it is symmetrical about #=0, and
vanishes at §=+7/2, as expected. It takes the same values
on either side of the crack (y;>0 or y;<<0). The maximum
of |f(6)| occurs at =0, for all values of @&. More sidelobes
appear as @ increases.

For normal incidence, the attenuation « and the speed ¢
of the SH coherent wave in a solid containing identical par-
allel cracks are calculated by using Eq. (24). Results are
presented in Figs. 3 and 4, respectively, for aa and c/cy
versus the dimensionless frequency @. The crack density
takes values £=0.01, 0.03, 0.05. In these figures, earlier pre-
dictions are also displayed with triangular symbols.2 We find
very good agreement between the two approaches for e
=0.01 and 0.03, as expected from the discussion in the pre-
ceding section.

0S5 —————————————

0.1

aa

0.05

FIG. 3. Attenuation vs the dimensionless frequency for crack densities &
=0.01, 0.03, and 0.05.
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FIG. 4. Wave speed vs the dimensionless frequency for crack densities &
=0.01, 0.03, and 0.05.

VIl. CONCLUSION

We have considered the scattering of normally incident
SH waves by a two-dimensional line crack of finite width
embedded in an unbounded elastic solid. We have derived
analytical expressions for the angular shape function and the
scattering coefficients. This has been used to evaluate the
coherent scattering of SH waves in elastic solids containing
multiple cracks.
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A further test of the linearity of temporal summation in forward

masking (L)
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An experiment tested the hypothesis that the masking effects of two nonoverlapping forward
maskers are summed linearly over time. First, the levels of individual noise maskers required to
mask a brief 4-kHz signal presented at 10-, 20-, 30-, or 40-dB sensation level (SL) were found. The
hypothesis predicts that a combination of the first masker presented at the level required to mask the
10-dB SL signal and the second masker presented at the level required to mask the 20-dB SL signal,
should produce the same amount of masking as the converse situation (i.e., the first masker
presented at the level required to mask the 20-dB SL signal and the second masker presented at the
level required to mask the 10-dB SL signal), and similarly for the 30- and 40-dB SL signals. The

results were consistent with the predictions. © 2007 Acoustical Society of America.

[DOLI: 10.1121/1.2775287]

PACS number(s): 43.66.Dc, 43.66.Mk, 43.66.Ba, 43.64.Kc [JHG]

I. INTRODUCTION

Forward masking refers to the decrease in the detectabil-
ity of a signal as a result of prior stimulation by a masker.
Forward masking has been shown to be highly nonlinear in
listeners with normal hearing. For example, a given increase
in the level of a forward masker produces a much smaller
increase in the signal level at threshold, for signal levels less
than about 30 dB SPL (Jesteadt et al., 1982; Moore and
Glasberg, 1983; Munson and Gardner, 1950). However, it
has been demonstrated that these nonlinear effects can be
simulated by a model that incorporates a compressive non-
linearity, representing the response of the basilar membrane
(BM), prior to a linear leaky integrator or temporal window
(Plack and Oxenham, 1998; Plack er al., 2002). The output
of the temporal window is a linear weighted sum over time
of a quantity proportional to the square of BM velocity.

One of the predictions of linear summation is that the
contribution of a stimulus to masking should be unaffected
by the presence of stimuli before and/or after; the internal
representations of two stimuli separated in time should be
independent. In a recent study the prediction was tested us-
ing two nonoverlapping forward maskers (Plack et al.,
2006). It was demonstrated that the contribution of the sec-
ond masker to masking was unaffected by the first masker,
even when the first masker in the sequence rendered the sec-
ond masker inaudible. The present experiment is a further
test of this prediction. Consider a masking situation with two
consecutive forward maskers, M1 and M2. The levels of the
forward maskers are chosen so that in the first condition M1
has the level required to mask a signal with level L, dB and
M2 has the level required to mask a signal with level L +x
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dB, and in the second condition M1 has the level required to
mask a signal with level L+x dB and M2 has the level
required to mask a signal with level L, dB. We assume that
for a given signal level the masking effect (in terms of the
temporal window model, this is the output of the window in
response to the masker at the time of signal presentation) is
constant at threshold, irrespective of the time of presentation
or duration of the masker, for example. Hence, the combined
effect of the maskers is the same in both conditions: In each
case the total masking effect is the sum of that required to
mask a signal with level L; dB and that required to mask a
signal with level L,+x dB. Because the masking effect is the
same, the linear-summation hypothesis predicts that the sig-
nal thresholds in the two conditions should be identical. If,
however, there is a nonlinear interaction between the
maskers, for example if the first masker reduces the effec-
tiveness of the second when the first masker is higher in
level, the prediction will not hold. The present study there-
fore provides an empirical test of this prediction, which
arises from the hypothesis of linear summation, to further
test the validity of the temporal window model as an account
of auditory temporal masking.

Il. METHOD
A. Stimuli

The signal was a 4000-Hz pure tone. The first masker in
the sequence (M1) was a Gaussian noise, bandpass filtered
between 2800 and 5600 Hz (3-dB cutoffs, 90 dB/octave).
The second masker (M2) was a Gaussian noise, bandpass
filtered between 3400 and 4800 Hz. The signal had a total
duration of 4 ms, which consisted of 2-ms raised-cosine on-
set and offset ramps (no steady state). Quoted levels are peak
equivalent sound pressure levels. M1 had a total duration of
200 ms, including 2-ms onset and offset ramps and a 196-ms
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TABLE I. The absolute thresholds for the signal and the results of Phase 1 of the experiment. The masker levels at threshold are given in decibel spectrum

level for each sensation level of the signal. Standard errors are given in parentheses.

Absolute 10 dB SL 20 dB SL
threshold for

signal (dB SPL) M1 M2 Ml M2 Ml M2 M1 M2

L1 21.9 (0.5) -2.3 7.6 13.3 24.4 28.9 343 47.3 44.0
(0.5) (0.9) (1.5) (2.0) (1.4) (1.5) (1.1) (0.9)

L2 12.9 (0.4) -11.0 14.8 5.1 31.8 194 40.5 30.0 47.8
0.3) (1.1) (1.6) (0.6) (1.1) 0.4) (0.5) 0.8)

L3 11.1 (1.1) -14.9 8.9 0.3 25.8 15.3 34.3 25.0 39.2
(0.8) (4.0) (1.1) (1.1) (1.7) (2.0) (0.7) (0.7)

L4 14.3 (0.4) —-16.1 -6.3 -6.7 11.9 -1.9 24.5 11.7 36.8
(0.4) (2.2) (0.7) (2.9) (3.0) (3.3) (0.9) (3.0)

Mean 15.0 (2.4) -11.1 6.3 3.0 23.5 154 334 28.5 41.9
(3.1) (4.5) (4.2) 4.2) (6.4) (3.3) (7.4) (2.5)

steady-state portion. M2 had a total duration of 6 ms, includ-
ing 2-ms onset and offset ramps and a 2-ms steady-state
portion. The end of M1 coincided with the start of M2. The
silent interval between the end of M2 and the start of the
signal was 4 ms.

The experiment was controlled by custom-made soft-
ware from a PC workstation located outside a double-walled
sound-attenuating booth. All stimuli were generated digitally
with 32-bit resolution and were output by an RME Digi96/8
PAD 24-bit soundcard set at a clocking rate of 48 kHz. The
headphone output of the soundcard was fed via a patch panel
in the sound booth wall to Sennheiser HD580 headphones
without filtering or amplification. Stimuli were presented to
the right ear. Each listener sat in the booth and decisions
were recorded via a computer keyboard. Listeners viewed a
computer monitor through a window in the sound booth.
Lights on the monitor display flashed on and off concurrently
with each stimulus presentation and provided feedback at the
end of each trial.

B. Procedure

Four normally hearing listeners (ages 23-29) took part
in the experiments. Listeners were given at least 2 h training
on the conditions before data collection. The procedure was
similar to that described in previous articles (Plack and
O’Hanlon, 2003; Plack et al., 2006). For both absolute and
masked thresholds, a three-interval forced-choice procedure
was used with an interstimulus interval of 300 ms. Threshold
was determined using a two-up one-down (Phase 1) or a
two-down one-up (absolute thresholds and Phase 2) adaptive
procedure that tracked the 70.7 percent correct point on the
psychometric function (Levitt, 1971). The step size was 4 dB
for the first four turnpoints, and was reduced to 2 dB for 12
subsequent turnpoints. The mean of the last 12 turnpoints
was taken as the threshold estimate for each block of trials.
At least four estimates were made for each condition and the
results averaged.

First, absolute thresholds for the signal were measured
for each listener. The main experiment was then conducted in
two phases:

(i) Phase 1. The level of the signal was fixed at 10-, 20-,
30-, or 40-dB sensation level (SL). In each case, the
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levels of M1 and M2 required to mask the signal when
presented individually were determined. For M1, these
maskers are designated M1(10), M1(20), M1(30), and
M1(40) and similarly for M2.!

(ii)) Phase 2. The threshold for the signal was determined
in the presence of M1, M2, and M1+M2 (M1 and M2
combined). M1 and M2 were presented at the levels
determined in Phase 1. The combined masker condi-
tions were MI(10)+M2(20), M1(20)+M2(10),
M1(30)+M2(40), M1(40)+M2(30).

lll. RESULTS AND ANALYSIS
A. Results

The absolute thresholds for the signal, and the results of
Phase 1, are presented in Table I. Despite the similarity in
absolute thresholds, there is considerable variability in the
masker levels required to mask the signal, particularly at the
higher signal levels. However, this is not uncommon in situ-
ations in which the signal and/or masker are at sound levels
greater than about 30 dB SPL and are therefore subject to
strong compression (e.g. Plack and Drga, 2003; Plack and
O’Hanlon, 2003).

The results of Phase 2 are presented in Fig. 1. The
thresholds for the single masker conditions should be
roughly equal to the signal levels presented in Phase 1. Al-
though this is generally the case at low levels, the mean data
show that the thresholds are less than expected at the higher
levels (30 and 40 dB SL correspond to mean signal levels of
45 and 55 dB SPL; see Table I). The combined masker
thresholds are, in general, considerably higher than the high-
est single masker threshold. With the exceptions of listeners
L1 and L4 in the M1(20)/M2(10) condition, “excess” mask-
ing is observed in all cases. This is indicative of a compres-
sive system (Oxenham and Moore, 1995). A repeated-
measures analysis of variance (ANOVA) [overall level
(10/20,30/40) X masker sequence (low M1/high M2, high
M1/low M2)] conducted on the combined masker thresholds
revealed a highly significant effect of overall level [F(1,3)
=1090, p<0.0005] but no effect of masker sequence [
F(1,3)=0.17, p=0.71] and no interaction [F(1,3)=2.24, p
=0.23]. The results from L1 and L4 in the M1(20)/M2(10)
condition were somewhat anomalous, in that less excess
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FIG. 1. The results of Phase 2 of the
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masking was observed, resulting in an apparent difference
between that condition and the M1(10)/M2(20) condition.
This could be interpreted as evidence that the higher-level
M1 was affecting the influence of the lower-level M2 for
these two listeners. However, in the same subjects at the
higher level, and in the other two listeners at both levels, no
such evidence was found. Overall, as indicated by the statis-
tical analysis, there was no evidence that the combined
masker thresholds are affected by the order of presentation of
the maskers.

B. Derivation of compression exponents

The technique for deriving compression exponents from
the signal threshold data was the same as that used by Plack
and O’Hanlon (2003). It was assumed that the ratio of the
internal (i.e., postcochlear) signal magnitude to the internal
(or effective) masker magnitude is a constant at signal
threshold. It was also assumed that the internal signal mag-
nitude is a power-law transformation of physical signal in-
tensity. Hence,

Iy = kS5, (1)

where Iy represents the internal effect of the masker, Sy is
the physical signal intensity at masked threshold, c is the
compression exponent, and k is a constant. It was assumed
further that the effect of combining two maskers is a linear
summation of their individual effects. Hence,

)

Substituting Eq. (1) in Eq. (2), and factoring out the constant
k, leaves

Dz =it + o

3)

If Syiisme (the signal intensity at threshold for the combined
maskers), Sy;; (the signal threshold for M1 alone), and Sy,
(the signal threshold for M2 alone) are all known, it is pos-
sible to determine the compression exponent c. This was
achieved using the SOLVER algorithm in Microsoft Excel.
The derived compression exponents are shown in Fig. 1.
The exponents for the mean data were derived from the mean

c _ ¢ ¢
Miem2 = Smi + Smaz-
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signal thresholds, rather than being simply the mean of the
compression exponents across the four listeners. The values
for the higher-level stimuli, 0.18 for M1(30)/M2(40) and
0.16 for M1(40)/M2(30), are close to the values reported in
previous studies (e.g., Oxenham and Plack, 1997; Plack and
O’Hanlon, 2003). Also as expected, there is a tendency for
the values to increase at low levels, particularly for listeners
L1 and L4. A repeated-measures ANOVA [overall level
(10/20,30/40) X masker sequence (low M1 / high M2, high
M1 / low M2)] conducted on the compression exponents
revealed a nearly significant effect of overall level
[F(1,3)=9.08, p=0.057] no effect of masker sequence
[F(1,3)=1.28, p=0.34] and no interaction [F(1,3)=2.66, p
=0.20].

IV. CONCLUSIONS

Overall, the results are consistent with the hypothesis
that the masking effects of nonoverlapping forward maskers
combine in a linear manner (although this is only tested for
masker and signal levels up to about 70 dB SPL in the
present study). Furthermore, the compression exponents de-
rived from the signal thresholds are consistent with previous
psychophysical and physiological (Ruggero er al., 1997,
Yates et al., 1990) measures of BM compression, suggesting
that the main nonlinearity in forward masking is the result of
cochlear processing. After quasi-instantaneous cochlear com-
pression, the effects of combining nonoverlapping maskers
can be well described by a time-invariant linear system.

ACKNOWLEDGMENTS

The authors thank the Editor and two anonymous re-
viewers for constructive comments on an earlier version of
the manuscript. The work was supported by EPSRC (UK)
Grant No. GR/N07219, BBSRC (UK) Grant No. BB/
D012953/1, and NIDCD Grant No. RO1 DC 039009.

'Phase 1 provided the masker levels required to the test the hypothesis using
the combined masker thresholds from Phase 2 (Sec. III A). Although the
second analysis in terms of compression exponents (Sec. III B) could be
done using signal thresholds measured with arbitrary masker levels in
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Phase 2, Phase 1 is necessary to at least approximately match the effective-
ness of the maskers. If one masker is much more effective than the other it
will dominate masking in the combined case, and the derivation of the
exponent will be unreliable.
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Differential reductions in acoustic startle document the
discrimination of speech sounds in rats (L)
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The intensity of a noise-induced startle response can be reduced by the presentation of an otherwise
neutral stimulus immediately before the noise (“prepulse inhibition” or PPI). This effect has been
used to study the detection of gaps and other stimuli, but has been applied infrequently to complex
stimuli or the ability to discriminate among multiple stimuli. To address both issues and explore the
potential of PPI, rats were presented a series of 5 tasks, most contrasting a pair of speech sounds.
One of these (the “standard” stimulus) occurred frequently but rarely preceded the startle stimulus.
The second occurred infrequently (as an “oddball”) and always preceded a noise. In each such task,
startle responses were inhibited more by the oddball than by the standard stimulus, usually within
the first test. This suggests that PPI can be adapted to studies of the discrimination of speech and
other complex sounds, and that this method can provide useful information on subjects’ ability to
discriminate with greater ease and speed than other methods. © 2007 Acoustical Society of America.

[DOL: 10.1121/1.2770548]

PACS number(s): 43.66.Gf, 43.80.Lb, 43.71.Es [JES]

I. INTRODUCTION

Studies of “reflex modification” use changes in the la-
tency or magnitude of reflex responses to assess information
processing. In one variant, stimuli that precede a loud noise
can decrease the size of the subsequent startle response, a
change described as “prepulse inhibition” (PPI). The present
study was designed to determine if PPI can be adapted to
study the processing of speech sounds by animals.

PPI has been studied for more than 40 years (Hoffman
and Searle, 1965). Early studies surveyed the impact of pa-
rameters including the intensity of the initial stimulus, or
“prepulse,” the intensity of the startle stimulus, and the du-
ration of the interstimulus interval ( Hoffman and Ison,
1980). The results permitted the use of PPI to explore the
mechanisms underlying detection, for instance by assessing
the impact of damage to auditory cortex on the inhibition
produced by a variety of prepulses (Bowen et al., 2003).

Currently, PPI is used in at least two overlapping con-
texts. First, it is used to measure the capacity for “sensorimo-
tor gating” (Braff and Geyer, 1990). The concern here is
mechanisms that act early in information processing to focus
that processing in an automatic or “preattentive” way. Sec-
ond, PPI is used to study later “attentive” steps in the selec-
tion of information for processing. In each of these cases,
recent research has used PPI to test for information process-
ing deficits in a variety of populations (e.g., Hawk et al.,
2003) and to explore some of the mechanisms that underlie
deficits in information processing (e.g., Schell et al., 2000).
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Though PPI has been used extensively to study detec-
tion, it has been used much less often to study the discrimi-
nation of multiple stimuli from the background and each
other. Further, of discrimination studies using PPI, most have
used an explicit attentional manipulation to stimulate dis-
crimination (e.g., Hawk er al., 2003). If one wanted to use
PPI to study discrimination in animals, it would seem neces-
sary to manipulate task structure instead, for instance by cre-
ating prepulses that relate to the startle stimulus differently.
To our knowledge, the first study to use such an approach
exposed rats to tone pairs that ascended or descended in fre-
quency (Clark ef al., 2000a). One stimulus helped to define
the acoustic background: It was presented very frequently,
but rarely preceded a noise. The other stimulus, or “oddball,”
was designed to stand out from this background: It was pre-
sented infrequently and always preceded a noise. Across a
wide range of stimulus parameters, startle responses were
inhibited more by the oddball than the background stimulus.
These and many subsequent results (Fitch and Peiffer, 2006)
suggest that PPI can be adapted to the study of discrimina-
tion and represents a more flexible experimental tool than
generally recognized.

We hoped to extend this success by refining PPI and
applying it to speech sounds, stimuli that are more complex
than those emphasized in past work. Speech sounds seem to
merit attention both as examples of complex sounds and for
any insights they can provide into mechanisms of speech
perception. Already, animal models of speech perception
seem to be making valuable contributions to our understand-
ing of how acquired or developmental pathologies affect lan-
guage processing (Fitch and Peiffer, 2006).

© 2007 Acoustical Society of America
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FIG. 1. Sound spectrograms of the 6 speech sounds used as stimuli. The 2
sounds that served as oddballs are described on the left. The 4 that served as
standard stimuli are described in the middle. The combinations that defined
the 4 discrimination tasks are specified on the right.

Past results show that animals can discriminate a variety
of speech sounds (Brown and Sinnott, 2005). At the same
time, these studies suggest that operant methods reveal such
discriminations only with considerable time and effort (e.g.,
Kluender et al., 1987). This obviously slows progress in re-
search that uses speech perception in animals to study lan-
guage processing. To address this issue, we studied speech
perception in rats using an adaptation of PPI, a paradigm in
which other discriminations can be acquired with impressive
speed and that premininary results suggest can be applied to
speech sounds (Clark et al., 2000a,b).

Il. METHODS
A. Animals and test chamber

The subjects were 12 female Sprague-Dawley rats aver-
aging 139 days of age. Except during tests, each was housed
individually in a wire-mesh cage with constant access to
food and water. The colony was maintained at constant tem-
perature and humidity, and on a reversed 12:12 h light:dark
cycle. All methods and experimental treatments were ap-
proved by the University of Texas IACUC.

During testing, an animal was housed in a 20X20
%20 cm® wire-mesh cage in a 67X 67X 67 cm® chamber
lined with 5-cm acoustic foam. The cage was centered on a
startle platform (Lafayette Instrument Co.) that uses a piezo-
electric transducer to generate a continuous record of activity
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level. Sounds generated using an RP2.1 (Tucker-Davis Tech-
nologies) were delivered by a speaker (Optimus Bullet Horn
Tweeter) mounted above the cage, about 20 cm from its cen-
ter. Stimuli were adjusted for the speaker’s frequency re-
sponse using SigCal (Tucker-Davis Technologies). Sound in-
tensities were measured using an ACO Pacific microphone
(PS9200-7016) placed at a height approximating that of a
standing rat’s head.

B. Stimuli and startle response

Startle responses were elicited by 50-ms bursts of white
noise at 102.0 dB. The waveform of each response (the peak
to peak voltage within 500 ms of the noise) was sampled at
10 kHz using an RP2.1 and processed using MATLAB.

The stimuli also included six speech sounds that served
as prepulses. These were derived from syllables (consonant-
[e]-[d]) spoken by a female native English speaker in a
sound-proof chamber. During recording, these were sampled
at 10 us with 16-bit resolution. To adjust them to a rat’s
hearing, frequencies were doubled without changing the am-
plitude envelope (STRAIGHT vocoder, Kawahara er al.,
1998). To shorten prepulses and equate them for elements
other than the initial consonant, all were truncated at 100 ms
into the vowel. The intensity of the loudest 100 ms of each
stimulus then was adjusted to about 60 dB (58.8—60.9).

The resulting stimuli included [bee], [pz], [g&], [f=],
[dze], and [se] (Fig. 1). Initial testing paired [ba] with si-
lence in a detection task. Later tasks required the discrimina-
tion of the sounds in the following pairs, presented in this
order: [ba]/[px], [be]/[gz], [[€]/[d3x], [f]/[se]. Order was
not counterbalanced because of pilot data suggesting that the
later tasks might be the more difficult, along with our initial
uncertainty on rats’ ability to master any of these tasks.

These pairings were designed to create tasks that could
be solved by exploiting differences on particular dimensions
(but see caveat below). Specifically, the first pair combines
bilabial stop consonants differing in voicing ([b] voiced, [p]
voiceless). These should be discriminable on the basis of
voice onset time, a temporal difference. The second includes
consonants differing in place of articulation, permitting a
spectral discrimination revolving around the origins and tra-
jectories of the second formant (low initially then ascending
in [b], high initially then descending in [g]). The third con-
trasts a voiceless fricative with a voiced affricative. These
should be discriminable using the duration of each conso-
nant’s initial noise burst (longer in [{] than [d3]). This is a
temporal difference, but of a different type from that distin-
guishing [b&] and [pa]. The fourth combines voiceless fri-
catives differing in place of articulation. These could be dis-
criminated on the basis of the frequency range of the initial
noise burst (relatively narrow and low for [f], relatively
broad and high for [s]), potentially representing a second
type of spectral distinction. It is important to note, however,
that the availability of a dimension does not guarantee the
exploitation of that dimension. Natural speech sounds vary in
multiple ways (Handel, 1993) and we cannot be sure how
discriminations here were achieved.
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C. Test procedures

Following 1 test on the detection task, each subject ex-
perienced 5 tests presenting [be] and [pe], followed by 4
tests on each of the remaining 3 tasks. Each test included 3
phases. The first, in the detection task, consisted of 5 min of
silence. In the other tasks, it involved the presentation at 1/s
of a standard stimulus, which always was the second stimu-
lus in a pair. Our goal here was to habituate any responses to
this stimulus, causing it to recede into the background.

The second phase introduced the remaining speech
sound (the first in each pair) and the startle stimulus. Ten of
each were presented, with an interstimulus interval of 5 ms
and spaced an average of 30 s (range=15-45 s) apart. Since
the standard stimulus continued to appear at 1/s, it seems
reasonable to refer to the newly introduced speech sound as
an oddball (Clark ef al., 2000a). This phase was designed to
highlight the relationship between the oddball and startle
stimulus. The interstimulus interval was selected on the basis
of pilot testing. It is shorter than generally optimal for PPI
(e.g., Hoffman and Searle, 1965). This disparity may relate
to the fact that much of the information available to support
discriminations was concentrated prior to the vowel, and thus
105 ms or more before the startle stimulus.

Each test concluded with a 20-min “test phase” in which
animals were exposed to a mixture of “cued” and “uncued”
trials, each involving the presentation of the startle stimulus
5 ms after a prepulse. Based on prior usage (Clark et al.,
2000a), cued trials refer to those on which the oddball served
as the prepulse. Uncued trials were those on which no stimu-
lus (detection) or the standard stimulus (discriminations) pre-
ceded the startle stimulus. Each test included 10 blocks of 4
trials, each including 3 cued trials and one uncued, in ran-
dom order and at intervals that again averaged 30 s. Except
during these trials, “unreinforced” presentations of the stan-
dard stimulus continued at 1/s. Considering this, uncued tri-
als are those on which there should be no prepulse that
stands out from the background. Conversely, cued trials are
those on which a prepulse should stand out, as long as the
subject can distinguish the standard and oddball prepulses.
Accordingly, one would expect greater PPI on cued than un-
cued trials, again as long as discrimination is possible.

D. Analysis

The critical data emerged from the test phase and in-
cluded the average magnitudes of responses on cued and
uncued trials. Average responses on the 1 day of detection
testing were compared using a ¢ test for dependent samples.
The initial analysis of the discrimination data applied to each
of these tasks an analysis of variance (ANOVA) using stimu-
lus (standard, oddball) and day of testing (5 days for [ba]/
[pe], 4 days for others) as within-subject factors. Ratios of
the responses on cued and uncued trials (cued/uncued) were
used to describe performance on each task and to compare
levels of performance on the 4 discrimination tasks. Each
data set was tested for heterogeneity of variance. Where
found, significant heterogeneity was eliminated by logarith-
mic transformation prior to ANOVA. Throughout, a probabil-
ity of 0.05 was used to define significance.

1886 J. Acoust. Soc. Am., Vol. 122, No. 4, October 2007

A. [bz]/[pze]
- L.0%
——Cued
200 —{—Uncred
= =O= =Ratio
+0.50
1.00 +
0.00 } } } } 6.00
1 2 3 4 E
B. [bee)/[ge]
-+ L0C
2.00 4+
- "-+“-- 0.50
1.00 +
0.00 + + + .00
1 2 3 4
C. [J=V ]
-+ 1.0
2.00 +
0.50
1.00 +
0.00 + + + 0.00
1 2 3 4
D. [fzx]/[sz]
Lo0

T .
2.00 .
1004 B

0.00 + + 0.00

Absolute level of startle
’
&
\
-5~
b
2
Relative level of startle

Test day

FIG. 2. Solid lines depict daily mean (SEM) levels of startle (represented
in volts on left axis) on cued and uncued trials (filled and open squares,
respectively). Dashed lines depict mean cued/uncued ratios (scale on the
right). Successive test days are represented on the horizontal axis. As indi-
cated, panels (a)—(d) describe performance on the four tasks requiring the
discrimination of speech sounds.

lll. RESULTS

On the only day of detection testing, mean levels of
startle on cued and uncued trials were 1.60 (SEM=0.28) and
3.52 (0.40), respectively. A t test for dependent samples con-
firmed a reliable reduction in the magnitude of startle on
cued trials [£#(11)=8.25, p<0.001, two-tailed].

The first discrimination task included 5 days of
training using [ba] and [pz] as prepulses. ANOVA on
these data revealed a reliable main effect of stimulus
[F(1,11)=26.19, p<0.001], reflecting reduced levels of
startle on cued trials [Fig. 2(a)]. This analysis also revealed a
reliable main effect of days [F(4,44)=10.20, p<0.001]. To-
gether with the absence of a reliable interaction, this reflects
similar declines in cued and uncued responses over the
5 days of testing. These results are consistent with cued/
uncued ratios that were stable and averaged significantly be-
low 1 [mean=0.66, SEM=0.06, #(11)=5.59, p<<0.001, one-
sample ¢ test, two-tailed].
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Analysis of the data from the remaining 3 tasks revealed
similar results. In each, ANOVA revealed a reliable stimulus
effect [F(1,11)=13.99, p=<0.003], reflecting lower levels of
startle on cued trials [Figs. 2(b)-2(d)]. In no case was the
main effect of day or the interaction significant. Again, these
results are consistent with cued/uncued ratios that were
stable over days, with averages consistently below 1 [#(11)
=293, p<0.014].

Though task order was not counterbalanced, we com-
pared performance across the 4 discrimination tasks. This
analysis subjected the cued/uncued ratios to a task X day
ANOVA, including 4 days of testing on each task (the last 4
of those on [ba]/[pa]). This revealed a reliable main effect
of task [F(3,33)=4.04, p=0.015]. This was clarified by the
comparison of ratios averaged over days using the Tukey
test. This revealed just one reliable difference, between the
tasks with the highest and lowest average ratios ([fe]/[s]
and [ba]/[ga], respectively; p <0.05, Fig. 2).

IV. DISCUSSION AND CONCLUSIONS

Our results are consistent with evidence documenting
the value of PPI in studies of sensory function (e.g., Wecker
et al., 1985). They also add to a more recent and smaller
literature suggesting the utility of discriminative forms of
PPI in studies of stimulus discrimination, sensorimotor gat-
ing, and attentional processes (e.g., Clark er al, 2000a;
Hazlett et al., 2001). They extend these studies by demon-
strating how easily PPI can be applied to the discrimination
of complex sounds in animals. The paradigm described here
elicited reliable detection within a single 30-min test. Fur-
ther, it revealed reliable discriminations in each of 4 tasks
presenting different pairs of speech sounds. As in the case of
detection, discrimination on each of these was achieved rap-
idly, most or all within the first test.

The rapidity with which these discriminations were dis-
played is consistent with previous descriptions of PPI as re-
flexive and unlearned (e.g., Hoffman and Ison, 1980). On the
other hand, some of our data are equivocal on this point,
suggesting that stable discrimination on our most difficult
task may not have been achieved until the second test day
(data not shown). This suggests that perceptual or other
learning may be required, at least when PPI is used to moni-
tor some, possibly difficult, discriminations. This is consis-
tent with the changes over tests and conditions seen in some
previous studies (Crofton et al., 1990).

These results confirm the ability of nonhuman animals
to discriminate human speech sounds. In itself, this finding is
not novel (e.g., Brown and Sinnott, 2005). However, the ease
with which discriminations were achieved here contrasts
with the results of most past studies of speech processing by
animals (e.g., Sinnott and Mosteller, 2001). Some of this
contrast probably reflects our use of natural speech sounds,
which incorporate more potential cues for discrimination
than the synthetic stimuli used in much recent operant work
(e.g., Sinnott and Mosteller, 2001). But even operant studies
using natural speech sounds have required many trials for the
emergence of reliable discriminations (e.g., Kluender erf al.,
1987). This suggests that stimulus features account for only
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part of the difference in efficiency between operant methods
and PPI. Consequently, our results support the application of
PPI to tests of complex sound discrimination in animals, sug-
gesting that at least some tasks could be studied more effi-
ciently with some variant of reflex modification than with the
operant methods that currently dominate the field.
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Rayleigh scattering of acoustic waves in rigid porous media
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This paper describes the long wave scattering effect in gas saturated porous media using the
homogenization method. To investigate the deviation from the continuum description, the multiscale
asymptotic expansions are developed up to the third order. The leading (zeroth) order leads to the
Biot-Allard continuum description. The correction of first order induces nonlocal terms in the
dynamic Darcy law and thermal behavior, without modifying the wave characteristics. The
correction of second order introduces additional dispersion effects on the velocity and attenuation.
This theoretical approach is illustrated by analytical results in the simple case of a periodic array of
slits. © 2007 Acoustical Society of America. [DOI: 10.1121/1.2756755]

PACS number(s): 43.20.Fn, 43.20.Gp, 43.20.Jr [KA]

I. INTRODUCTION

This paper is devoted to the low frequency scattering of
acoustic waves propagating in heterogeneous media made of
air and motionless inclusions. This phenomenon occurs in
noise-absorbing materials consisting of air-saturated porous
media of sufficiently rigid and/or dense skeleton, and re-
ceives particular attention in this study. It may also appear in
outdoor acoustics, if one considers, for instance, sound
propagation through dense forest, crop fields, heavy rains,
etc., or in ultrasonics applied to cellular or reticulated media
(light concrete, foams, dried biological tissues, bones, etc.).

Usually, the equivalent fluid model (Zwikker and Kos-
ten, 1949; Allard, 1993) efficiently describes the acoustics of
such media, by means of the second compressional wave [P,
wave in the sense of Biot (1956)]. This modeling captures
the main physical effects, provided that the wavelength, A, is
significantly larger than the characteristic size, [/, of the mi-
crostructure (for usual material [ is about three times the
largest pore diameter). However, when the wavelength is
large, though not too large compared to the microstructure
size, scattering phenomena begin to occur (Stanke and Kino,
1984). This long wave—or Rayleigh—scattering modifies
the wave propagation and must be taken into account to im-
prove the description of the effective properties in the corre-
sponding frequency range. This idea is supported by experi-
ments, e.g., Leclaire er al. (1996), showing that some
deviations from modeling may result from scattering. The
Rayleigh frequency range is bounded by the diffraction fre-
quency, i.e., ®<w,, where w, is such that AN(w,)=27l.

Rayleigh scattering in weakly dissipative heterogeneous
media has been extensively studied and reviews of the litera-
ture on this topic can be found in Bond (1989), Ishimaru et
al. (1997) and Sheng (1995). Nevertheless, only a few stud-
ies [for instance, Tournat et al. (2004)] focus on P, wave
scattering. In fact, the specific features of P, waves invali-
date the results on long wave scattering already established
for other materials for several reasons:
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(1) The physics couples viscous, thermal, and inertial effects
in the transient regime at the local scale that are not
accounted for in classical approaches.

(2) The strong dispersion of the P, wave—evolving from a
diffusion wave, at low frequency, to a propagation wave
at high frequency—induces significant differences com-
pared with purely elastic or diffusive cases.

(3) The high contrast of properties between gas and skeleton
makes the simplifying assumptions of quasihomoge-
neous material irrelevant (e.g., Hirsekorn, 1988).

(4) Finally, considering the usual porosity values, the Born
approximation, assuming weak heterogeneity concentra-
tion (e.g., Gubernatis et al., 1977), cannot be used.

Among several possible approaches, e.g., multiple scat-
tering techniques (Kafesaki and Economou, 1999) Bloch
waves (Turbe, 1982), etc., the method of homogenization of
periodic media (Benssoussan et al., 1978; Sanchez-Palencia,
1980; Bakhvalov and Panasenko, 1989), will be used in this
paper. This multiscale asymptotic method enables one to de-
termine the macroscopic description from knowledge of the
physics at microscopic level, provided that a scale separation
between macro- and microscale is fulfilled (Auriault, 1991).
The procedure is generally restrained to the derivation of the
first significant term that defines the equivalent continuum
behavior. However, in the case of poor scale separation, the
macroscopic continuum description has to be enriched by the
next order terms that induce nonlocal effects [see Gambin
and Kroner (1989) or Boutin (1996) for elastostatic cases].
For mechanical waves in elastic composite materials (Boutin
and Auriault, 1993) it was shown that the so-derived correc-
tors properly describe the Rayleigh scattering effects, that is,
(i) a correction of polarization of the first order (whose am-
plitude linearly increases with the frequency), (i) a disper-
sion of velocity of the second order (increasing with the
square of the frequency), and (iii) an apparent attenuation of
the third order, varying according to the cube of the fre-
quency. A similar approach applied to thermal waves (Bou-
tin, 1995) shows that the complex corrector of the effective
diffusivity induces perturbations of velocity and attenuation,
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which both increase linearly with frequency. Recently, the
static Darcy’s law correctors have been established by Auri-
ault et al. (2005) and the adiabatic acoustic regime was in-
vestigated in Boutin and Bazaille (2005).

The paper is organized as follows. Section II is devoted
to the principle of the homogenization method and to the
basic physical assumptions concerning the medium. Section
IIT presents the macroscopic description up to third order,
and focus on the physical meaning of the correctors. In Sec.
1V, the perturbations of plane wave are examined. Finally, a
simple analytical example is given.

Il. HOMOGENIZATION APPLIED TO THE ACOUSTICS
OF GAS SATURATED POROUS MEDIA

A. Homogenization principle

The macroscopic representation of heterogeneous media
makes sense only if there is a scale separation. This implies
(Auriault, 1991) the following:

(1) The material is regular enough to show a representative
volume element. This is expressed by considering that
the material is composed of repeated identical cells of
characteristic size /.

(2) The phenomenon must vary according to a size L larger
than /. In acoustics, L is related to the wavelength by L
=\/2 (Boutin and Auriault, 1990).

In order to catch the variations at the well distinct lengths L
and /, two space variables are introduced: x for the macrova-
riations and y for the microvariations, x and y being related
by the scale ratio e=//L<1; y=¢€ 'x. It is worth mentioning
that, for a given medium, the actual physical scale ratio €
varies according to the wavelength, and therefore to the fre-
quency.

Moreover, the small parameter € suggests seeking vari-
ables (in the present case: the pressure p, the temperature 6,
and the velocity v) in the form of asymptotic expansions in
powers of e:

pxy) =2 € plx,y), 6x,y) =2 € '6x,y), (1)
0 0

v(x,y) =2 € vix,y),
0

where € means e to the power i, while ip(x, y) is the ith term
of the expansion of p(x,y), etc. The scale separation and
material periodicity induce the same periodicity for the
physical quantities, thus the terms ‘p, ‘4, and v are
Q-periodic according to the variable y. The homogenization
proceeds in three steps:

(1) Performing a physical analysis and rescaling the equa-
tions, using powers of € for expressing the order of mag-
nitude of the dimensionless terms (see Sec. III B).

(2) Two-scale expansions are introduced in the rescaled two-
scale equations and the terms of same power in € are
identified (developed in Sec. II C).
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FIG. 1. Periodic cell () of porous media. {};is the pore volume filled of gas.
I is the air-solid interface. ¢=£2,/{) is the porosity.

(3) The resolution of the problems obtained in series (ex-
posed Sec. III).

B. Harmonic gas motion porous media: Basic and
rescaled equations

The gas saturating the motionless skeleton of porosity ¢
(ratio of the pore volume (), to the volume () of the periodic
cell),

Q,
Yy
=0

is submitted to small harmonic perturbations (of frequency
f=w/2m) from its equilibrium state (where the pressure,
temperature, and density take the values P¢, 7%, and p°). The
variables describing the perturbations are the variations of
pressure, p, temperature, 6, density, p, and the gas velocity v
[D(v) is the strain rate]. The parameters governing the mo-
tion and the heat transfer are the gas viscosity, u, the thermal
conductivity, «, the specific heat ratio, y, and the heat mass
capacity c,. Considering air as a perfect gas, one has the
relation c,(1-1/y)=P¢/Tp".

The linearized equations governing harmonic oscilla-
tions are given by the following (here and in the following
the term exp(iwt) is omitted; V stands for the gradient, A for
the Laplacian, dot stands for contraction, double dots for
double contraction, etc.):

(1) In the pores (£)) of the periodic cell (Fig. 1):
Gas compressibility (mass balance):

div(v) +iw’ = 0. 2)
p

Navier-Stokes equation (momentum balance):

div2uD(v)) = Vp —iwp‘v =0. (3)
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Fourier equation (energy balance):
div(k V ) - iw(pc,0-p) =0. (4)

State equation of the gas

L_e b (5)
P¢ pt T

(2) On the gas—solid interface I', the boundary conditions
are (here and in the following the notation , means the
value on I'):
Adherence condition of the gas:

U/]"ZO. (6)

Isothermal condition imposed by the weak thermal imped-
N v .
ance of air, ercp, compared to that of the solid:

9/1" = 0 . (7)

During wave propagation, the pressure and the density oscil-
late according to the wavelength whereas the velocity and
temperature vary at the pore scale. Then, using the wave-
length as reference length, the Navier-Stokes and Fourier
equations (3) and (4) have to be rescaled, the mass balance
(2) being unchanged. The richest case is obtained when the
pore size is of the same order as the viscous and thermal skin
depths, i.e., |8,[=0(]) where &,=\u/iwp® and |8,|=0()
where §,=Vk/iwp‘c,=O(l) (this is consistent with the fact
that viscous and thermal layer thicknesses are of the same
order for air). This situation leads one to replace Egs. (3) and
(4) by the two following rescaled equations [see, for in-
stance, Boutin et al. (1998)]:

ediv(2uD(v)) - Vp —iwp‘v =0, (8)

div(x V 6) - iw(p’c,0-p) =0. 9)

Note that the gas state equation enables the elimination of
the density, and that the divergence of shear stresses, com-
bined with the mass balance, may be expressed as follows:

div2uD(v)) = u[A(v) + Vdiv(v)]

=,u[A(v)—in (%—%)}

Thus, the system is driven by the three differential operators
acting on the variables p, v, and 6:

G(p,v,0) =0, G(p,v,0)=div(v)+iw(1%—%>, (10)

N(p,v,0)=0, N(p,v,0)=-=Vp—-ip‘wv
+3M[A(v)—iwv<%—%>], (11)

F(p,0)=0, F(p,0)=io(p-p‘c,0)+ €div(k V 6).
(12)
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C. Homogenization process

Using the two space variables x and y=¢"'x, the gradient
V is changed into e‘lVy+ V.. and the Laplacian A becomes
e‘sz+ 26‘1A”+ A, with Ayxzéiivi. Consequently, the opera-
tors G, N, F expressed with the two space variables are
changed into G,,, N,,, F,, whose expansions are given by
Eqgs. (13)-(15):

r
G)Cy(p7v’ 6) = _IG_I(U) + Go(p’v’ 0)?

G'(v) =div,(v), (13)

o L . g_ﬁ)
kG (p,v,&)—dlvx(v)+lw(Pg T ’
rny(P,U, 0)= _IN_](p)+NO(p’v)+ENl(p,U,a),
+ €N (p,v, 0)
N p)=-V,p

€

e Vop—iot
< No(p,v) = pr M,u/v + Ay(lu'v)’ (14)

Pe
N'(p,v,0) =24, (o) - iwﬁ%(;, - F&),

Nz(p’v’ 6) = Ax(/-Lv) - lwﬁvx<p - %60> 5
(Fo(p.0) = F(p.0) + €F'(p) + €F(p),
) F(p,0) =iwp - iwp‘c,0+ kA (),
F'(6) =2kA,,(6),

L F2(0) = kA (6).

(15)

Introduce now the expansions (1) of p, v, and 6 in G,,,
N,,, and F',, and identify terms of identical power of €. These
balance equations become series in power of € identically
equal to zero whatever €<<1, so that each term must vanish.
The so-derived equations at each order—combined with the
adherence and isothermal conditions on I" satisfied by each
‘v and ‘f—lead to a series of problems to be solved recur-
rently. Section III presents the resolution up to the second
order.

lll. DESCRIPTION UP TO THE SECOND ORDER
A. Macroscopic mass balances

Before any resolution let us first mention that each mass
balance of order i=0, reads

{G'("v) +G"(p,'v,'0) = 0;

’+lv,r =0; ™'y Q-periodic}.

The local periodicity introduces a compatibility condition
obtained by integrating the local mass balance on the pore
cell volume:

)

¢

. . h g
{div},(’”v) +div, () + iw(ﬁ - F) }dQ =0.

From the divergence theorem, the periodicity and the
adherence condition on I, the first term vanishes. Then, in-
verting y integration and x derivative,
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J, o)

Introducing the physical (i.e., observable) macrovariables,

divx( J "de)+iw< f —edﬂ
Iy o P

f

€ vdQ = i € 'vdQ,

iV 1
@Jo, 10,

w1
T=—
oy

o1
P=—
1oy

€ ‘pdQ, € '0dQ),

one obtains the macroscopic mass balance at order i,

div ('V) + iqu(;é - ’_T) =0. (16)

B. Expressions of local fields

To go further we need to determine the local fields
('p.'v,"6) by solving successively the harmonic viscothermal
linear problems on the cell. At each order, the problem may
be split into a leading set of equations related to the gas flow,
and a set of equations related to the heat transfer induced by
the gas pressure. The general scheme of the procedure and
the first steps of the resolution are presented hereafter. The
more technical steps are reported in Appendix A.

1. Pressure and temperature at the leading (zero)
order

1

The momentum balance at order € reduces to

N'(%p)= —Vyop =0, which gives

’p(x.y) = "P(x).

This result introduced in the heat transfer at order €, namely
FO(°P,°0)=0, leads to the differential system {S"} set on Q,
governing °6:

O{iw P(x) - iwpecp00+ KAy(OH) =0,

Oﬁ,r =0, °6Q-periodic.

The solution of this linear problem, with °P(x) as forcing
term, may be expressed in the form:

"006y) (l)opﬁ
T - T 5) P (17)

The temperature distribution °7 [solution for °P(x)=P¢/T*]
is complex and depends on the local variable and the fre-
quency through the dimensionless variable y/§,. In the iso-
thermal regime, reached at low frequency (y/d8,—0), the
temperature vanishes and *7(y/8,) —0. In the adiabatic re-
gime, reached at high frequency (y/8,— «), the temperature
tends to the uniform value (1-1/7y).

2. Local velocity, pressure, and temperature at the
first order

The local velocity, Ov, and the pressure of the first order,
!p, are obtained from the following system of equations {SS}
set on ()
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(N'('p) + N°(°P,%) =0, G'(%)=

Ov,r =0, and Ov,lp Q-periodic}

which reads explicitly:

-V, p-v.'pP- iwp—,uov +A,(u') =0,
sq # '
v| div,(*v) =0,

0

vr=0, “v, and 'p Q-periodic.

This set defines the linear dynamic permeability problem
with VXOP as forcing term, whose solution is as follows [see
Auriault (1980)]:

O (x,y) = Ok(g)v;’z),

v

(18)

'pley) = 1a<l>Vx0P + ().

S
The tensors *% and 'a are constituted by the three velocity
and pressure distributions (="k'/ 1, ') corresponding to unit
pressure gradient in the three directions, V °P(x)=¢;. The
solutions (%', 'a’) are complex and depend on the dimen-
sionless variable y/&,. In the quasistatic (low frequency) re-
gime (I/85,—0), the inertial effect vanishes and % tends to
be real. At high frequency (I//8,— ), the inertia dominates
and ’%k tends to a purely complex tensor. Note that the pres-

sure is defined up to a constant value 1; and that, by con-
struction, "o is of zero mean value on the cell.

Now, the first corrector '8 of the temperature is derived
from the heat transfer at order € governed by the differential
system FO('p,'0)+F'(°0)=0. This leads to the system {S,l}
set on ()

. io'plx,y) - ia)pecp10+ /(Ay(l 0) + 2KA),X(00) =0,
9 Q-periodic.

1‘9/r=0’

The previously determined fields °6 and 'p [Egs. (17) and
(18)] introduce two independent forcing terms:

(1) 1/pf(x), inducing an identical problem than {S?} except
that 1;(yc) replaces °P(x) and

(2) V,°P, linked with 'a and V%7 [coming from the equal-
ity: A, (°0)=(1°/P)V)7r.V,°P].

Therefore, by linearity, the solution is in the form:

10 , gy VOP
() _o (3P0 (¥ y) VP (19)
T* s5) P 5’5, P

The tensor of temperature distribution '7r is constituted
by the three solutions ' 7 corresponding to pressure gradient
in the three directions, V,°P(x)=(P°/T%)e;. These particular
solutions are complex and depend on the local variable and
frequency through the two dimensionless variables y/ &, and
y/,. This corresponds to a nonlocal transient equilibrium
with thermoviscous coupling.
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3. Local fields at the two next orders

Following the process, the pressure and velocity, 2p and
'v, are determined from the set {S'}
N'Cp)+N('p,'v) + N'(°P,%v) = 0,
N5 G (') + G°P,%) =0,
",r=0, 'v, and ?p Q-periodic.
and the temperature 26 is solution of {S,z}:
2 2 11 0 _
g F°Cp,20)+ F'('0) + F°("9) =0,
! ZG,F =0, L) Q-periodic.
Finally, °p and v are derived from {Si}:
N'Cp)+N°Cp,%v) + N'('p,'v) + N*(°P,°v) = 0,
Si G '*v)+G('p,'v) =0,
zv/r =0, 2v, and lp Q-periodic.

The resolution of {S}, {52}, and {Si} is reported in Appendix
A. Let us underline that, at each order, the same differential
set as the previous order is recovered, except for new addi-
tive terms, involving the gradient of the solutions of lower
order. Thus, once ("*'p,7v,76), 0<j<i, have been deter-
mined, they become forcing terms in the problems related to
(*'p,,6), and so on.

4. Local fields up to the second order

To sum up, the pressure, velocity, and temperature, read,
up to the second order:

p(,y) = P(x) + € 'p(x) + 'aV,P(x)]

+ € 227\(x) +la. Vxli)\(x) +2a. V.V P(x)

+ #2VOP(X):| + e,
P,

— uv(x,y) =% . V. °P(x) + e[ok V. p()

+1%. . V.V P(x)+ l?fanP(x)]

+ ez[ok V) + k. V.V, D)
+%... VY.V P+ l%ﬁ”n . VXOP(x)]
b

(PYIT) O(x,y) = *7°P(x) + "' p(x) + '7. V. OP(x)]

+é sz;?\(x) + . Vxl;)\(x)

+2m. V.V P(x)+ l?fzgoP(x)]
+ DY
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As previously, tensors "' and 'k, respectively of rank i+1
and i+2, are constituted by the 3/*! particular solutions of
the purely viscoinertial transient problems {S;} under the 3!
components of the forcing term (V,)*! °P. All of them are
complex and depend on the local variable and frequency
through y/ 8, only (cf. Appendix A). More precisely,

(1) (='K™/w,>a™) are the 9 solutions of {S})} with
V.V.P(x)=e,®e,.

(2) (=*k"""/w,a’") are the 27 solutions of {S?} with
V.V.V.P(x)= e,®e,Qe,.

Tensors *'v and in, of rank i—1 and i, are constituted by the
3! particular solutions of the coupled thermoviscoinertial
transient problems {Sf)} under the 3~! components of the
forcing term (V,)"' °P. Consequently, they are complex and
depend on both y/ &, and y/,:

(1) (='n/w,%v) is the solution of {Sll)} with (iwu/ P?)°P(x)
=1.

(2) (=2n"/w,>v") are the 3 solutions of {Si} with
(iw,u/Pg)VXOP(x)=em.

Finally, tensors ‘ar of rank i are constituted by the 3’ solu-
tions of {S;} under the 3/ unit components of the forcing term
(T¢/ P°)(V,)' °P. Except for %7, solution of the purely ther-
moinertial transient problem {S?}, i7r for i >0, involves ther-
moviscoinertial coupling, so that they are complex and de-
pend on both y/ &, and y/ §,. This is also the case of the scalar
2¢, solution of {Sf} under (iwu/P9)°P(x)=1.

It is important to keep in mind that the fields observable
in the reality are ‘p€, ‘vé, and ‘@€', Thus, the actual physical
tensors—independent of the scale ratio !—are k€, ‘e, ‘€,
and “né.

C. Continuum description and correctors

Knowledge of the local fields enables to express the
macrovariables appearing in the macromass balances (16).
The averaging of the local fields (of nonzero mean value) on
the cell enables definition of the macroscopic tensors whose
dimension and magnitude are, respectively, 'K~ O(°K),
T~ 2N~ 2, and >Z~ O(1). They can be determined (nu-
merically) as soon as the physical parameters of the gas, the
frequency, and the pore geometry are given. Note that the
tensors issued from viscothermal coupled problems depend
on both dimensionless frequencies w/w, and w/w, [see Egs.
(21) and (22) for the definition of w, and w,],

)4

and for i>1,

o 0 w 1 0
keédQ, VIl —)=— wed()
) w, JQ,
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Their main properties, especially symmetries, and relations
enabling one to deduce effective tensors of the second order
from local solutions of the first order, are established in Ap-
pendix B.

1. Biot-Allard modeling

The leading equations (i.e., zero order) are in agreement
with the phenomenological approaches of Zwikker and Ko-
sten (1949), Attenborough (1983), and Allard (1993). The
equivalent continuum is described by the dynamic perme-
ability tensor °K/u and the effective compressibility ¢[1
—OH]/ P¢ (in the following, to save notations, the index x is
omitt(;d for the macroscopic derivatives):

o P OT
div(’V) + iwe — =0,

P
§ wv=-"k.V°P, (20)
0 0
T _oq?
T pe
\

It is necessary for the following to recall the features of
the dynamic permeability (Auriault ef al., 1985). At low fre-
quencies, viscous effects dominate and °K tends toward the
real-valued intrinsic permeability, /C. At high frequencies,
inertia dominates and °K tends towards a pure imaginary
value, ¢pu/iwp®a.,, where a., is the tortuosity. Low and high
frequency domains are delimited by a critical frequency de-
rived by equalizing viscous and inertial effects of the mac-
roscopic flow:

" = du
© Kpla

21)

As for the effective compressibility, at low frequencies
the temperature variation vanishes, so that TT—0 and the
effective compressibility tends toward the isothermal com-
pressibility ¢/ P¢. At high frequencies, conduction effects are
negligible, except in close proximity to the solid. The pertur-
bations become quasiadiabatic so that °TI—1—1/7, and the
compressibility tends toward the adiabatic value ¢/ yP¢. The
thermal characteristic pulsation delimiting both regimes is
related to the length A,, defined—up to a geometric factor of
the order of one—as the ratio of the volume to the surface of
pore {),/I" (Champoux and Allard (1991)):

K

W, = A,zpecp' (22)
Whereas viscous and thermal layer thicknesses are of the
same order in air, the frequencies w. and w, can be rather
different because the permeability essentially depends on the
small ducts, while thermal transfer involves the whole pore
volume. In consequence, w.> w,. Note also that the effective
compressibility always contains a real part, and thus the
change from isothermal to adiabatic conditions has conse-
quences less drastic than the change from viscous to inertial
regime.
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2. Correctors to Biot-Allard modeling

The equations governing the two next orders provide the
correctors to the continuum description.

First corrector:
r

div('v) + iwq{l—P - l—T] =0,
P° T

{ plv=—"k vip_lx. vWwop-2Rinop (23
PE

Second corrector:

( 2P 2T

div*V) +iwd| —-—1|=0

P¢ T ’
wV=="Kk VP-'K. VV'P-2K.. VVV'P
< —iw—M2N.V°P,
Pe
2 2 1 0 . 0
T P P P P
SO 4 1L V— 4201, VV— 4 2H2y T
(T P° Pe pe pe TP
(24)

These equations underline that a poor scale separation intro-
duces deviations from the continuum description (strictly
valid for infinite scale ratio) involving the successive gradi-
ents of pressure. The origin of those correctors lies in the
terms neglected at preceding orders that become significant
at the considered order. They bring unusual nonlocal terms
and gas compressibility terms in both dynamic Darcy law
and thermal behavior.

3. Isotropy or symmetric cell case: Cancellation of
the first corrector of pressure, velocity, and
temperature

In the case of macroscopic isotropy of the medium (up
to the second order) or of cell presenting symmetry accord-
ing to three orthogonal planes, tensors of odd rank, 'K and
'TI cancel out. Therefore, Egs. (23) driving the first correc-
tors reduces to the same as that of the leading order (20).
Consequently, without loss of generality, 1P, 'V, T can be
canceled out, and the effective correction of the three vari-
ables is reported to the second order, that is:

P=P+°P+ ..., V="U+v+ ., T="T+%T+ ... .

Furthermore, as any fourth rank isotropic tensor, ’K
takes the following form (a,b,c are three independent sca-
lars and & the Kronecker symbol):

KM = a8+ bS8+ cod,
giving:
2K...VVVP=(a+b+c)V(A'P).

Consequently, K may be reduced to a scalar function k
=a+b+c and the velocity correctors read (% and *n are the
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scalar functions associated by the isotropic tensors 9K and
2N):
pw2V=—% V2P %V (A°P) - “2 nVOp

Wi,
P¢

2
k
=-%VP+ QA(MOV) nV°pP.

After adding the terms of zero order, we have

’k iop’n

M{v- %A(V)] - Ok[l + P—fﬂ VP+0(). (25)
The effective dynamic Darcy’s law is enriched by two terms:
(a) One linked to %k is of viscoinertial nature—it corresponds
to a generalization of the Brinkmans law in the dynamic
range. (b) The other linked to %n involves the thermoviscous
coupling induced by the gas compressibility—it introduces a
correction of permeability.

As for the thermal corrector in isotropic case, one ob-
tains (> is the scalar function associated to the isotropic
tensor TI):

SR N

P pe TP

e

which gives, added to the zero-order terms:

T |on iop, |P (P)
—=|M+—2 A 0
p [ * pe ]P”+ﬂ pe)* (€").

This effective state equation for the gas includes nonlocal
correction in the dynamic range with thermoviscous coupling
effects linked with the compressibility.

4. General case: Cancellation of the first corrector of
pressure

By combining the three equations of Eq. (20) governing
the leading order, the velocity and the temperature may be
eliminated, and the scalar wave equation expressed with the
pressure "P only is derived:

0 0
K 1-"T1

—div(— ) V°P> +lw¢[—e]0P=O. (26)
% P

Similarly, the first order set [Eq. (23)] yields

0 0
K 1-"T1

- div(— : V1P> + iw%? =5'(°P), (27)
“

1

K
S1(°P)=div<—. .VVOP) Dy, VOPHwilH vop.
M P¢ Pe

(28)

It is worth mentioning that, if the same differential op-
erator (left-hand side) applies for °P and 'P, the difference
between zero- and first-order equations (26) and (27) comes
from the source term on the right-hand side. In fact, Eq. (27)
means that the first corrector field 'P results from radiation
of a density of source S'(°P) generated by the °P field. How-
ever, the first corrector presents generally a particular ener-
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getic property. In composite media, it was shown—in static
or dynamic elasticity or for thermal transfer—that the work
of the first corrective term under the zero-order field is null
(Boutin and Auriault, 1993; Boutin, 1995, 1996). This is
shown below in the frame of poroacoustics. The source term
SY(°P) reads
s'(°p) = IK”qu +i—w[1N +¢'TI’1°P

I Pe p P
However, the skew symmetry of 'K and identity between 'N
and ¢'TI can be demonstrated, see Appendix B:

'kP"=-"K/ and 'N,=-¢'TI". (29)
Combining this identity with °P , =P
S'(°P)=0 then 'P=0.

Jqp» ONC deduces that

As a matter of fact, ' P being governed by the same equations
as P, it can be canceled out without loss of generality. Nev-
ertheless, contrary to the isotropic case, 'V and 'T do not
necessarily disappear.

5. Effective correctors

To sum up, in any case, the governing equations [Egs.
(23) and (24)] can be replaced by the following.
First corrector:

p=o, ,LLIV=—1K.VV0P—§1NOP, (30)
'T P
oL V—
& P

Because of the identities (29), the macromass balance in Eq.
(23) is necessarily satisfied.
Second corrector:
27 .
T(J' - ’

wv=-"K.VP-2K.. VVV'P-

{ZP
div(®V) +i -
viV) +iwd P
R vop,
P

2 2
T P op
="M+ 1L VV LA

31
T° P¢ P 31

The equation governing the actual pressure corrector 2P de-
rived from Eq. (31) takes the form:

[’k
- le<—
M

with

0
: V2P) + iw@zP =5%(°P) (32)

ZK .
S2(°P)=div<— LYYV )+ 2N VVOP
M

+ ¢<2H L VVP 4 ’%fzzopﬂ . (33)

As shown previously, the term on the right-hand side acts as
a density of source generated by the P field. However, at
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this order the source S2(0P) does not cancel out and, in turn,
a corrective 2P field is radiated (according to the zero-order
macrobehavior): We are back to the Rayleigh scattering, in
which the passing of a long wave through heterogeneity gen-
erates sources that radiate perturbations. The interest of the
homogenization is to replace these sources and their precise
radiation by mean sources and equivalent fields at the con-
sidered order. Furthermore, theoretical expressions are pro-
vided for determining the effective coefficients from the
knowledge of the microstructure.

6. Simplification in adiabatic (or isothermal) regime

The above presented description [Egs. (20), (30), and
(31)] may be simplified if the adiabatic regime is assumed in
the gas. In that case, the conduction disappears and tempera-
ture, pressure, and density are related by
P p P

I e

0

= (I-1/y) (34)
so that 0H=1—1/7 and the tensors 'TI, 2Z, 'N disappear.
Tensors °K, 'K, and K are the same as previously noted,
since they are independent of the heat transfer. However, the
tensor N is modified by the absence of thermal coupling.
The isothermal case, which implies #=0, then TI=0, and p
=P(p°/P°) leads to similar simplifications (with >N different
than in the adiabatic case).

IV. RAYLEIGH SCATTERING OF PLANE WAVES
A. The continuum approximation

Consider a porous medium (isotropy is not needed) and
investigate the scattering effect on an harmonic plane wave
propagating in a given direction (of unit vector d). Denoting
by hy=h,+ih; the complex wave number in this direction, the
variations of the zero-order pressure take the form:

op_0p exp(—ihgx . d)exp(iwt). (35)

This plane wave is an eigenmode of the medium, and, from
the zero-order balance Eq. (26),

0
(_ ihd)2 — inﬂ
P° K,
where
Kd = dIOK{d]

The wave velocity C, wavelength A4, and attenuation &; in
direction d are related to the wave number by

w
hy=2(1-ig),
d Cd( i&,)

ie.,

w 27T h[
= N=T, &=

C,=
T p h,

r

Because of the variations of the dynamic permeability with
frequency recalled in Sec. III C 1, the P, wave shows a
strong dispersion, evolving from
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(1) a diffusion wave at low frequency (0 <w,):
Co= (0! 0 )Pl aep?); £=1-0((0/ w,)).

(2) to a propagation wave at high frequency (0> w,):
Ca=\(yP*/ axp°); &~ (0 ] w).

B. Scattering effect

As 'P=0, the above-presented continuum description is
valid up to a precision € for the pressure and e for the flow
and temperature. This is sufficient for long waves. For
shorter waves the precision is improved by considering the
higher order terms. With this aim, let us first calculate the
source term S%(°P). Replacing in Eq. (33) °P by its expres-
sion (35), gives

1 iw
S*(°P) = {;219(— ihg)* + ;{[ZNd + 1 ](= ihy)*
+ %2&;5 ip exp (= ihgx . d)

where

’K,=d’KMddd), *N,=d’Nid,,

,=dT1/d,.

This source is proportional (but not in phase) to °P. Thus, it
acts as a forcing term loading the medium according to one
of the eigenmodes, i.e., the plane wave in the direction d.
This induces a self-resonance effect and subsequently the
radiated field 2P is linearly amplified as the wave progresses.

Thus, the field P satisfying Eq. (26) is in the form:
2p = Q (= ih)*(= ihp . d)'P exp(= i .d),  (36)

where the frequency-dependent complex coefficients, Q, and
Q,(=ih,)?, read:

2 2 2
K, N+ K,
2007, g T ga-omp
and
. 2 2 2
g2 Lok oy Ka | Ny
200" = " [d’(l RTINS
4
+ - OH}' (38)

Expression (36) means that the scattered field is coherent
(consistently with the scale separation assumption) and radi-
ates in the same direction as the zero-order field. Finally, up
to the second order the macropressure reads:

0p 4 2P =[1 = Q (= ihy)*(= ihpx . d)]'P exp(=ihyx . d)
=P(1+0(€)).

At the same level of approximation (apparently within a dis-
tance x such as O(|h,|x.d)<1/Ve, however this restriction
can be removed by considering new boundary conditions
beyond this distance), the macropressure can also be ex-
pressed as

P =P (exp(= ihpx . d) + O(€))

with
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hNd =hy(1 - Qu(-ihy)*].

Thus the diffraction modifies the wave number &, given by
the continuum approximation. As expected, the correction is
of the order of Q,(=ih,)>=0(I>/(N/2m)*)=0(€>). This per-
turbation comes from the interference between the zero-order
wave and the coherent and amplified wave generated by the
induced source distribution. Writing Q, on the polar form:
0,=|04lexp(ix), one derives the apparent velocity and at-
tenuation factor by expressing explicitly that

~ ) )
hy==<-ié)=—(- ifd)[l +]Qy|(cos x +i sin )
Cy Ca

x{"’“ —ifd)}z}
Cq
Algebra leads to

- 2
Cy= Cd|:] - |Qd|<C2d) [(1 - &)(cos x+ & sin x)

+24,(sin x - £ cos X)]] , (39)

~ 2
Ei=&+ |Qd|(Cﬂd> [2£,(1 + &)cos x — (1 - &)sin x].
(40)

Those expressions point out the difference between the
scattering effect for poroacoustic waves and for elastic or
thermal waves. Let us recall that in the two latter cases the
analogue of Q, is a purely real constant (i.e., y=0) strictly
related to the geometry of the microstructure [the reason is
that—contrary to poroacoustics—in those cases, quasistatic
conditions govern the local physics, see [Boutin and Auriault
(1993), Boutin (1995), Chen and fish (2001)]. In elasticity,
the zero-order velocity is a constant, and there is no attenu-
ation (i.e., £=0): The scattering leads to a velocity dispersion
varying according to w? and an apparent attenuation increas-
ing acgording to @’. The thermal waves being dispersive
(C~+w) and damped (£=1), the scattering induces an addi-
tional velocity dispersion and attenuation both varying lin-
early with w.

In poroacoustics the rules for the physical consequences
of scattering are not so easy to draw, first, because of the
change in the P, wave from a diffusion to a propagation
mode, and, second, because Q, is a frequency-dependent
complex function. Consequently, the velocity and attenuation
are both modified, but no general simple trends in the whole
frequency range can be drawn for the frequency dependence.

In the viscous regime, the vanishing of the transient ef-
fects at the pore scale makes macroscopic tensors tend to-
ward real value, then Q;— Q40 and xy— 0 and one obtains a
correction identical to that of a diffusion wave:

2

~ w 2 ~ w
Cy= Cd|:1 +2Qd0<az> }’ &= §d+4QdO<Ed)
(41)

with
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fw | P¢ |
Cd: - 2 §d=1_0( _)
w, V a,p w,

In the inertial regime (below diffraction), i.e., o, <w<w,,
the wave propagates with damping and one may expect per-
turbation in both velocity and attenuation:

~~ w 2 .
Cdzcd|:1_|Qd|<Ed> (cos x + 3¢, sm)()], (42)

§a=&i— |Qd|<?) [sin y —2&, cos x]
d

with

| yP¢ o)
Cd2 e §d~ _C'
a.p ®

In the whole frequency range and for common pore mor-
phology, the estimates of the tensors (Sec. III C) suggest the
following assessment, where G is a dimensionless geometric
factor, which accounts for the pore geometry and the ratio
between pore and elementary representative volume sizes:

K liow
—ih)2 ~ —_
O(~ih) gl OK] v

i.e.,

Ccl1-ié
cl-ié

K liop
lNg[GJ yPe

C. Diffraction and critical frequency

Since the diffraction effects are O(€®) they are actually
significant when e— 1, i.e., for frequencies close to w,;. To
identify the qualitative nature of the diffraction when it be-
comes significant, it is necessary to compare w, to w,.

According to the properties of P, waves, the wavelength
may be assessed as (where C,=\yP?/p® is the sound veloc-
ity in air)

a

Ca
o< w.=>N2m= s
Voo,

0> w.=>N22T=
W\ Aoy

Applied at the diffraction frequency (w, is such that N/27
=[), these relations give

C 2
&z<1:5&z:( )
wC

W, lo,
@0 _Co Gk
o, w. loNo., Pl

If we now consider:

(1) Air properties at the normal conditions, um/C,p°
=1.8107 Pas/343 m/s1.2 kg/m*=4,3.10"® m and

(2) The very rough permeability estimate KC=O(¢l%), it ap-
pears that as soon as />4 X 107 m, then w,> w,. This
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" II yd
|
|
!

means that the diffraction effect is significant in the dy-
namic regime, except for materials of pores smaller than
about 50 nm.

The self-consistent approach for the intrinsic permeabil-
ity of granular material—of characteristic size /[=2R and po-
rosity ¢ (Boutin, 2000)—supplies the more realistic esti-
mate:

K=R¥(g),

1| 2+3(1-¢)? 1

V()= 3 342(1-)P(1-) 1

Using this expression, Fig. 2 shows the ratio w;/w, versus
the porosity for several realistic characteristic sizes. Clearly,
the diffraction takes place in the viscous regime only for
materials presenting rather fine pores (say less than 1 wm)
and/or small porosity. For most of the sound-absorbing ma-
terials, the diffraction frequency is to be expected within the
dynamic regime.

V. A SIMPLE ACADEMIC EXAMPLE

To illustrate these results we consider a periodic array of
parallel slits, Fig. 3. The porous medium consists in parallel
impervious rigid plane plates of normal vector e3, of negli-
gible thickness (i.e., ¢p=1), separated by gas layers of con-
stant thickness 2a. This medium is isotropic in the plane
(e1,e,) and impervious in direction e;. The one-dimensional
geometry enables the exact determination (detailed in Ap-
pendix C) of the local fields and macroscopic tensors. For the
sake of simplicity, the adiabatic regime is assumed. From the

FIG. 3. Porous media made of a periodic array of slits.
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i Porosity

FIG. 2. Logarithm of the ratio of diffraction and critical
frequencies, Log[w,/w.], vs porosity ¢ for media of
different elementary representative volume size /. Lines
from left to right corrrespond respectively to /=1 cm,
1 mm, 100 wm, 10 um, and 1 pm.

“cell,” symmetry 'K=0 and the first corrector 'V cancel out.
According to Sec. III C 6 the description is, up to the second
order, as follows.
Zero order:
0

div(®V) +iop— =0, up’v=-"K.V°P (43)

yPe

Second order (with adiabatic tensor *N):
2

div(*V) + iwp—— =0,

yP¢

WV=="K VP K.VVVP- N VP

A. Macroscopic tensors

Using the notations, (recall that &,=\u/iwp®)

u= 4 C=cosh(u), S=sinh(u), T =tanh(u),

5,
the zero-order dynamic permeability tensor takes the classi-

cal diagonal form (°K{=0 for i # j):
T
OK%zoK%:(ﬁ{l __], 0K§:O.
u

At the next order, as expected from the cell symmetry calcu-
lations show that 'K vanishes, whereas some local fields v

are not zero:
.. 1 pjk _
Vijk, K"=0.

After the algebra described in Appendix C, the nonvanishing
components of 2K are:

2K}11=2K§22:53 5_5_T_<1_l2>T2 ,
12 2u \6 u
2pi22 _ 2p2il b 2_3_T_lz ,
2 2u 2
T 1 1
=g - L (Lo L))
u 3 u
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lTTZL
12 2u 2 Sc|

2K{33=2K§33= 54[_____

2K311 2K322 54_1_“_2 Z’
3T

2Ké31 — 2K§32 — 2K’f‘l3 — 2Kg23 —

2K113 2K§23 2K331 2Kg32—54|:—1+<l+§)7{|.
u

Finally, tensor *N is diagonal (ZN{ =0 for i # j) and has the
following components:

K cos(B) + CKI + 7K} + 2°K37 + 22K sin(B)”

0pl 2
K a K
2N}=2N§:_1, 2]\Ig:_:—

Y Y

B. Plane wave diffraction

Consider now a plane wave propagating in a direction d
inclined at an angle B with the slits, i.e., d=cos(B)e,
+sin(B)es. In this direction, the wave number &, is given by

"

— 2_ _—
(= iha)"= )/P‘”)chos(ﬁ)2

and the (adiabatic) coefficient Q, takes the form, see Eq.
(38):

204= gl
1

Thus the dimensionless corrective term Q,(ih,)* reads:
2

K

)2 +tan(B)? OKi
+2K§11+22K?13+22K%31 iopn
(OK})Z ,yPe'

1
Q4= ihy)*= 5{1

ZK%B

+

1. Propagation parallel to the slits

When focusing on waves propagating parallel to the
slits, the corrector reduces to

1 2K111 .
Qel(ihel)zzz[l 1 l(l)lu’

yP
From expressions of ¢ } and °K }“, it can be shown that, all
over the whole frequency range, *K}''(°K})~2 is very close to
a constant real value (varying from 7/5 at low frequency to
4/3 at high frequency). Consequently:

(1) At low frequency, Q,, tends to the real value 2a%/5
=6K/5 and, according to Eq. (41), the scattering pertur-
bation is near to that of diffusion waves.

(2) At high frequency, Q,,~—i/w: This leads to atypical
effects, i.e., [cf. Eq. (42)], a velocity dispersion varying
according to V’Z, and an additional attenuation varying
according to .

2. Obligue propagation

In oblique directions a significant anisotropic effect is
induced in the whole frequency range by the magnification
coefficient tan(g)%. Further,
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+ K1 cos(B)? + K sin(B)>.

(1) At low frequency, Q, tends to a real constant (~K) and
therefore diffraction will be similar to that of diffusion
waves.

(2) At high frequency, terms that vary accordin ing to iw ex-
actly compensate each other Thus, Q,;~ Viw, implying
that Q,(ih,)* varies as w’ Vio. Again, the consequences
of diffraction differ from that of elastic waves: Both ve-
locity d1spers1on and additional attenuation vary accord-
ing to w*iw.

This simple case shows that the diffraction correction
presents a rather complex frequency dependence. Figures
4-6 depict the strong quantitative and qualitative differences
when (i) The diffraction frequency lies within the viscous,
critical, or inertial regime (those cases are reached by vary-
ing the thickness of the gas layer) and (ii) the propagation is
parallel to the slit or in oblique direction. It is worth noting
that the atypical results at high frequency are strongly related
to the one-dimensional-geometry and should not be general-
ized to other porous materials.

VI. CONCLUSION

To investigate the long wave scattering in air-saturated
porous media, the periodic homogenization method was ap-
plied, extending the analysis up to the second-order terms.
The actual enriched second-order description given by Eqgs.
(20), (30), and (31) accounts for the viscous, thermal, and
inertia effects at the pore scale and is valid even for large
concentration of solid.

In the Rayleigh domain, the improving of the continuum
description implies a nonlocal behavior (associated with mi-
crostructural sources) and specific tensors depending on the
microstructure and the frequency. It is shown that—up to the
second order at least—the tensors associated the viscoinertial
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w

wC

FIG. 4. Diffraction effect within the viscous regime.
The thickness 2a=5X 10" m gives a diffraction fre-
quency ®;=0.0lw,, (f.=100 GHz). The relative
variation of velocity, AC/C=(C-0C)/C, (plain line) and
variation of attenuation, Aé=&— ¢, (dashed line) are pre-
sented vs Log[w/w,], for propagation parallel to the
slits (tick line) and in oblique direction 8=m/4 (normal
line). Velocity and attenuation significantly increase,
similarly in both directions.

FIG. 5. Diffraction effect within the viscoinertial re-
gime. The thickness 2a=5 X 10~ m gives a diffraction
frequency w;= w,, (f.=10 MHz). Same legend as in
Fig. 4. Wave parallel to the slits presents an increase of
attenuation and a slight increase of velocity. Oblique
wave becomes more attenuated with a transition from a
slight increase of velocity to a decrease.

FIG. 6. Diffraction effect within the inertial regime.
The thickness 2a=5X10"* m gives a diffraction fre-
quency w;=10%w,, (f.=1 kHz). Same legend as in
Fig. 4. Diffraction makes oblique waves more attenu-
ated and of slower velocity, while parallel waves are
almost unaffected.
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effects can be determined separately, while the thermal ef-
fects become coupled with viscous effects. A key result is
that the first-order macropressure is demonstrated to vanish
and that the correctors are reported at the second order. This
points out the robustness of the usual continuum description,
and explains in some manner the abrupt transition from the
behavior in the Rayleigh domain to the behavior at higher
frequencies.

The perturbation of plane wave propagation is derived
from this description and interpreted as interferences be-
tween the zero-order field and the field—coherent and lin-
early amplified by a self-resonance mechanism—built up
from the diffracted sources. The frequency dependence of the
velocity’s and attenuation’s correction is rather complex due
to the dispersion of the P, wave. Effects close to that ob-
served for diffusion waves are recovered at low frequency.
At high frequency an accurate discussion of these theoretical
results would require numerical computation of high order
tensors. An example is presented for the simple case of an
array of slits. In that case, the atypical effect in high fre-
quency range is strongly anisotropic and differs from what is
observed with purely elastic waves.

Let us underline that those results are only valid in the
scale separation frequency range. At higher frequencies, this
approach becomes irrelevant since the scattered waves radi-
ate in other directions than the initial wave. Another limita-
tion is the periodicity assumption. Nevertheless, it may be
inferred that this hypothesis does not modify the nature of
the results for long wave in random media, provided that
they can be characterized by a representative volume smaller
than the wavelength. However, regarding shorter waves,
strong divergences have to be expected, mostly because the
diffracted field in random media loses its coherence.

APPENDIX A: HOMOGENIZATION PROCESS UP TO
THE SECOND ORDER

This appendix gives the complement of the homogeni-
zation process not detailed in the main text. To save nota-
tions, the Einstein convention is used, the derivative df/dy; is
denoted by f;, the high indexes of the particular solutions are
related to the forcing term, the low indexes indicate the com-
ponents of the field and derivative, e.g., v=v;.¢; div,(v)
&' is the Kronecker symbol (8'=1 if i=m; =0

=Viis 9

r

S!S

<

0 0
divy(lv) __ diVx(OU) + diVx(<0u>) + iw{e_TW] ,

\v/lr=0, v, and 1pQ—periodic.
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—iwplv + Ay(,ulv) - Vyzp =V 'p- ZA},X(,LLOU) +iouV,

otherwise). The average on the pores domain is denoted by
(-)=(1/9)fq - dO.

1. The leading and first order

These two first steps are detailed in Sec. III B. The dif-
ferential systems {S?} satisfied by the particular solutions %7,
is

Pe
iwpecpoﬂ'— KA),(OW) =iw—,

T¢

7 =0,"7 Q-periodic.

S?(O’ﬂ)
0

Keeping in mind that P¢/T¢=p‘c,(1-1/1y), it clearly appears
that °7 depends on the frequency throughout the single pa-
rameter 6?2=iwp"’cp/f<. Thus, <%7>="I1, is a function of
the thermal dimensionless frequency o/ o, [, being defined
by Eq. (22)].
As for the solutions (=°k"/w,'a™), they are governed
by the set {°}:
.

ik = ALK == 8
" :

SS(Okm,lam)< Okﬁzo’

ki=0, ("'a"y=0,

Ok 1o Q)-periodic.
\

This form points out that (%", L™ depends on the fre-
quency throughout the single parameter b:2=iwpe/ . There-
fore, ¢(°k)="K is function of the viscous dimensionless fre-
quency w/w, [w, being defined by Eq. (21)].

The differential system {S} satisfied by the particular
solutions '7" is given in the following:

iwptel " — kA (M) = iwielam + 207

si(tm P TR 2o

'mpr=0, 'm Q-periodic.

The presence of 'o/" implies a viscothermal coupling. Then
("ar)="1I depends on both dimensionless frequencies w/w,
and o/ w,.

2. The second order
The gas flow problem {S!}

The set of equations {Sll)} governing ('v,’p) reads ex-
plicitly:

0

F,
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Note the following:

(1) Taking advantage of (divy(lv))=0 (see Sec. III A) the
average mass balance equation has been subtracted from
the local mass balance.

(2) The set {Si} is identical to the set {SS}, except for the
right-hand side of the equations acting as forcing terms
induced by the solutions at previous order.

When substituting Eqs. (17) and (18) of °6, %, and 'p it
appears that the forcing terms may be split into:

(1) A term associated with V, 1;7\, which leads to an identical
problem than at the preceding order.

(2) Terms coming from ‘v, (°v) and !p, associated with the
second gradient of the zero-order pressure V,V °P.

(3) Terms coming from %6 and (°6), associated to the zero-
order pressure op.

As a consequence of the linearity, the solution is a linear
combination of particular solutions associated with each of
these forcing terms. Consequently the solution is in the form:

2p(x,y) = 2;(x) +'la. Vxl;(x) +2a. . VXVxOP(x)

+ 282,0p0), (A1)
PE
—ulolx,y)="%. VXIE;()C) +'%. . V.V °P(x)
+ 5 nOP). (A2)

The solutions (—'k”"/u,?a/™) corresponding to unit second
gradients of pressure, V.V .°P(x)=e,, ®e,, are governed by

S (e 2y
( 4
iwp; - ALK =2 =8+ 20K
xq K==k Ok,
it =0:Ca™) =0,
L Y and 2o/ Q-periodic.

As previously, the single parameter is 8, so that ¢('k)="K,
only depends on w/w,.

The solution (='n/u,?v) corresponding to a pressure,
OP(x)=P/iwu, is driven by

r

P
tw; ]ni - Ay(lni) - 21/’,- = 077’,~,
Sll)(ln,zV)< lni,i — OH _ Oﬂ_’

1}’[/1“ = 0,<2V> = 0,
1

7 and *v Q-periodic.

The source terms brought a thermal coupling. Therefore
('n)="N depends on w/w, and w/w,.

The heat transfer problem {S?}

As for the temperature, 26 is solution of {S,z}:

J. Acoust. Soc. Am., Vol. 122, No. 4, October 2007

.2 20 _2 . 1 0
g iwpc, 60— kA,("0) = "piw+ 2k, (" 0) + kA,("6),
"1 6r=0, @ Q-periodic.

Inserting Eqs. (17)-(19) and (A1) giving °6, '6, and *p, one
notes that the forcing terms are constituted by the following:

(1) Terms associated with 2p and V,'p, which lead to iden-
tical problems than at the two preceding orders.

(2) Terms associated with the second gradient of the zero-
order pressure V.V °P.

(3) Terms associated with the zero order pressure op.

Again, from the linearity, the solution is a linear combi-
nation of particular solutions associated with each forcing
term:

(PIT)?0(x,y) = "m?p(x) + ' V. p(x)
2. VYL P + ’%ﬁ’“zgop(x).

(A3)

The temperature distributions 2™ solutions of {S,z} under
second gradient of pressure V.V.°P(x)=(P¢/T)e, ®e, are
determined by

S22

P
iwpecpzﬂ'rm" - KAy(zﬂTmn) = iw;2am” + 2K17TT1 + K0775:ln,

=0, "™ Q-periodic.

The temperature distribution 2¢ solution of {S,z} under pres-
sure P(x)=P/iou is determined by

Pe
iwpecng— KAy(zg) = inzv,

20r=0, *¢ Q-periodic.

SH0)

Note that the source terms introduce a viscous coupling in
the first case, and a thermoviscous coupling in the second
case. Then 2IT and *Z depend on w/w, and w/o,.

3. The third order: The gas flow problem {S?}
Finally, the set {S?} governing *p and v is
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e
—iwpv + Ay(,uzv) - Vy3p =...
1 1

P_y

=V ’p- ZA),X(MIU) - iw,u,(VyF

yTe
S

v

0 0 ()0
) - AX(ILLOU) - iw:u“<vx - Vx_

P

p-Cp 6-(9

div,(>v) = - div,('v) +div,(('v)) - iw[ e

v,zr =0, %v and *p Q-periodic.

\

Following the same reasoning as mentioned earlier, one
shows that the solution reads:

Sp(x,y) ="px) + . V,2p(x) + % . V.V, "p(x)
+3a... V.V P(x)

lw,U/[z
Pe

+—[v'p) + 9V, P()],
2 0 b 1 o
- vlxy)="k.V.px)+ k. .V, V., px)
+%. . V.V.°P(x)

i

+ 25[1111;7\()6) +2n.V.2P(x)].

The solutions (—2k""7/ w,3a™"?) corresponding to unit third
gradient of pressure, V,V,.V."P(x)=e, ®e¢,® e, are governed
by

Si(kanp’ 3a,mnp)
( e
iwp_zk;n11p _ Ay(Zklmnp) _ SCZZMP

=28 + 2"k + Ok I

2pmnp _  lpmn 17mn
ki =="ky" + (k")

27mn, 3
kP =0, (Ca™P)=0,
2mnp 3 ppnnp Q-periodic.

\
Once more, the single physical parameter is b:z so that
&(’k)="K, depends on w/w, only.

The solutions (—*n'/u,*1!) corresponding to gradients
of pressure V. °P(x)=(P°/iwpm)e; are governed by

202 13
Si( n',> o)
r
pe
iw—>n! - Ay(zng) - 3Vfi = 1afi - 171'fl»+ 8- "mé,
x9 nj;="d =o' = ('),

2nfr =0; (ihH=o0,
\2n1 and */ Q-periodic.

The source terms brought viscous and thermoviscous cou-
pling, and then (>n)=>N depends on w/w, and w/w,.

The existence and uniqueness of the solutions of all
these problems can be demonstrated from their variational
formulation, not developed here.
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APPENDIX B: TENSORS PROPERTIES

The leading idea to establish the properties of the mac-
roscopic tensors is based on energy reciprocity. The principle
is to calculate separately the virtual energies of a solution
under another and reciprocally. Then, comparing the two ex-
pressions, and using the fact that the virtual kinetic and dis-
sipated energy (or inertial and conduction energy for thermal
problems) are identical in both cases, tensor identities are
derived.

As a first example, take the scalar product of the mo-
mentum balance of the solution °k™ [set SS(Ok’”, L), Appen-
dix A] with the solution °4" and integrate on the pore vol-
ume. It gives

(= a7k + iR R — (A KK = K.
" :

From the divergence theorem, the first term may be trans-
formed as

1
(- 1%k = (" k) — _f "k nds =0
Qf (;Q/,

[because of, (i) the zero divergence of °%k” and (ii) the adher-
ence and the periodicity conditions]. Similarly, from the di-
vergence theorem
07,m\0 _/0pm Opn\ _ /(07mO0O 07,m0
A Ckky) = Chizy ki =(Ckiy k) j = ki k)

- Qf a0y
(V%" V)

(V%" . n) . “k'ds

and the surface integral vanishes because of the adherence
and periodicity. Thus finally:

m

iw%(ok’" Oy 4+ (VK™Y LV OR) = K.

Inverting the role of %" and °%4” and comparing the two
expressions lead directly to

Oua) = R,
which demonstrate the symmetry of the dynamic permeabil-
ity K, [Auriault, 1980].
1. Skew symmetry of 'K

Apply now this procedure to *k” and 'k"?. Consider first
the virtual work of %" under 'k
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(="K + i =R ) — (A, R K = (R
)7

Using the same argument as above, and taking into account
(i) the expression of the divergence of 'k [set
Sllj(lk’””, '), Appendix A] and (i) (' &"y=0, the first term
becomes
- ]af?lk;”’> = <1am1k;f’l7> +0= <1af’”(— Ok;’, + <0k;’,))) =
1 _mOpn
~ ('K
For the same reasons as previously:
(A, KR = (VLK) V()
and thus
(4
— (@K + iR ) + (V%) V()
y72
= ('K, (B1)
In a second step, consider the virtual work of Lnr under k™.

From the momentum balance [cf. set Si(lk’””, L), Appen-
dix A] we get

<_ 2a’r;p0k;n> + iwp_<lknp ) Okm> _ (Ay(lk:"’)ok;“)
M )

= ('K + 20K} Ok, (B2)

L,

Here again, the first term is null because of the zero diver-
gence of k™, and —(A('k!”)°k") may be changed into
<Vy(0km). .Vy(lk””)>. Then, subtracting Egs. (B1) and (B2)
one obtains

=Pkl + (LK) + 20K; K = (K. (B3)

Note that this expression enables one to calculate ('k7) from
the solutions at previous order without calculating lk:’np .
Moreover, inverting m and n gives

<1kz1p> + <1k:lnp> — 2(<0kln,p0k71> + <0km Ok;1>) —...

i.p

=2<(0kn . Okm)’p> —_ i

[%%" . %")e, . nds =0
Qf an P

(because of periodicity and adherence conditions). This dem-
onstrates the skew symmetry of 'K relative to the two first
indexes:

lgnp _  1yg-mp
K'P=— K"

2. Relation between 'N and 'TI

Similarly an expression of 'N is derived by considering
the following.

(1) The virtual work of k" under 'n:
=) + ik My — (ALK 'y = ().
. :

which reads after transformation using the mass balance of
S'('n,?v), Appendix A:
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(O =) + iK™ ) + (V%% Y, )
B :

=("n,).
(2) The virtual work of 'n under °k” [cf. the momentum
balance of Sl')(ln,zv), Appendix Al:
iof=(n k) — (A, () KE) = o K = O K,
“ )

which reduces to

(4
ik )+ (V,%"V, 0y = 0.
M

Reporting this result in the first equality gives
(") == ("a"m).

Independently, an expression of 'II is derived by consider-
ing:

. 0 0,0
(1) The virtual work of %zr under 7, cf. set S; ("), Appen-
dix A:
e 0 1 _m A 0 1,77m . P_e 1ﬂ_m
(iwpc, m ") — (kA,("m) )—lee( ).

(2) The virtual work of '#* under %, cf. set S,l('ﬂ""), Ap-
pendix A:

Pe
(iwpecplw’”oﬂ') - <KA_V(17Tm)07T> = in<1a/"01T>
+ 2<K0’7T’m07T>.
Noting that

200, 0 = (O, ) = — ==

o (077)26,, .nds=0
Qd o,

(because of the periodicity and isotherm boundary condi-
tions), one deduces after usual transformations:

(@my= ().
Comparing with the above expression of ('n,,), one obtains

(nyy=="7", ie., 'N,, =— ¢'TI".

3. Expression and symmetry of 2K

Pursuing the analysis for 2K, two identities can be estab-
lished from:

(1) The virtual work of %" under k"% and of k"4 under
0
k™

Chrty =kt = oGl + Ca POk
= 2"k

(2) The virtual work of 'k under 'k™4:
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= Ca Oy + (k) V(K + ik )
’ 7

= (o™ K7 + 2('KIPOK ).

Combining these relations leads to

CRY = KR &+ oK + Cal KD

- ((Vy(lk’”"). .Vy(lk””)>+iwp—(lkm". 1k””>>,
o’
which provides the demonstration of the symmetry of 2K

relative to the two pairs of indexes:

2pnpg _ 2 grmgp
K, ="K, ".

4. Expression of 2N and 2Z

As for 2N, the comparison of the virtual works of Opm
under n" and reciprocally gives

INY p=Cnty =k =)y + o (Pat = ).

Finally, the virtual works of %7 under 2 and inversely lead
to

Z=C0="m"v).

APPENDIX C: HIGH ORDER TENSOR FOR A
PERIODIC ARRAY OF SLITS

Owing to the one- dimensional geometry, the fields de-
pend locally on variable y; only, and the axes e; and e, play
the same role. In this context, the problem {Sg} governing the
dynamic permeability is rewritten in the simple form:

lw_okm ;"33 - a 3= (Sm
M

0
kg'f3=0,
%k™(£a)=0, ('a™y=0.
The resolution is straightforward and gives, where &,
=\(uliwp); Y =y;/68,; u=al 5,:
cosh(y”
% =2=k, k=&|1 coshy) | (1)
cosh(u)

laP=—y;, other ij- and 'a/=0. After integrating on the gas

layer [—a+a] one obtains

tanh
%F%%%P_ (u)

u

], other OK; =0.

These solutions enable one to tackle the next problem {Si},
which takes the simplified form:
P lkmn lkl 2 - ’mn la/nan + 20km

Sl
v lkzlin=_0kz1+<0knm>’
<2amn>=0-

The resolution shows that the nonzero components read:

K" (xa) =0,
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3 .
101 _ 1,22 *smh(u)]
ki = ky"=———| sinh s
3 37 cos h(u){ 67 -y u
JEENEp *cosh(y*)_usi.nh(y*)
cosh(u) sinh(u)

sinh(u)

tanh(u) | a° )
= g—y:; .

e 53[Msinh(y*) —y*},

2 2
CV” - a22

2u

1| a?
2.33__ 2|4 2
e J3y4

As the 'k components are odd functions, they all are of zero
mean value. Therefore,

'K=0.

The macroscopic tensors “K and N are calculated with the
expressions established in Appendix B that enable one to
shun the explicit resolution of (Sg):

and, within the adiabatic assumption:
PN =KL+ (Lol ).

From the previous results, the expressions of the nonzero
components become [k is defined in (C1)]:

ZK}II — 2K%22:<(k)2> +<2a”k>,

2K122 2K211 <(k)2>

2K;12 — 2K%21 — <2a”k>,

2Ki33 — 2K§33 — <(k)2> _ 2<k!31ki3>’
2K§“ — ZKE;ZZ — <y3lk%l>’

20131 _ 25232 24,313 _ 24,323 1,13
K K K KZ _< 3k1 >7

K;H_ K%Z’i KS%]_ 332 < 3lk»151>,
1 _3\2
SR S (75}
Y Y

Integration on the gas layer provides the expressions given in
Sec. V.
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This paper formulates and solves a time harmonic inverse scattering problem to reconstruct the
effective stiffness distribution of an adhesive bond in a layered elastic plate. The motivation is based
on the assumption that localized adhesion flaws that diminish bond stiffness also tend to diminish
bond strength. The formulation is based on the invariant imbedding method, applies to isotropic and
anisotropic elastic layers, and is essentially that of identifying embedded acoustic sources in elastic
layered structures. This paper presents two solutions for the inverse problem: the Born
approximation and the exact solution. The example calculations compare the two solutions and
show that when imperfections are too large in either magnitude or extent the accuracy of the Born
approximation breaks down. The impact of noise and uncertainties in the background properties in
the inversion is also investigated. A regularization strategy is introduced in the exact solution that

controls solution sensitivity in regions with low signal to noise ratio.
© 2007 Acoustical Society of America. [DOI: 10.1121/1.2772212]

PACS number(s): 43.20.Gp, 43.40.Le, 43.40.Fz [DF]

I. INTRODUCTION

We formulate and solve a time-harmonic inverse scatter-
ing problem to reconstruct the unknown bond stiffness dis-
tribution in a layered plate. We assume prior knowledge of
the material properties of each layer, as well as the original
(i.e., the undegraded) adhesive stiffness. We also assume
knowledge of the incident field, which in our examples is
taken to be a time-harmonic Gaussian beam in two dimen-
sions. The “measured” signal is taken to be the surface dis-
placement of the plate, as might be measured by optical tech-
niques (cf. Ref. 1). The results show that, in principle, it is
possible to measure the stiffness distribution over a large
region with only a single insonification.

Related inverse problems were solved previously. The
authors of Ref. 2 use surface wave dispersion measurements
to back out bulk properties of an adhesive layer. In a series of
papelrs,3_5 Rokhlin and co-workers work up to the point of
inferring not only the bulk properties of an embedded layer
(e.g., the adhesive layer), but also the adhesion interface
stiffness. They use data collected from transient pulses from
both normal and oblique incidence, and assume transverse
homogeneity of the sample. As such, the techniques from,
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for example, Ref. 5 could serve in practice to provide the
input “known” background properties for our inverse prob-
lem.

In the following we present two solutions of our inverse
problem: one based on the Born approximation, and one
based on the exact solution. The Born approximation is valid
for weakly scattering inhomogeneities. As we show in our
examples, the scattering from a bond defect can be weak
either because the imperfection is small in magnitude, or
because the imperfection is small in extent. In such cases the
Born approximation closely matches the exact solution. If
the defect is too large in one or the other, however, the ac-
curacy of the Born approximation breaks down. In these
cases, the exact solution can be used. It is scarcely more
complicated than the Born approximation, and is always ap-
plicable.

The key to the solution involves treating the defect as a
secondary source, and then seeking to evaluate the source
strength. To do this, we work in the context of invariant
embedding.6

As are most inverse problems, this is ill-conditioned. We
avoid some degree of ill-conditioning by avoiding evanes-
cent wave numbers. Even so, there are some regions of the
plate where the incident field is vanishingly small. It is im-
possible to recover the correct stiffness in those regions, as
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any noise in the signal has a dramatic effect on the recon-
structions there. We show how to control that high sensitivity
with the addition of some regularization.

Section II contains a description of the mathematical
model that we use. Following that, we state the inverse prob-
lem and present the solutions in four steps. Through several
numerical examples, we demonstrate the inverse solutions,
investigate the role of noise and regularization, and evaluate
sensitivity of inversions to uncertainties in the plate’s back-
ground properties.

Il. FIELD EQUATIONS

The plate is considered to be a plane layered medium of
infinite extent in two directions, but finite thickness, with an
arbitrary number of layers. Each layer can be either isotropic
or anisotropic. Between the adherends are adhesive layers.
The regions above and below the plate are assumed to be
occupied by an acoustic fluid. The case of a plate in vaccuum
can be treated similarly.

We assume the z axis is normal to the layering, and
designate the plane z=0 to be the “bottom” of the plate, and
z>0 “upwards.” In the fluid regions, z<<zp=0 and z>zy
>0, the fluid pressure satisfies

Vip+kp=0, (1)
pzpup+pdowm (2)
Pyp=0, z2<0, 3)

Pdown = Pinc = known,  z>zy. (4)

In Eq. (2), we have decomposed the pressure field into up
and downgoing components, respectively. The conditions (3)
and (4) thus represent radiation conditions. In Egs. (1)—(4)
and in what follows, we assume and suppress a time depen-
dence of e7'*",

The nth layer of the solid is supposed to occupy z,_;
<z<z,, and have elasticity tensor C" and density p". There-
fore, the stress o and displacement, # in the nth layer satisfy

V.o+p'o’u=0, z,,<z<z, (5)

o=C"Vu, z,.,<z<gz,. (6)

We note that the nth layer may be either a structural layer or
an adhesive layer.

Between each adhesive and adherend layer there is a
thin interface of adhesion, which typically has thickness of
microns, whose integrity controls the adhesion strength. It is
modeled here by its effective stiffness in the form of spring
constants and is depicted in Fig. 1. Such an approximation is
useful when the layer (interface) of interest is much thinner
than the inspecting wavelength.7 The springs connect the ad-
hesive to the adherend, and enforce continuity of both nor-
mal and shear traction and (approximately) transverse and
normal displacement. It gives us the following boundary
condition at the interface between the nth and (n+ 1)th lay-
ers:

Klu(z) —u(z,)]=tz), )

J. Acoust. Soc. Am., Vol. 122, No. 4, October 2007

Adherent layers
OE—

Adhesive lavers

Inkerfaces of adhesion

FIG. 1. Quasistatic approximation. When the inspecting wavelength is sing-
nificantly larger than the interface thickness, the adhesion interface can be
modeled as distributed transverse and normal springs.

1) =t(z,). (8)

Here K is a diagonal spring matrix, u is the displacement
vector, and ¢ is the traction vector acting on the xy plane.
This “quasistatic” model is usually attributed to Baik and
Thompson.7 Expressions to calculate the entries in K in
terms of the assumed thickness and elastic properties of the
interfacial layer can be found in Ref. 8. Higher order exten-
sions of similar models for thin layers have recently been
described in Refs. 9-11. As u and ¢ are vectors, Eq. (7) can
model defects such as delamination and kissing bonds.

We assume that bond flaws are located at interfaces.
Thus, imperfections in the adhesive bond between layers
may be modeled by a reduction in the adhesive stiffness, K.
Since imperfections tend to be localized in space, this im-
plies that K(x,y) must be allowed to depend upon position in
the layer. A similar model for nonuniform interfacial stiffness
can be found in Refs. 6 and 12. Therefore, we write:

K=K,+K,(x,y). )

Here K|, is the background interfacial stiffness. It is constant
and assumed to be known. The imperfection K;(x,y), on the
other hand, is a function of the in plane position coordinates
(x,y) and is the unknown in the inverse problem.

The interaction between imperfections and the incident
field will give rise to the appearance of a scattered field.
Thus, we rewrite Egs. (7) and (8) as

[KO + Kl][Auspecular(Zn) + Auscatt(zn)]

= tspecular(Z;) + tscatt(ZD > (10)

tspecular(z;l-) + tscalt(z;:) = tspecular(Z;) + tscatt(Z;) > (11)
where

Au(z,) =u(z,) - u(z,). (12)

The subscripts specular and scatt represent the specular field
and the scattered field, respectively. By specular, we mean
the field present in the absence of flaws, i.e., with K;=0. By
definition we can write:

KOAuspecular(Zn) = tspecular(zz) ’ ( 1 3)
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tspecular(Z:) = tspecular(Z;) . (1 4)

Thus we can write the interface conditions for the scattered
field as

KOAuscatt(Zn) to= tscatt(Z:’;) > (15)

tscatl(zz) = tscan(Z;) s (16)
where

=K, [Auspecular(zn) + Auscatt(zn)] . (17)

We can notice that Eq. (15) is similar to Eq. (13) except
for the term ¢. This term can be interpreted as a traction
source acting at the interface. Therefore, a defective plate
can be thought of as an ideal plate with secondary acoustic
sources, i.e., those that are “activated” by the insonifying
field. We took advantage of this to formulate the direct prob-
lem in Ref. 6 and will use the same strategy again for the
present inverse problem. For this reason, both formulation
and solution presented here are essentially that of identifying
embedded acoustic sources in elastic layered structures.

lll. INVERSE PROBLEM STATEMENT

In this section we consider the related inverse problem
of reconstructing the effective stiffness distribution of inter-
nal adhesive bonds in a submerged layered elastic plate. As
we are concerned primarily with adhesive bond degradation,
we suppose that we know the material properties of each
layer, and the undegraded adhesive stiffness K, of each bond.
Similarly, we assume the incident sound field is known.
Therefore, we can predict accurately the specular field, the
field reflected by the plate in the absence of flaws. Any de-
viation between the “measured” reflected field and the ideal-
ized reflected field is thus attributed to the presence of flaws.

In the present work, we consider only one (anyone) of
the adhesive interfaces to be defective. Further, we assume
that we know a priori which interface is the defective one. It
may be possible to determine which interface is the defective
one by using multiple measurements, i.e., measurements for
different frequencies or angles of incidence, but we restrict
ourselves to the simplest case here. The problem where all
interfaces are potentially defective is open at this point.

We summarize our problem as follows:

Given MY, 7/, K{), for j=1,... ,Nlayers, and the acoustic
fields measured at the top surface of the plate, find K,(x,y).

We note that the propagator matrices, M, and the imped-
ance tensors, Z, define acoustically each layer. Expressions
for them in terms of layer thickness and mechanical proper-
ties can be found in Ref. 6.

IV. SOLUTION OF THE INVERSE PROBLEM

For this solution we work in two dimensions and con-
sider the xz plane to be the plane of propagation, as shown in
Fig. 1. Some of the equations in the following indicate rela-
tions between Fourier transformed field variables. To that
end, we use a single overbar to denote a single Fourier trans-
form over the x coordinate.
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Equation (17) relates the secondary source strength, ¢,
to the sought stiffness distribution and the interface displace-
ment jump, Au(z,). We aim to evaluate K; by independently
evaluating ¢ and Au, and then dividing as indicated by Eq.
(17). The problem may be solved in four steps.

A. Step 1: Compute the scattered field at top surface

. top top top  o:
Given u,q, and ugy,,, We may compute u, simply
by
top _ . top _ _ top
Ugcate = Utotal uspecular' (1 8)
Here, u;P | is the total displacement field measured on the top

surface of the defective plate. The field ug?,,, is the hypo-

thetical total displacement field that would be measured on
the top of an identical plate with no flaws. For our calcula-
tions it was computed given the incident field and known
plate properties; see the Appendix for details. In practice, one
might consider measuring 2P on an undamaged plate or

specular
on an undamaged region of the same plate.

B. Step 2: Compute the secondary source strength

Our next step is to evaluate the source term, ¢, from
u'® . In Ref. 6 we have shown how to transport the effect of
embedded sources to the boundary condition at the top of the
plate. We summarize this in the Appendix. Thus we rear-
range Eq. (A28):

e=-[WI"'[G-Zn ® nlay (19)

scatt*

Equation (19) relates the embedded acoustic source to the
resulting displacement field at the plate’s top surface. Here Z;
is the fluid impedance, n is the unit vector in the z direction,
G represents the surface impedance tensor looking into the
top of the (unflawed) laminated plate, and W is the tensor
which transports the effects of a traction source field from
the defective interface up to the top surface. Expressions for
Zs, G, and W are derived in detail in Ref. 6 and are summa-
rized in the appendix.

The bar over the field variables in Eq. (19) denotes a
single Fourier transform over the x coordinate. It means that
we transform P evaluated via Eq. (18), find & via Eq.
(19), and inverse transform @ to find ¢. ¢ is then used to
reconstruct the defective bond stiffness, via its definition, as
seen in the following.

C. Step 3: Backpropagate Ugpecyiar OF Utotal

At this point we must decide whether we wish to evalu-
ate the exact solution or the Born approximation. To make
clear the distinction between the two, we rewrite Eq. (17) as

@Y= KlAutotal(Zn) (20)

~¢p= KlAuspecular(Zn) . (21)

To use the Born approximation, we evaluate Auspecular(zn)
and use Eq. (21) to evaluate K. To obtain the exact solution,
we evaluate Au,,(z,) and use Eq. (20) to evaluate K. The
Born approximation has the advantage that Augyecyia(z,) may
be computed once and for all, for any measured scattered
field.

Leiderman et al.: Inverse scattering from adhesive flaws



Whether we seek to evaluate Auy(z,) OF At gpecyiar(2,),
the process is the same. To evaluate the displacement jump at
the defective interface, Au(z,), we must backpropagate the
displacement field from the top of the plate down into the
layered solid. At high frequencies, this process can be nu-
merically unstable. Here we show how this backpropagation
can be accomplished in an unconditionally stable way via
invariant embedding.

We propagate the solution through each layer, one at a
time, starting with the top layer. Clearly, then, the problem
reduces to one of finding i(z;_,), the displacement field at
7=z, given i(z;), the total displacement field at z=z;. To
do that, we use Eqgs. (A5)—(A7) evaluated at z=z; with the
definition #+u,=u to solve for it;:

ﬁZ(Zj) =(Z,- Zl]_l[[Gj - Zl]ﬁ(zj) + Wj¢]~ (22)

We can now use Eq. (A4) to propagate it5(z;) to the
interface below, and use Eq. (A8) to find u, (Z;-)):

ﬁZ(Zj—l) =M2(Zj—1 _Zj)ﬁz(Zj), (23)

(zj_y) =R;_jitr(z;-) +S;_,p. (24)

Once we have the solution at @(z ;) as given in Egs.
(23) and (24), we need to propagate the solution across the
spring interface to evaluate ﬁ(z}_l). This is most easily ac-
complished using continuity of traction, and the previously
evaluated impedance tensors. In particular, using definition
(A7) at both top and bottom of the interface gives

#(z.) = (G GG + (WL = W)@l (25)

We emphasize again that W™=0 for the defective inter-
face. Also, we note that for the specular field calculations,
@=0. This completes one full stage of the backward sweep.
The total displacement field is advanced through each layer
and each interface in turn, starting with the total solution at
the top of the plate. Once the backward sweep is completed,
the defect K| can be calculated by either the Born approxi-
mation or the exact solution.

D. Step 4: Evaluate defect magnitude
1. The Born approximation

To evaluate the adhesion stiffness K; by the Born ap-
proximation, we use

¢(x) = ¢B(x) =K, (X)Auspecular(xvzn)- (26)

We note that the left-hand side of Eq. (26) is known, and that
At pecyrar(x,2,) is known. Here we have explicitly indicated
the x dependence of the dependent variables to emphasize
that they vary with position. Since K; is diagonal, we get
from Eq. (26) for each non-null displacement component, as
functions of x:

opx) . ey
KD ~ : (27)
uspecular(xvzn) -6y
K(lz,z)(x) - opx) . e, (28)

Auspecular(x’zn) . ey '
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¢B(x) -6,
Auspecu]ar(x’zn) -€; '

K00 ~

(29)

where e,, ey, and e, are the unit vectors in the x, y, and z
directions, respectively.

2. The exact reconstruction

Here we use Aw(z,)=u(z,)-u(z,). Specializing Eq.
(25) to z, and rearranging gives

Al (z,) = H(z,) = (G,) ' [Gii(z,) + W, . (30)

For the exact solution we work with ¢ given in Eq. (19) and
Auoa(z,) given in Eq. (30). Substituting these into Eq. (20)
and recalling that K, is diagonal gives

L)y _ o(x). €y
K(l (X) - Autotal(x9zn) . ex ' (31)
22 o(x) . e
K(l (X) - Autotal(-x’zn) . ey ’ (32)
K () = — 20 (33)

Au[otal(x7 Zn) -6 .

The solution is now complete.

E. Regularization and noise

As are many inverse problems, this is ill conditioned and
sensitive to noise in the data. There are two places where that
sensitivity can manifest itself. One is evident in Eq. (19),
where we require the inverse of W. For some wave numbers
and frequencies, however, W is singular or nearly singular.
This is especially true for evanescent wave numbers, where
the acoustic source energy decays exponentially with depth.
Though W is singular, the vector on which W~ acts is in its
range, provided the data are perfect, and so the right-hand
side of Eq. (19) remains theoretically well defined. When
U, 1s replaced by a measured value with some noise, how-
ever, it may be anticipated that some regularization may be
required to ensure that Eq. (19) makes sense. In all the nu-
merical simulations presented in Sec. V, however, we re-
stricted our attention to nonevanescent wave numbers, and
found no difficulty with the conditioning of W.

The second place that regularization is sometimes
needed is when one of the denominators of Egs. (27)—(29) or
Eqgs. (31)—(33) vanishes. This is as may be expected:. We can
measure interface stiffness only in those areas where the in-
terrogating wave amplitude is nonzero. Again, with noiseless
data, the numerator can be expected to vanish at the same
time as the denominator, making the fraction well defined in
the limit. With noisy data, however, regularization is required
as illustrated in the numerical examples in Sec. V.

V. SIMULATION RESULTS AND DISCUSSION

We show stiffness reconstructions of defective adhesion
interfaces in this section. The chosen example corresponds to
ultrasound inspection of a layered plate immersed in water.
The modeled plate is composed of three layers: a copper
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T Copper

3 mm interface b

interface a

3 mm
¢ Aluminum

FIG. 2. The modeled plate. It has two adhesion interfaces, interfaces a
and b.

layer with 3 mm thickness, an epoxy layer with 200 um
thickness acting as the adhesive layer, and an aluminum
layer with 3 mm thickness. The plate is shown schematically
in Fig. 2. It has, consequently, two adhesion interfaces: one
between the copper and epoxy layers, interface b, and an-
other between the epoxy and aluminum layers, interface a.
The mechanical properties of the constituent materials are
shown in Table I.

The adhesion interfaces are assumed to have nominal
thicknesses of 3 um each. When intact, they have the same
mechanical properties as the epoxy. Accordingly, by the qua-
sistatic model, these interfaces can then be represented by the
following spring stiffness matrix:®

04259 0 0
Ky=| 0 04259 0 |1X10"Pa/m. (34)
0 0  1.8457

All the modeled defects considered in the computations
represent “kissing bonds” located at the interface a. Kissing
bond is a region at the adhesion interface where there is a
strong contact between the two media, but poor adhesion.
The contact allows the bond to transmit normal traction and
displacement, without the ability to transmit shear traction or
in-plane displacement. In plane strain, a kissing bond can be
modeled by diminishing the xx component (i.e., the in-plane
component) of the original interfacial stiffness.

The incident field is taken to be a time-harmonic Gauss-
ian beam with about 80 mm beam width, centered at x=0. It
has a frequency of 4.9 MHz and angle of incidence of 3.82°.
The frequency and angle of incidence were selected in order
to maximize the scattered field, as described in Ref. 6. The
incident wave excites a leaky Lamb mode in the plate. In
Fig. 3 we show the normalized magnitude of the x compo-
nent (the one that interacts with the defect) of the specular
displacement jump at the defective interface, [Au, pecyiar|s TOr
the region at the interface corresponding to -3 cm>x
>50 cm. Outside this region, the incident field and therefore
the denominator of Eq. (27) or (31) is zero to working nu-

TABLE I. Mechanical properties of material constituents.

Material Density (kg/m?) P-wave speed (m/s) S-wave speed (m/s)
Aluminum 2700 6320 3130
Cooper 8930 4660 2660
Epoxy 1200 2150 1030
Water 1000 1480 0
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Normalized displacement (absolute)

x(m)

FIG. 3. The normalized magnitude of the x component of the specular
displacement jump at the defective interface, |Au, spmla,L for 4.9 MHz and
incidence at 3.82° (solid line) and at 13.34° (dashed line). We can see that
the incidence corresponding to 13.34° excites a different leaky mode in the
plate that has a lower amplitude in the vicinity of the incident wave beam,
but a broader illuminated area.

merical precision. For this reason we restrict attention to the
region =3 cm>x>50 cm (=3 cm>x>25 cm in Sec. V A).

A. Validation and reconstruction via the Born
approximation

In Figs. 4 and 5 we show bond stiffness reconstructions
via the exact solution and the Born approximation. The
specular and scattered fields used here, as well as in all other
performed computations, were computationally generated
according to Ref. 6. The simulations were divided into two
groups. In the first group the defect’s length is the same but
its magnitude varies. In the second group the defect’s length
varies while its magnitude remains the same. Results related

— Original defect
~ Exact solution

+ Born approximation

T T T T I

-0.045-
-0.09-

0.15 0.2 0.25

-0.23
-0.46-
-0.68 :

1.17 \ T

K1/ Ko

0.15 02 0.25

-1.17p ; k7 i l
0 0.05 0.1 0.15 0.2 0.25

x(m)

FIG. 4. Stiffness reconstructions via the exact solution and the Born ap-
proximation. Here, all defects have a Gaussian stiffness distribution extend-
ing about 40 mm in length. The magnitudes of the three defects are 10%,
40%, and 70% of the original bond stiffness, respectively.
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-0.047-
-0.095+

1 ol

0.05

-0.047+
-0.095¢

K1/Ko

0.12

-0.]2 CEEEEEETTRTY

FIG. 5. Stiffness reconstructions via the exact solution and the Born ap-
proximation. Here, the magnitude of all defects is 10% of the original bond
stiffness. They are all Gaussians in shape, with lengths 40, 250 mm, and %
(i.e., homogeneous), respectively.

to the first group of defects are presented in Fig. 4. In this
group, all defects have Gaussian stiffness distribution ex-
tending about 40 mm in length. The magnitude of the three
defects are 10%, 40%, and 70% of the original bond stiff-
ness, respectively. Results related to the second group of de-
fects are presented in Fig. 5. In this group, the magnitude of
all defects was 10% of the original bond stiffness. They are
all Gaussians in shape, with lengths 40, 250 mm, and < (i.e.,
homogeneous), respectively.

In the figures we see that the exact solution reconstructs
precisely all the modeled defects, validating our code. The
Born approximation, however, does a poor job when the de-
fect is large either in terms of extension or in terms of mag-
nitude. The fact that the exact solution captures the homoge-
neous defect implies that the exact solution is insensitive to
errors in K, the background adhesion stiffness.

B. The impact of noise in the inversion

To investigate the impact of noise in our inversion
scheme, we synthetically introduced white noise in the scat-
tered displacement field evaluated at the plate’s top surface,
and then reconstructed the bond stiffness via the exact solu-
tion.

1. Results for the original angle of incidence

In Fig. 6 we present inversion results for large, medium,
and small signal to noise ratio (SNR), respectively, for the
same defect reconstructed in the top plot of Fig. 4. Compar-
ing Figs. 3 and 4 (top) shows the extent of the overlapping
between the incident wavebeam and the defect. For large
SNR, the noise has visible effect only for x>0.3 m. In this
region (x>0.3 m), the incident field has magnitude compa-
rable to the noise magnitude and, therefore, the local SNR is
small. For medium SNR, the noise has visible effect for x
>().2 m and for small SNR, the noise has visible effect in the
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FIG. 6. Inversion results for large (=4000), medium (=800), and small
(=25) signal to noise ratio (SNR), respectively, for the defect shown in the
top plot of Fig. 4. Comparing Figs. 3 and 4 (top) shows the extent of the
overlap between the incident wave beam and the defect. For large SNR, the
noise has a visible effect for x>0.3 m, for medium SNR, the noise has
visible effect for x>0.2 m, and for small SNR, the noise has visible effect
in the whole reconstruction region.

whole reconstruction extension. The plots show that the pres-
ence of noise is enhanced where the incident field magnitude
is comparable to (or smaller than) the noise magnitude. As
mentioned in Sec. IV E, it demonstrates that the inverse
problem solution loses accuracy where the denominator of
Eq. (31) approaches zero.

In Fig. 7 we investigate the effect of the degree of over-
lapping between the incident wavebeam and the defect, in
the presence of noise. We computed the forward problem
solution for the defect located at its original position, and
shifted by 0.15 and 0.30 m to the right, and then computed
the inverse problem solution for the three cases adding the
same amount of noise (corresponding to a large SNR). In all

— Reconstruction
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FIG. 7. Overlap between incident beam and defect. Defect is located at its
original position, shifted by 0.15 m, and by 0.30 m to the right. The recon-
structions are performed with noise at high SNR.
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FIG. 8. Reconstructions for large (=4000), medium (=800), and small
(=25) SNR, respectively, the top, center, and bottom, with (thick solid line)
and without (thin solid line) regularization. The regularization parameter
was selected to improve the solution for a large SNR, ie., €/ry,
=0.04 <1 has a small value.

plots, we see again that the noise has a greater impact where
the incident field is weaker. The stiffness distribution is pre-
cisely reconstructed where the incident field is strong. In
addition, a comparison between the plots shows that, to some
extent, the stiffness distribution is better reconstructed at the
region where the magnitude of the defect is large and thus
the SNR is locally larger. This is illustrated in the plot at the
bottom, where the defect was correctly reconstructed in the
vicinity of x=40 cm.

In practice, however, one would know a priori neither
the defect location nor its magnitude. It means that the mag-
nitude of the incident field is the primary factor that indicates
where at the interface the noise compromises the solution,
and determines, together with the SNR estimate, where the
inverse solution is reliable.

The sensitivity of the solution to noise suggests that
regularization is warranted. Here we introduce a regulariza-
tion of the form:

@
K, = , 35
1= Ny (35)
where
Au,eo = (r+ €)Aulr, (36)
r=vAulAu" (37)

and Au=Augpeqp+ Al at the defective interface, € is the
regularization parameter proportional to the amount of noise
present in the scattered field, and the asterisk means complex
conjugate.

The regularization is designed to make the denominator
of Egs. (31)—(33) larger where it is too small and the inverse
solution would otherwise be overly sensitive to noise. On
one hand, to be effective, it has to be proportional to the
amount of noise present in the measurements. On the other
hand, it should be as small as possible to not “mask” the
solution, i.e., to not diminish the defect’s original magnitude
in the reconstruction. The parameter € in Eq. (36) is empiri-

1912 J. Acoust. Soc. Am., Vol. 122, No. 4, October 2007

— Without reqularization
— With regularization

0 01 02 03 04 05

Ky /Ko
S o
= =
N O N

0 01 0.2 03 04 0.5

FIG. 9. Same as Fig. 8 however the regularization parameter was adjusted to
improve the solution for small SNR, i.e., €/r,,,=1=0(1) has a large value.

cally adjusted based on these two principles. It is not always
possible to find a suitable €, especially when the SNR is
small, as seen in the following.

In Fig. 8 we plot reconstructions for large, medium, and
small SNR, respectively, at the top, center, and bottom of the
figure, with (thick solid line) and without (thin solid line)
regularization. The regularization parameter € was adjusted
to improve the solution for a large SNR, i.e., it has a small
value. As expected, we see that the regularization signifi-
cantly improved the solution in the plot shown at the top,
improved to some extent the solution in the plot shown at the
center, and had no effect in the plot shown at the bottom.

In Fig. 9 we plot the same, however the regularization
parameter was adjusted to improve the solution for a small
SNR, i.e., € is large. In all the plots, we see that the regular-
ization significantly improved the solution where the defect
magnitude is small (practically zero), but the defect itself
was under-reconstructed (compare to Fig. 4-top). In that
sense, the comparison between Figs. 8 and 9 indicates that it
is possible to correct for the noise in cases where the SNR is
large, but the regularization tends to “mask” the defect in
cases where the SNR is small.

Even a low value of regularization can mask the correct
solution if the defect is located where the signal is weak, as
shown in Fig. 10. In this figure we plot reconstructions for
the defects shown in Fig. 7 (different degrees of overlaping
between the incident field and the defect) for a large SNR
(4000), with € (0.04r,,,) chosen accordingly and kept the

— Without reqularization
— With regularization

-0.941 L |. L L L |. L | i 05

FIG. 10. Reconstruction for the defects shown in Fig. 7 for a large SNR
(4000) and small €(0.04r,,)-
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FIG. 11. Reconstructions for different angles of incidence. Low noise added
to the data (SNR=4000), but no regularization used (€=0). Results related
to 3.82° are ploted at the top, while the results related to 13.34° are plotted
at the bottom. No regularization is needed for 13.34° incidence because the
incident field is strong throughout the region.

same for all the three plots. For the plot shown at top we can
see that the bond stiffness was well reconstructed in the
whole interface extension. For the plot shown at the center,
the bond stiffness was well reconstructed where the defect
magnitude is negligible but the defect itself was slightly
under-reconstructed. For the plot shown at the bottom, where
there is the smallest degree of overlapping between the inci-
dent field and the defect, the defect was strongly under-
reconstructed. It indicates that, beside masking the solution
when the SNR is small, the regularization also tends to mask
the solution where the incident field is weak.

2. Results for a different angle of incidence

Results corresponding to incidence at 3.82° and at
13.34° are compared here. In Fig. 3 we show the specular
displacement field at the defective interface for both incident
fields, normalized by the same factor. We can see that the
incidence corresponding to 13.34° excites a different leaky
mode in the plate that has a lower amplitude in the vicinity
of the incident wave beam, indicating a weaker coupling
between the incident field and kissing bonds, but a broader
illuminated area. In fact, it illuminates a region at the inter-
face larger than the one shown in the Fig. 3, indicating the
potential to inspect a larger area. The weaker coupling be-
tween the incident field and the defect, however, makes the
scattered signal weaker and more difficult to measure in
practice, i.e., more susceptible to noise. We illustrate these
effects in Fig. 11, where we show reconstructions for the
defect shown in the top of Fig. 4 for large SNR. Results
related to 3.82° are ploted at the top of the figure, while the
results related to 13.34° are plotted at the bottom.

As before, we see again in the top of Fig. 11 that the
introduction of noise has a stronger impact where the inci-
dent field is weaker. On the other hand, we show in the plot
at the bottom that it has a negligible impact in the reconstruc-
tion corresponding to 13.34° angle of incidence. This noise
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FIG. 12. Effects of miscalibration in back ground properties. Reconstruc-
tions obtained when performed with background properties that differ from
those used in the forward solution are shown. (a) The defect was located at
the interface b instead of interface a. (b)—(d) Five percent (under) miscali-
bration in the mass density, longitudinal wave speed, and shear wave speed
of the copper layer, respectively. (e) Ten percent (under) miscalibration in
the original bond stiffness (Kj,,). (f), (g) Ten percent (over) miscalibration
in the longitudinal and shear wave speeds of the epoxy layer, respectively.

insensitivity reflects the fact that the incident field is rela-
tively strong in the whole reconstruction extension (broader
illuminated area) for 13.34°.

C. Impact of uncertainties in the plate’s background
properties

In the following, we investigate the impact of uncertain-
ties in the plate’s background properties on the inverse solu-
tion. For this discussion, we focus on the defect shown at the
top of Fig. 4.

(a) Uncertainty in position. In order to evaluate the im-
pact in uncertainty in the defect position, we solved the in-
verse problem assuming the defect was located at the inter-
face b instead of interface a; see Fig. 2. The result, shown at
the top of Fig. 12(a), shows that the impact of this assump-
tion in the inversion is negligible with this choice of param-
eters.

(b) Uncertainty in adherend material properties. We
next consider uncertainties in the background material prop-
erties. In the first example, we suppose that we attempted an
inversion with the wrong mass density in the copper layer. To
simulate this situation, we first solve the forward scattering
problem with the mass density of the copper reduced by 5%
from the value listed in Table I. Using this scattered field, we
then reconstructed the adhesion stiffness using the original
background properties (those listed in Table I). The resulting
reconstructed adhesion stiffness (and the correct reconstruc-
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tion) is shown in the second plot of Fig. 12 curve (b). Figure
12 shows a defect in the right place of the appropriate mag-
nitude. It shows, erroneously, that the background value for
the adhesion stiffness was overestimated by about 10%. Thus
the background stiffness in the adhesion layer is to a certain
extent compensating for the miscalibration of the mass den-
sity in the copper layer. We conclude from this example, as
may have been expected, that uncertainties in the back-
ground properties can limit the quantitative accuracy of the
reconstructions. Nevertheless, in this case we still clearly de-
tect the presence of the defect.

The third and fourth plots of Figs. 12, curves (c) and (d),
show, respectively, the corresponding results for uncertain-
ties in the longitudinal and shear wave speeds in the copper
layer. As before, the forward problem was solved with a
reduction of 5% in the nominal value of the property under
investigation. The adhesion stiffness was reconstructed using
the nominal values of background properties. As before, the
background value of the adhesion stiffness changes to par-
tially compensate for the miscalibration in the background
properties. These results are representative of the corre-
sponding changes in the other layers.

(c) Uncertainty in adhesion properties. In the same fash-
ion, we computed the scattered field considering a reduction
of 10% in the interface a’s original bond stiffness (K,,,). We
then solved the inverse problem assuming the original bond
stiffness. The result, shown in the fifth plot of Fig. 12, curve
(e), shows that this assumption has a relatively small impact
on the inversion. In this case, the inversion correctly restores
the background stiffness to its original value. Qualitatively
speaking, curves (b) and (e) are very similar. In this case, the
interpretation that the background adhesion stiffness was
miscalibrated is correct; that same conclusion would be
wrong if presented with curve (b).

(d) Uncertainty in adhesive properties. Of all the back-
ground properties, the adhesive stiffness is likely to be most
variable. The last two curves in Fig. 12, curves (f) and (g),
show the adhesion reconstructions with calibration errors of
10% in the longitudinal and shear wave speeds in the epoxy
layer, respectively. We see that the reconstruction is rela-
tively insensitive to the longitudinal wave speed in the ep-
oxy, curve (f). The reconstruction is highly sensitive to the
shear wave speed, curve (g). This sensitivity is to be ex-
pected, inasmuch as the insonifying mode was selected spe-
cifically to be sensitive to shear stress across the adhesion
interface.

(e) Discussion. By the results plotted in Fig. 12 (and
others not shown here), we can see that uncertainties in the
material properties and geometeries of the plate constituents
can dramatically impact the reconstructions. We note that the
reconstructions are based upon an exact solution of the wave
equations. Thus, the extent to which “the method” described
here is sensitive to the problem parameters is the same as the
extent to which the selected propagating mode is sensitive to
the problem parameters.

The incident field used here is selected specifically to
excite a particular leaky mode in the plate. We believe that
the sensitivity to these properties that we see in the inversion
arises through sensitivity of the excited leaky mode itself.
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For example, the reconstruction is insensitive to the longitu-
dinal wave speed in the epoxy, because the selected mode is
primarily a shear mode in the epoxy. Different incident
fields, therefore, will be sensitive to different plate properties
to greater or lesser extents.

It is likely, for example, that a mode could be selected at
a sufficiently low frequency such that the entire epoxy layer
could be modeled accurately with the quasistatic approxima-
tion. In this case, the reconstruction method presented here
would accurately reconstruct the spring properties that mod-
eled even large variations in the epoxy properties. At such a
low frequency, however, there would be some loss of spatial
resolution without including evanescent modes in the analy-
sis. Furthermore, at such low frequencies, it may be impos-
sible to couple efficiently to the desired mode through water.
A direct excitation of the plate may be desired in this case.

VI. SUMMARY AND CONCLUSIONS

We presented the exact and approximate solutions of an
inverse scattering problem, corresponding to measuring the
bond adhesion stiffness distribution in a laminated plate. Our
solution gives the entire adhesion stiffness distribution along
a line from a single insonification at a single frequency. At
some point along the line of insonification, the incident wave
amplitude diminishes to a negligible magnitude. The adhe-
sion interface stiffness cannot be accurately measured be-
yond this point with the given insonification. We found a
regularization strategy that could control the sensitivity of
the reconstructed defect in this region.

Our inverse problem solution depends upon knowing a
priori the background properties of the plate, and is based on
assuming that exactly one interface is defective. If N inter-
faces were defective, we would need to evaluate strengths of
N secondary sources. This requires at least N different mea-
surements. These could come from N different incident
fields, at say different frequencies or angles of incidence. A
transient pulse at a single angle of incidence contains many
frequencies, and may contain sufficient information to deter-
mine the stiffnesses of many interfaces. In any case, different
interfaces would receive different incident fields. Thus the
accuracy of their stiffness reconstructions would be different.

In the examples treated here, the solutions are highly
sensitive to some of the background properties. This implies
that if this inverse problem solution is to be usable in prac-
tice, with this choice of parameters, some robust technique(s)
will be needed to evaluate the bulk properties independently.
It is likely that different choices of incident fields could be
selected that would be more or less sensitive to specific prop-
erties in a given problem. Some additional robustness of the
inverse solution may come from the use of additional data to
overconstrain the reconstruction.
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APPENDIX: PROPAGATOR AND IMPEDANCE
MATRICES

In the invariant embedding method, we decompose the
total displacement and traction fields into upgoing fields,
it,(z), and downgoing field, @,(z), according to their wave
numbers in the vertical (z) direction, viz.,

u(z) =iy (2) + ity(2), (A1)

{(2) =1,(z) +(2). (A2)

From the exact solution of the elastodynamic equations
of motion in homogeneous media, we may define the opera-
tors M|, M,, Z,, and Z,, such that

uy(z) =M, (z-z)u\(z)), (A3)
iy(2) = My(z - z))uy(z), (A4)
f(z)=—iwZu(z), (A5)
15(z) == iwZyis(z). (A6)

The propagator matrices M contain only propagating or
decaying exponentials, as long as z—z; is positive in Eq.
(A3) and negative in Eq. (A4). It helps to keep the method
numerically stable. The local impedance tensors, Z;, relate
up and downgoing tractions to the corresponding displace-
ment fields. Explicit expressions for these quantities can be
found in Ref. 6.

In what follows, we show how to compute recursively
the surface impedance and traction fields acting on the top
surface of a layered plate, in terms of the corresponding val-
ues on the bottom of the plate and the properties of the plate
itself. To that end, we begin by showing the computations for
an elastic layer resting on a (layered) substrate.

1. Elastic layer

Here we consider an elastic layer with thickness /4 rest-
ing on a substrate. The bottom of the layer is located at z
=zo. The top of the layer is z=z;=z(+h. The substrate upon
which the layer rests has a known surface impedance, G,
and traction source field, ¢. At z=z,, we write the traction

vector, £, as

t(z9) = — iw[Goit(zg) + W], (A7)

where W, is the matrix that transports the effects of an in-
ternal acoustical source to the bottom of the elastic layer. For
the present case, where only one source is considered, W,
=0 for all interfaces situated below the defective one.

Now, we define the displacement field at z=z; as

i£(z9) = ity(z¢) + Roity(20) + [Z) - Go] ' Wy.

Here, R is the reflection matrix. By considering the conti-
nuity of displacement and traction, from Eq. (A8) in Egs.
(A5) and (A6) [we note that the last two terms of the right-
hand side of Eq. (A8) are upgoing fields] and from definition
(A2), we have

Ry=-[Z,-GyI"'[Z,- G,

(A8)

(A9)
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Finally, by forward- and backpropagating the up and
downgoing waves (A8) up to z=z,, we can write the traction
vector as

f(z) =—iw[Gu(z,) + W, &], (A10)
where

G, =[Z,+Z\Ry(z)) ]I +Ry(z)]™", (A11)

W, =[Z, -G, IM,(h)[Z, - Gy]"'W,, (A12)

RO(Z1) =M1(h)R0M2(— h). (A13)

2. Adhesion interfaces

As before, here we consider an adhesion interface in
contact with an elastic layer. The layer may be an adherend
or may be a layer of the adhesive itself, depending on the
frequency range of interest. The adhesion interface is mod-
eled as a layer of springs, as described earlier. At this point it
is useful to distinguish between defective and nondefective
interfaces. For defective interfaces, the interface condition is

Kjlat-a l+o=t"'=t". (A14)

The superscript + indicates the value of the field variables
above the interface, while the superscript — indicates those
below. We recall that K, represents the undegraded, or back-
ground, interface stiffness.

The layered substrate upon which the interface spring
layer rests has a known surface impedance, such as calcu-
lated in Eq. (All). The impedance boundary condition is
given by

F=—ioGu . (A15)
It is implicit in the condition above that W™=0.

To find the equivalent boundary condition at the top of
the adhesive interface, we solve Eq. (A14) for #~ and sub-
stitute into Eq. (A15) to find

=—io[G*i* + W], (A16)
G =[I+i0GK;'T'G™, (A17)
W*=G'K,'. (A18)

Note that in Eq. (A16) we introduced W*. In fact, in the
recursive computations, this is the first location (the top of
the defective adhesive interface) where the tensor W is cal-
culated.

For nondefective interfaces located above the defective
one, Egs. (A16) and (A17) hold. Equation (A18) changes to

W*=[I +iwG'K;' TW-. (A19)

The quantities calculated by Egs. (A16)—(A19) can be
substituted into Eq. (A7) to move forward with the compu-
tations for an elastic layer resting on the interface spring
layer. Therefore, Eqgs. (A7)-(A19) give all the ingredients
needed to compute recursively the surface impedance and
traction fields acting on the top surface of a layered plate, in
terms of the corresponding values on the bottom of the plate
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and the properties of the plate itself.

3. Reflection and radiation from top surface

Once we can compute G and W, the impedance and the
source transport matrix, we can formulate the reflection and
radiation problem at the top surface of the plate. The bound-
ary conditions in terms of the fluid pressure ¢ and fluid nor-
mal displacement w; at the top interface are

f=— pn, (A20)

(A21)

n'li=Wf.

These conditions enforce continuity of traction and nor-
mal displacement at the fluid/solid interface. Of course, we
also have our impedance condition on the top surface of the
solid:

f=—io[Gii+ Wg]. (A22)

Substituting Eq. (A20) into Eq. (A22) and solving for @&
gives

i=G"(in) ' pn-Wol. (A23)

Equation (A23) can be used later to give the displacement
field at the top of the plate, once the pressure is known.

As in every other layer, we decompose the pressure in
the fluid into downgoing (incident) and upgoing (radiated)
field,

inc

9 =p"+p™d. (A24)

Following steps analogous to those that lead to Eq. (A10)
leads us to

: Z7Z;
P =rp™ +io—"n-G'Wa, (A25)
s+ Zf
Z,-Z;
r=—-"I (A26)
Zs+Zy
Z=[n-G"-n]", (A27)

where r is the scalar representing the reflection coefficient at
the plate’s upper surface that relates the incident pressure
field to its specular reflection. The right-hand side of Eq.
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(A25) is known. At this point, the solution for the direct
problem is formally known.

We recall that Eqgs. (A23)-(A27) can be used to deter-
mine the specular displacement field from the pressure field
by making ¢=0. Likewise, recognizing that in the fluid,
where only P-waves propagate, the upgoing pressure is re-
lated to the upgoing vertical (z) displacement component,
Wi, by —p1(2)=iwZwp (z), and making p™=0, Eq. (A23)
gives

an ® Ry = [Gﬁscatt + Wﬁ?’] (A28)

At this point, the solution for the inverse problem of identi-
fying an embedded acoustic source is formally known.
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This paper describes nonlinear shear wave experiments conducted in soft solids with transient
elastography technique. The nonlinear solutions that theoretically account for plane and nonplane
shear wave propagation are compared with experimental results. It is observed that the cubic
nonlinearity implied in high amplitude transverse waves at f,=100 Hz results in the generation of
odd harmonics 3£, 5f,. In the case of the nonlinear interaction between two transverse waves at
frequencies f and f5, the resulting harmonics are f;+2f,(i,j=1,2). Experimental data are compared
to numerical solutions of the modified Burgers equation, allowing an estimation of the nonlinear
parameter relative to shear waves. The definition of this combination of elastic moduli (up to fourth
order) can be obtained using an energy development adapted to soft solid. In the more complex
situation of nonplane shear waves, the quadratic nonlinearity gives rise to more usual harmonics, at
sum and difference frequencies, f;£f;. All components of the field have to be taken into account.
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I. INTRODUCTION

The characterization of soft matter mechanical proper-
ties is of interest for medical applications. For example,
shear elasticity is a pertinent indicator for tissue degradation
diagnosis. Research efforts also lead to evaluation of
anisotropy,] viscosity,2 and nonlinearity.3 Linear and nonlin-
ear elastic modulus of soft materials can be obtained by
acoustoelasticity (measurements of speed variations under
static strains) or by dynamic experiments (imaging low fre-
quency shear wave propagation). The second way goes
through solving an inverse problem in the linear case or fit-
ting experimental and theoretical results in the nonlinear one.

Among these methods, finite amplitude experiments are
interesting for several reasons. First, it gives practical solu-
tions to measure the elastic nonlinearity and second, from a
physical point of view, it is the first direct experimental ob-
servation of a shock transverse wave.”* Indeed, in most “hard
solids” such as metals or crystals, the particle velocity in-
duced by acoustic source is very small compared to the wave
speeds. Thus the small Mach numbers reached in experi-
ments do not allow one to observe the tiny third-order non-
linear effects induced by transverse waves (propagation in
highly inhomogeneous material such as rocks is not tackled
in this paper, but can also lead to odd harmonic generation
through the nonlinearity of the microstructure). To our
knowledge, the same reasons avoided any experimental ob-
servation of nonlinear interaction between two transverse
waves. Conversely, mechanical vibrators used in transient
elastography experiments on soft solids allow one to reach
Mach numbers close to unity.

This paper first recalls nonlinear equations obtained with
quadratic and cubic approximation describing, respectively,
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longitudinal and transverse plane wave nonlinear propaga-
tion. Then, the specific model for elastic response of soft
solids like agar-gelatin phantoms is examined. Considering
the quasi-incompressibility of the medium, valid for shear
solicitations, allows one to express the elastic energy in a
simplified form.” Such a development defines elastic moduli
relative to nonlinear shear elasticity, and can be used to es-
tablished, in a simple way, a Burgers like equation, referred
to as modified Burgers equation, relative to shear waves.

In the second part, elastographic experiments, which al-
low one to quantify these properties, are presented. Experi-
mental results, obtained with harmonic generation and non-
linear interaction of quasi-plane shear waves, are compared
to numerical solutions of the modified Burgers equation. Cu-
bic nonlinear effects (odd harmonics) are clearly revealed
through wave forms and spectra, and the nonlinear coeffi-
cient is estimated. Nonplane shear waves are also studied
from the experimental point of view. The effect of the qua-
dratic nonlinearity (even harmonics) also appears in this
case. The link between quadratic nonlinear effect and diffrac-
tion can be understood through a Gaussian beam model.

Il. MODEL EQUATIONS
A. Quadratic and cubic approximations

Elastic (or acoustic) nonlinearity is classically intro-
duced by the mean of series expansions of the stress-strain
relation (or state equation), taking into account the large am-
plitude of the particle velocity or of the strain deformation.
In order to obtain a nonlinear equation that takes into ac-
count second- and third-order terms (of displacement deriva-
tives), the elastic energy has to be developed to fourth order
in strains.*” The first intervention of nonlinearity is the com-
plete definition of the strain itself:

© 2007 Acoustical Society of America 1917



§.o (2 9w I Iuy (1)
1] +
2\da; da; da; da;

where the displacement u;=x;—a;, is the difference between
the current position x; of the particle and its position at rest
a;, i.e., the Lagrangian coordinates.

The state equation (stress-strain relation) obtained by us-
ing such an expansion [Eq. (1)] leads to a wave equation
with quadratic and cubic nonlinear terms. At the fourth order
of the strain tensor, the elastic energy density takes the gen-
eral form:

1 1
W= 21 Clij Skl+ 31 l/klmnS Slemn
+ 47 livjklmnpqS SlemnSpq’ (2)

which gives a stress tensor at third order in displacement
gradient du;/ da;.

In the isotropic case, the energy can be expressed as a
function of the three scalar invariants of S (the invariants
defined by Landau, usually denoted I, I,, and I3, are the

respective traces of 5, 52, and 53):7

A 2 A C3 2 2
W=/,L12+511+§I3+Blllz+511+E1113+F1112+G12

+HI. 3)

This form takes into account both compression and shear
strains, with a complete set of elastic constants or moduli:
two at the second order (linear elastic approximation ex-
pressed with the Lamé coefficients N and w), three at the
third order A, B, C, and four at the fourth order E, F, G, H.

Then the strain energy can be expressed as a function of
the principal invariants, Ig, IIg, and IIlg defined by the
Cayley-Hamilton theorem, i.e., the coefficients of the char-

acteristic equation of S:

W, =3\ + 2+ 2ull + (A +3B+ O)F + (A
+2B)IJI,+ Alll, + (E+ F + G + H)I! + 3ELIII,
+ (3E+2F +4G) Il + 4GII>. (4)

In this development, it is possible to distinguish, at third
order, invariants and moduli relative to pure mode propaga-
tion. The first line of Eq. (4) gives the velocities of pure
longitudinal (\y(N+2u)/py, L waves) and shear waves
(Nu/py, T waves) in the linear approximation. The I3 term
[of coefficient (A +3B+C)] corresponds to the quadratic non-
linearity of L waves, the combination /I is linked to the
coupling between 7 waves and L waves and /1, is related to
the T waves.

In Lagrangian coordinates, the stress tensor can be writ-
ten as
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TABLE I. Relations between the Landau moduli and the elastic constants
for an isotropic solid (two first columns). For a purely compressible media,
the third column gives the relation between these elastic constants and the
coefficient defined for a perfect fluid (with a pressure-density state equa-
tion).

Landau Elastic constant Fluid
A 4C,s 0
B Cra4=C166—2Cysg -A
2C¢ Ci3=C111—6C66+4Cys6 A-B,
2(A+3B+C) (T —(5A,+B))
A+2B 2C1e6 24,
2B+2C Ci12=C11—4C g6 -(A+B)
ow
Ty = . (5)
r?u,-
&ak

The wave equation follows from the momentum conserva-
tion law:

d u; ale

. 6
d[ 061]( ( )

In Lagrangian frame, all nonlinear terms come from the
right-hand side of Eq. (6).

First, we recall principal features of the quadratic ap-
proximation for plane and nonplane waves. Considering a
wave propagating along a; leads to the following system of
equations:

&zul 1 (921/[1 &ulﬁzul (ﬁuZz?zuz
e Dl Y N Rdles’)
a2 V2 ot Yoa, 9a> " "M\ day aa>
&u3 &2M3
— (7)
&al (9611
Fu 1 7u_g (%ﬂz_m%@) ®
r?a% Vy ot T da, aal da, ﬁa% ’
with i=2,3,
where
B, = 3N+2w) +2(A+3B+C)
L 20N +2u) ’
2(N+2u) + (A +2B) o
Bro=- = Brr- 9)

2u AN+2u

In order to obtain Eq. (9) as a function of the elastic
moduli, Table I recalls the correspondence between elastic
moduli and the coefficient defined for a fluid up to the third
order. Following Gol’dberg,8 in the case of L plane waves,
terms weighted by 8,7 and B, vanish. Then Eq. (7) reduces
to the quadratic nonlinear equation of L waves (quasiequiva-
lent to the one obtained for fluids). In the case of T plane
waves, Eq. (8) reduces to the linear wave equation for trans-
verse waves (du;/da;=0). However the condition (du3/da,)
X (Pus! aa%)=0 imposes the longitudinal component not to
be uniformly zero. Then, from quadratic approximation, the
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propagation of an initially transverse polarization can pro-
duce a longitudinal component at double frequency. This ef-
fect is not cumulative (longitudinal and transverse waves
propagate at different velocities, so phase matching condi-
tions are not fulfilled) and, in the case of a gel, this quadratic
coupling does not results in significant amplitudes because of
the large difference between compression and shear moduli.
(For nonunidirectional propagation, the different interaction
cases between L and/or T plane waves have been
examined,”'® considering as well intersecting waves. De-
pending on polarization, elastic moduli, and angles of inci-
dence, cumulative interactions are possible, even at second
order.)

Finally, the quadratic approximation does not allow one
to deal with a nonlinear effect relative to plane transverse
waves. The model presented in Sec. II B deals with the cubic
nonlinearity but neglects the longitudinal component and the
second-order transverse component.

B. Cubic approximation and soft media elasticity

It has been pointed out in previous papers, from
theoretical'® and experimental11 points of view, that soft
solids can be considered as quasi-incompressible. The physi-
cal interpretation of shear moduli can be attributed to w and
A, because both are zero for a perfect fluid. This can be
obtained by comparing the energy development, valid for a
perfect fluid and written with strain tensor invariants (and
solid-like Landau moduli), to the development Eq. (3) of the
isotropic solid."® An interpretation is equally given in terms
of invariants: I, and I3 could be seen as relative to shear
deformation. This analogy also establishes relations between
third- and fourth-order moduli. Due to the difference of state
variable used in the equation of state of fluids (density varia-
tions) and used in the stress-strain relation of solids (strain
tensor), first- and second-order coefficient A; and B, of the
fluid are linked to third-order Landau moduli (of the solid-
like development).

In fluids and solids, incompressibility can be commonly
expressed by: (p/pg)*=1=Det(F;)?, where F;=dx;/da; is
the transformation tensor. The dilatation tensor C; (C
=F'F) respects a similar constraint: Il-=Det(C;j)=1, but
cannot be used to develop the energy because it is not an
infinitesimal quantity. This tensor is commonly used in hy-
perelasticity theory. 12

Starting from the general form given by Eq. (3), the
energ}sf 1I(l)as been written in the simplified form by Hamilton
etal.:™

W=Wo(p) + u(p)l, + @h +D(p)I;. (10)

To obtain this form, two equivalent methods can be used,
both based on the following relations:

Hlq=1+21, -4l + 811, (11)
=1420 =21, + 21 + 31} — 41,1, + 315, (12)
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Since only 7, and /5 seem to be involved in shear energy,
we can first express the invariant /; as combination of the
other ones, assuming ///-=1 in the previous relation:

Li=L~F-30+2I1, - 315, (13)

which becomes by recursion [substituting to I, its expression
Eq. (13) until terms involving /; are insignificant]:

Li=hL-3L+D. (14)

Then, by substituting this expression of /;, in the develop-
ment Eq. (3), we obtain Eq. (10) with

A
D=5+B+G. (15)

With this method the reference value W(p,) is zero, and the
three elastic moduli are those of the equilibrium state: w(p,),
A(py), and D(py). In the course of calculation, supposing to
know the order of magitude of each term, the fourth-order
terms involving moduli C, E, F, H, and higher order term
combination of invariants have been neglected.

Always starting form Eq. (11), it is possible to express
the dependence of this moduli with the relative volume
variation 71, and I, and I5. Solving Eq. (11) for I; gives a
unique real solution depending on I, and I5 at different or-
ders and on /11,

2(1/4 - 1)
—1+4+\2+H)"

1 —
1= 5(_ T+ +32+ )" -

with ¢, =311l —81; and &, =— 121, + 4815

1
>
— 6415 — 6111+ 1615 + 9IIT%— 48111 15 + 6415.  (16)

This solution is developed using successive series expan-
sions, considering the combination of invariants I, and I3 as
infinitesimal quantities and are consistent with a fourth-order
approximation.

Then, like previously, the expression of /; is substituted
into Eq. (3) or Eq. (4) to obtain a development whose coef-
ficients are functions of elastic moduli and combination of
I,,I; and [II.. Finally, taking IIl-=1 and neglecting high
order terms leads to Eq. (10). The coefficients obtained by
the second way are not produced here, because of their com-
plexity and their weak interest in practice. However, such
calculation shows explicitly the dependence of coefficients
M, A, and D on the other elastic constants and invariants.
This dependence characterizes the degree of incompressibil-
ity, and could give a relation between the approximation
adopted on deformation and the resulting approximation con-
ceded on shear moduli.

It could be simply seen through the dependence of D on
N that it is not strictly convenient to assign to A or D the
physical meaning of shear moduli. In fact the incompressibil-
ity is rigorously taken into account by a constraint on the
strain tensor (/II-=1). Taking into account the incompress-
ibility with a constraint on the elastic moduli is equivalent to
finding a set of elastic moduli that cancel certain components
of the stress tensor (those corresponding to transformations
at nonconstant volume).
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TABLE II. Parameters corresponding to experimental conditions for longi-
tudinal and transverse waves in gels.

Polarization Transverse Longitudinal
Elastic moduli (Pa) u=5000 A=2.5X10°
Velocity (m/s) 2 1500
Viscosity (Pas) 7=0.6 0.005
Frequency (Hz) 100 43%10°
Attenuation (Np/m) 13.4 0.025
Nonlinearity parameter 20 3.5
Wavelength (mm) 20 1.5

C. Modified Burgers equation

In this section we consider a plane transverse wave of
wave number k propagating in the z direction (corresponding
to the direction @, in Sec. II B) in an isotropic medium (the
displacement, denoted u, is polarized along directions a,
=x or a3=y). In this simpler case, the viscous stress can be
added and is assumed to be

dSy 1 _dS ds

Tik=277|:d_[lk_§‘9ikd_t”:| +§(9ikd_t”, (17)
where 7 and s are the shear and volumic viscosity coeffi-
cients. This corresponds to a viscoelastic Voigt’s model.
Equation (17) and the energy development Eq. (10) simplify
assuming a pure shear wave polarized along the z axis. The
wave equation can then be rewritten in its nondimensional
form (1=u/uy, Z=kz and 7= wt):

ﬁ (92_1/7_ Zﬁ(a_ﬁ)z ﬂ 831/7 (18)
02 g2 T 92\ez)  wm aRaT
with
A
—+D
2
Br=3\1+
M

This equation is simplified by first introducing the (dimen-
sionless) retarded time 7= w7=7-Z, and then substituting to 7
the slow coordinate M>Z:

P ﬁTM2@<@*)2

Ral o P
9797 2 9P\ o7

+2M(973. (19)

This cubic nonlinear equation is valid if B;M>< 1, i.e., by
neglecting fourth-order terms compared to both terms (cubic
nonlinearity and viscosity) on the right-hand side of Eq. (19).
The characteristic values, in our experimental conditions, are
presented in Table II. The previous approximation is not al-
ways well verified, since 8;M> can reach a value equal to
0.5, but remains conceivable in most cases.

Finally, the so-called modified Burgers equationI3 is ex-
pressed with the particle velocity v=du/d7 (and can be com-
pared to the longitudinal case of quadratic nonlinearity14):

a—v=ﬁ—T3V2a—v+i3@. (20)

dz  2Va It pyVidT

Neglecting the dissipation term allows one to solve this
equation with classical methods (implicit solution for simple
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FIG. 1. Experimental setup: The vibrator and the rigid plate generate low
frequency (f=50-500 Hz) shear waves propagating at V;=~2 m/s. The ul-
trafast scanner records the backscattered longitudinal waves (V;
=1500 m/s), received on the transducer array (central frequency f,
=4.3 MHz). The correlation of these signals (acquired with the repetition
rate of the scanner) gives the particle velocity in the (x,z) plane (spatial
resolution of 0.3 mm along z and 0.5 mm along x), sampled at f,=3 kHz.

.. 13-15 . . .
boundary conditions, or successive approximations for

weak nonlinearity). The shock distance is given by

2V;
= . 25 (21)
Brwgy
and the attenuation coefficient by
2
w
a= 120 (22)
2poVy

Nevertheless, as in gels the attenuation length L, =1/« is
significant, such a simplification is no longer relevant. A nu-
merical model, transposed from the quadratic (longitudinal)
Case,16 has thus been developed for this cubic nonlinear
equation.

lll. EXPERIMENTAL STUDY
A. Experimental setup, harmonic generation

The first experiments have been reported in a previous
paper4 dealing with harmonic generation of transverse shear
waves. As shown in Fig. 1, a rigid plate (11X 17 cm?) is
placed on the surface of an agar-gelatin phantom (14X 14
X 30 cm?). To assure a good mechanical contact, the plate is
introduced during gel solidification. The phantom is com-
posed of gelatin (5% in mass) and agar (3% in mass) mixed
with hot water (between 50 and 80 °C) and left to rest one
night at around 5 °C for gel solidification. Experiments are
carried out at ambient temperature (between 20 and 25 °C).

The plate is fixed to a vibrator (Bruél&Kjaer model
4809). The excitation signal, composed of a few cycles (har-
monic or multifrequency), is controlled by a function genera-
tor, amplified, and then applied to the vibrator. A force sensor
records the source signal allowing one to control its linearity.
The vibration of the plate (f=100 Hz) generates a shear
wave of displacement vector u parallel to x axis propagating
along z direction.

Jacob et al.: Nonlinear shear wave interaction
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FIG. 2. Top (a), (b) and (c) Plane shear wave (v, component) along x three propogation distances. Bottom Wave form of the shear wave v,(z) along the

propogation direction (d).

The particle velocity is detected using an ultrafast
scanner.'’ It consists in a standard ultrasound transducer ar-
ray composed of 128 elements of central frequency
4.3 MHz, driven by a specific electronic device (128 inde-
pendent channels, having their own DAC and memory, with
a 50 MHz sampling frequency). In order to observe the ve-
locity field v,(x,z,1), i.e., the temporal evolution of particle
velocity in the (x,z) plane, the emitting surface of the trans-
ducer array is placed perpendicular to the polarization u(x)
and with its larger dimension along the propagation axis z.
The transverse dimension of the image (along z) is imposed
by the length of the transducer array (4 cm). The depth along
the x axis can be chosen between a few millimeters and a
few centimeters. The zone is placed in the middle of the gel
(relatively to x) to avoid boundary effects.

During the propagation of the low frequency shear wave
coming from the plate, the ultrafast scanner emits plane lon-
gitudinal waves (without beamforming) at a repetition rate of
3 kHz (which is the sampling frequency of the low fre-
quency wave). The beamforming is processed in receiving
mode and finally the displacements are computed from
cross-correlation algorithms.

In Fig. 2, the particle velocity fields v, (x,?) as function
of time are represented on color scale images. The same
wave form is observed in the transverse direction (x axis),
which shows the planar character of the wave. A delay cor-
responding to time propagation can be observed between
depth z=10,26.5, and 43 mm in Fig. 2. On the bottom, Fig.
2(d) shows the particle velocity v.(z,7), averaged over x,
from which we measure the speed of the shear wave (Vi
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=2.1 m/s) and the attenuation coefficient (@=8.6 Np/m),
using, respectively, the phase and amplitude evolutions ver-
sus propagation distance. The viscosity coefficient is de-
duced from attenuation assuming a viscoelastic Voigt’s
model. Since nonlinear effects affect the amplitude of the
fundamental component (100 Hz), the measurement of at-
tenuation has to be done at a low excitation level.

At a higher excitation level (vy=0.5 m/s and M=0.24),
the sensor placed between the vibrator and the plate allows
one to check that no harmonic is present at the source, as
shown in Fig. 3(a) by the wave form and its spectrum. The
wave form distortion, presented in Fig. 3(b), differs signifi-
cantly from a nonlinearity distorted longitudinal wave. Here,
only odd harmonics at 300 and 500 Hz are present in the
spectrum in Fig. 3(b), which is a characteristic of cubic non-
linear effects affecting transverse waves. It may be pointed
out that coupling effects, as described in Refs. 7, 9, and 18,
are too small to give rise to a longitudinal component cen-
tered at the double frequency. The measured field v.(x,z,7),
obtained by placing the transducer array in front of the plate,
does not contain any 200 Hz component. This effect should
be greater in “hard solids” because of the favorable ratio of
velocities, but remains relative to the incident shear wave
amplitude.

The nonlinear coefficient By, relative to shear waves,
has been estimated, by fitting experimental and numerical
results. The wave form and spectrum of the particle velocity,
represented in Fig. 3(b), are fitted near the source. Then the
parameter is corrected to fit the evolutions of the fundamen-
tal (100 Hz) and harmonics (300 and 500 Hz) amplitudes as
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FIG. 3. Comparison between experiment and simulation in the case of har-
monic generation. The signal shown in (a), obtained from the force sensor, is
used as source signal for the calculation. The input parameter of the simu-
lation are listed in Table III.

a function of propagation distance (Fig. 4). The value of
Br=17 (the parameters entered in the model are listed in
Table III) is obtained with an uncertainty of the order of
+10%. The main sources of error are:

(1) The approximative knowledge of the distance between
the source (plate) and the first element of the array.

0.9t 1
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o
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FIG. 4. Evolution of fundamental component and third and fifth harmonics
vs propogation distance, experiment (dotted lines), and simulation (solid
lines).
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TABLE III. Input parameters of the numerical model of the modified Bur-
gers equation corresponding to the harmonic generation experiment pre-
sented and to the nonlinear interaction case.

Harmonic Two-wave
Experiment generation interaction
Shear modulus (Pa) 4400 6300
Speed (m/s) 2.1 2.4
Particle velocity (m/s) 0.5 0.62
Mach 0.24 0.26
Viscosity (Pas) 0.45 0.7
Frequency (Hz) 100 100, 140
Attenuation (Np/m) 8.6 9.1, 17.8
Nonlinearity parameter 17 20
Wavelength (mm) 21 24,17
Shock distance (mm) 7 5.7, 4.1

(2) The uncertainty linked to the source amplitude (which is
estimated using the particle. velocity given by these first
elements).

(3) The measurement of the attenuation coefficient that is
not as accurate (£10%) as the linear velocity measure-
ment (+1%). However, a relatively good agreement is
found.

Similar comparisons have been performed using the
more general case of two wave interaction at frequencies f;
and f, (which are reduced to the harmonic generation when
f1=/2). Such an interaction, involving cubic nonlinearity,
will give rise to numerous odd frequency components.

B. Plane wave interaction

The vibrator is now excited by a superposition of two
sinusoidal components. Different frequency ratios have been
tested. The more significant results have been obtained for
two frequencies close to each other because of the strong
attenuation of agar-gelatin phantoms. Choosing the frequen-
cies of the excitation signal in the lower part of the band-
width allows one to observe harmonic components at sum
and difference frequencies. In fact, higher frequencies are too
quickly distorted and attenuated and the use of lower fre-
quencies is limited by the burst duration.

The signal applied to the vibrator is composed of a su-
perposition of sinusoidal components at frequencies f;
=100 Hz and f,=140 Hz. The signal measured by the force
sensor and its spectrum are represented in Fig. 5(a). This
wave form, as in the previous part, is used as an input in the
simulation while its amplitude is estimated from the particle
velocity measured in front of the first element of the array.
On the spectrum, the fundamental frequencies at 100 and
140 Hz are clearly observed. The comparison between ex-
periment and simulation is shown in Fig. 5(b).

A closer look to the spectra as function of depth repre-
sented on a gray scale image in Fig. 6 is necessary to com-
pare the results and to highlight the created harmonics. The
sum (2f,+f2, 2f>+f;) and odd frequencies (3f;,3f,) are
clearly observed in experiments and in simulations. Unfortu-
nately, difference frequencies (2f,—f5, 2f>—f1), although
present in the spectrum, have the same level as sidelobes of
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FIG. 5. Comparison between experiment and simulations. The signal shown
in (a), obtained from the force sensor, is used as source signal for the
calculation. The input parameters for the simulation are listed in Table III.

the emitted signal. These sidelobes are due to the finite du-
ration of the emitted signal. The latter is imposed by the size
of the sample: For a longer emission signal, the echo coming
from the side opposite to the plate interferes with the direct
traveling wave.

Another way of testing the model is to change the am-
plitude of one of the two primary components. At a given
depth (z=10 mm), relative amplitudes of the most significant
harmonics are plotted in Fig. 7 versus increasing amplitudes
of the component centered at f,. The component at 2f,+f;
involving two times this frequency varies faster than the
other one (2f,+f,). This follows qualitatively the results of a
perturbation method. Such method, also called successive
approximation and equivalent to series development, could
be applied to the lossless wave equation. This consists in
considering the nonlinear contribution as a correction of the
linear solution (see Chap. 10 in Ref. 14), which gives the
2f>+f; and 2f;+f, component amplitudes respectively pro-
portional to kk,U, U% and klsz%Uz. U, and U, are the am-
plitudes, and k;, k, the wave numbers, of the components
fiand f, at the source. The quadratic dependence on U, is not
checked in the experiment, which confirms that in gels the
attenuation cannot be neglected and the level of nonlinearity
is too high to use such solutions.

The numerical model, which takes into account attenu-
ation, is in good agreement with this experiments. The input

J. Acoust. Soc. Am., Vol. 122, No. 4, October 2007

2f2—f1 3T1 2f‘+f2 2f,+, 3f,

|
0
¥ v
Wil
t -5
-10
€ @
E cl
3 _15 3
f—4 =
o 3
17}
a =
-20
-25
b
]
A . . _30
100 200 300 400 500
Frequency (Hz)
(@)
A 3f, 2f +f, M4, 3f,
5 0
10
-5
15
-10
£ 20 —
£ S
Q 1]
§ 25 7155
5 g
8 30
-20
35
-25
40
45 -30

100 200 300 400 500
Frequency (Hz)

(b)

FIG. 6. Fourier spectra (modulus in decibels) of the v, component vs pro-
pogation distance z: (a) experiment and (b) simulation.

parameters for the model are recalled in Table III. The ad-
justment of the experimental and theoretical data has been
done using the wave form (and spectrum) and the evolution
of the most significant harmonics versus distance. The use of
wave interaction allows one to take full advantage of the
large bandwidth of ultrafast imaging. An accurate measure-
ment of the source amplitude would lead to a better agree-
ment with all spectral components and an accurate estima-
tion of the nonlinearity coefficient.

The possibility to have a nonlinear behavior for attenu-
ation (amplitude dependent) is omitted in the theoretical ap-
proach (the quadratic dependence of the attenuation coeffi-
cient versus frequency follows from the hypothesis of a
viscous stress tensor proportional to deformation rate). Such
comparison between experiments and simulations could be
used to test nonlinear viscoelastic models and improve the
measurement accuracy.

C. Nonplane wave interaction

The purpose of most of the experiments presented in this
paper is to quantify the nonlinearity of agar-gelatin phan-
toms, which need a simple model depending on a few pa-
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rameters. This is the case for plane wave experiments ex-
posed up to now. The understanding of the nonlinear
propagation of nonplane shear waves is also of interest, since
it corresponds to simpler experimental conditions.

The unidimensional model exposed in Sec. II C and the
simplified energy development obtained in Sec. II B are not
adapted to the description of diffraction effects in nonlinear
regime. Before the statement of experimental results, we re-
call the solutions obtained by Zabalotskaya.7 The Gaussian
beam resolution adopted in Ref. 7 is not strictly transposable
to the one-dimensional excitation conditions used in this
part, but it illustrates the principal features of finite size
source effects in the nonlinear regime.

Diffraction and/or coupling effects can be taken into ac-
count by starting from a general form of the stress tensor
[Eq. (3)]. With initially L wave at the source, the vectorial
displacement field u(a,,a,,as,t) is written as the sum of its
component, adequately weighted by their order of magni-
tude:

u = Mus + MAM(uy +uy), (23)

where u;, u,, and uz are functions of the retarded time 7=t
—a3/Vy, and of the slow coordinates a;=Mas, a;= V/A_/Ial and
ay=VMa, (the displacement is a slowly varying function of
space coordinates).

The same method is applied to an initially transverse
component. From the solution written as

u= \’M(ul + Mz) + Ml/l3, (24)

follows a nonlinear wave equation taking into account both
diffraction and nonlinearity:

Pu Vi, _F i(a_ﬂ_ﬁ_l) n_Ju,
atdz 2 T 2pVaar\ ar dr at)  2p,V3 a7
MAM[i(LLﬁ_Lzﬁ_L)
2p0Vy LdT\da; T da; dT JT da;
d [ du;du; d ( du; du;
da;\ dt T da;\ dt It
with i, j=1, 2 and
A A
F=—+B+G+—+,u='u—'8T.
2 2 3

The left-hand terms (first line) correspond, respectively,
to linear propagation and diffraction, cubic nonlinearity, and
attenuation. This equation reduces to Eq. (20) considering
plane waves: The second term becomes null as well as some
part of the nonlinear term (coupling terms of third order).
The right-hand side of the equation contains transverse de-
rivatives of the 7' components. This second-order terms are
nonzero because of diffraction, and weighted by a second-
order modulus. Their physical meaning could be the nonlin-
ear quadratic coupling of polarization due to the beam
spreading (or finite size sources). The solution obtained by
Zabolotskaya with Gaussian beam shows that in the cubic
approximation the propagation of an initially pure shear
wave gives rise to both longitudinal (noncumulative) and
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FIG. 7. Variation of the significant harmonics vs fundamental amplitude A,
variations at a distance z=10 mm from the source.

transverse components at double frequency. Thus, taking into
account diffraction induces quadratic nonlinear effects on
transverse waves.

The one-dimensional transient elastography technique19
allows one to measure low frequency shear waves propagat-
ing in soft solids. It has already been applied to the measure-
ment of the nonlinearity of gels using a static stress” (acous-
toelasticity) and to the muscle anisotropy characterization."
As presented in Fig. 8, polarized shear waves are excited
using a bar (3X80 mm?) fixed to a vibrator. The shear
waves are generated by pushing the bar on the gel surface,
but the wave field emitted is composed of strains polarized
both along and transversally to the direction of the vibrator
motion. The monoelement transducer gives the component
v.(z,1) of the particle velocity (longitudinal-like polariza-
tion), propagating at the speed of shear waves (2 m/s). The
v, component is the main component, but results from a
complex deformation coupling the three components of the
displacement in the near field of the source. As in the first
part, the signal applied to the vibrator is composed of a su-
perposition of sinusoidal components at frequencies f;
=100 Hz and f,=140 Hz.

The harmonic generation experiment is presented in Fig.
9. No strictly longitudinal mode (i.e., wave propagating at
1500 m/s) is detected, because of the very different speeds

Force sensor Mono-element

transducer
p
LU
4 k
Generator \ Agar-gelatin >
and amplifier gel

FIG. 8. (Color online) One-dimensional transient elastography (monoele-
ment transducer) using a pushing bar as source.

Jacob et al.: Nonlinear shear wave interaction



0.02 1
0 Distance
7,5mm 0.5
-0.02 ANV 0
0 20 40 60 0 200 400 600
. 0.01 05
@
£ 0 16mm -
3]
> 4
g -0.01 N i =)
% x 107 20 40 60 0 200 400 600 © FIG. 9. Harmonic generation experiment with one-
> 0470 dimensional elastography showing the evolution, for
Q@ 5 3 succesive propogation distances, of the wave form
3 0 odmm 0.2 » v.(z,1) (left column) and its spectra (right column).
T -5
o
-10 0
x 107° 20 40 60 0 200 400 600
5
0.2
0 32mm
0.1
_5 i
0 20 40 60 0 200 400 600
Time (ms) Frequency (Hz)

of T and L waves [the compression induced by the bar mo-
tion propagates instantaneously (at 1500 m/s) relative to T
waves (at 2 m/s)]. The wave form distortion is different
from the one of pure shear waves presented in Sec. III A.
This corresponds to the presence of a second harmonic in the
spectrum.

The above-mentioned solution is not adapted to this type
of source and cannot be compared to experimental results
(one lateral dimension of the source is less than the shear
wavelength), but gives an explanation for the nonlinear ef-
fect observed with such a source. In the linear case, the wave
generated by the bar can be simulated using Green’s
functions,?' i.e., using impulse responses taking into ac-
count the coupling in the near field. The second-order devel-
opment of similar solutions, established by Jones and
Kobett,18 may be extended.

It is also possible, using two-dimensional elastography
(128 elements transducer array) to characterize the v, and v,
components. Because of the symmetry of the source the lat-
ter are null on the axis of the transducer. Apart from the axis
Z, v, is the strongest component (=0.2 m/s) whereas the vy
component is of the same order as v,. Both projections of the
displacement contain even as well as odd combination fre-
quencies and have a penetration depth smaller than v,.

Wave interaction has also been tested to confirm this
observation. Figure 10 presents the spectral evolution of v,
along the propagation direction (z), obtained with a source
excitation signal similar to the one plotted in Fig. 5(a). The
most significant harmonics correspond to both quadratic
(2f1,2f2.f1xf>) and cubic (f;+2f,) nonlinearity. With this
representation one observes that the penetration depth is
much smaller with the one-dimensional source: The nonlin-
ear components reach their maximum at a 3 mm distance
from the source and are quickly damped, because of viscos-
ity and diffraction.
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IV. CONCLUSION

The nonlinear elastic behavior of soft solid can be de-
scribed using a simplified development of the elastic energy
density, composed of one term at each order, weighted by the
three elastic moduli u, A, and D. The condition of quasi-
incompressibility, imposed to write this development, is per-
tinent since we consider pure (plane) shear waves. The dif-
ference between compression and shear moduli justify this
approximation and determine its order of magnitude.

Experiments of transient elastography give a synthetic
view of these elastic properties: The ultrafast scanner ex-
ploits the fast (water-like) speed of L waves to measure the
displacement of T waves, propagating at low velocity. Plane
wave experiments illustrate well the cubic nonlinearity of

£, 2, fyfy 2, 26, 200,
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L I T R
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35r
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FIG. 10. Wave interaction with shear elasticity probe: evolution of the spec-
trum (decibels) of the v, component vs propogation distances z. Both odd
and even harmonics are present, those of significiant amplitude are indicated
above.
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pure transverse waves. The numerical model of the modified
Burgers equation is in good agreement with experimental
results obtained for plane shear waves in both cases of har-
monic generation and collinear wave interaction. The fitting
of experimental and numerical result gives an estimation of
the shear nonlinear coefficient of agar-gelatin phantoms. Sur-
prisingly, the experiments confirm that, although expressed
as function of compression moduli A, B, G, the moduli D is
of the order of magnitude of the so-called shear moduli u
and A. To our knowledge, no explanation has been given for
this order of magnitude. As a practical consequence, shock
distance is much more easily reached in soft solids than in
“hard” solids with longitudinal waves (and several orders of
magnitude between second- and third-order elastic moduli).

The shear elasticity probe is a simpler, and potentially
applicable, experimental configuration. In this one-
dimensional case, both harmonic generation and two wave
interaction have also been tested. This experiment shows the
role of diffraction in the nonlinear propagation of shear
waves, the harmonic generation corresponding to quadratic
nonlinearity. Results cannot be compared to a known model
since it is necessary to take into account the coupling of T’
and L polarizations, i.e., the diffraction in the near field (a
finite size of the source, like Gaussian profile, induces
equally quadratic effect farther from the source). Further
work has to be done to characterize the directivity in nonlin-
ear regime.
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The motion of a rigid sphere in a viscoelastic medium in response to an acoustic radiation force of
short duration was investigated. Theoretical and numerical studies were carried out first. To verify
the developed model, experiments were performed using rigid spheres of various diameters and
densities embedded into tissue-like, gel-based phantoms of varying mechanical properties. A
1.5 MHz, single-element, focused transducer was used to apply the desired radiation force. Another
single-element, focused transducer operating at 25 MHz was used to track the displacements of the
sphere. The results of this study demonstrate good agreement between theoretical predictions and
experimental measurements. The developed theoretical model accurately describes the displacement
of the solid spheres in a viscoelastic medium in response to the acoustic radiation force.
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PACS number(s): 43.25.Qp, 43.35.Mr, 43.80.Qf [MFH]

I. INTRODUCTION

The mechanical properties and physiological state of
biological tissues are often linked; as a result, pathological
changes in tissues are usually related to changes in their bio-
mechanical parameters.k4 Further, a noninvasive assessment
of the mechanical properties of tissue is often needed in sur-
gical and therapeutic practices. Recent studies have shown
that an acoustical radiation force can be used in many bio-
medical applications including ophthalmology,sf7 detecting
and characterizing lesions,” the imaging of arteries with
calcification,’ monitoring thermal lesions during high-
intensity focus ultrasonic treatment, ' screening muscle
condition,'" the detecting foreign objects in the body,12 etc.

An acoustic radiation force arising from absorption of an
ultrasound wave can be used in remote palpation to either
directly assess local mechanical properties of tissue, "% or
to produce excitation'”? in shear wave elasticity imaging. If
an acoustic inhomogeneity is present inside the tissue, the
radiation force can be generated through reflection of the
ultrasound wave. For example, a harmonic, low-frequency
radiation force was applied to solid spheres of various
sizes.”® The spheres were embedded in tissue-like phantoms
to estimate the resonance frequencies of spheres and their
dependence on the viscoelastic properties of the media. A
laser vibrometer was used to measure the vibration speed of
the sphere. It was demonstrated that the method can be used
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to determine the local material properties of the medium sur-
rounding the sphere. Also, the acoustic radiation force was
applied to a gas bubble produced by a femtosecond laser in
tissue-like phantoms.6’7 It was shown that the displacement
of the bubble is affected by the elastic modulus of the sur-
rounding gel.

In our previous studies we developed a general approach
to estimate the displacement of rounded objects (specifically,
gas bubbles and solid spheres) in a viscoelastic medium in
response to applied acoustic radiation force.”* The developed
model could potentially help assess mechanical properties of
tissues using microbubbles as acoustic targets. The first step
of the validation process, and the goal of the current study, is
to theoretically and experimentally investigate the dynamic
behavior of a rigid sphere in a viscoelastic medium under a
radiation force of short duration (less than 10 ms). A model
to describe the motion of a solid sphere was derived and
solved both analytically and numerically. Further, experi-
mental studies using tissue-like gelatin-based phantoms with
embedded solid spheres were conducted to verify the devel-
oped model. The experiments were performed with spheres
of different sizes and densities. The motion of the sphere was
induced by acoustic pulses of different durations. The elastic
properties of the phantoms were varied. In all cases, there
was a good agreement between theoretical predictions and
experimental measurements. The results of our study
strongly suggest that the developed theoretical model pre-

© 2007 Acoustical Society of America 1927



dicts the dynamic behavior of a solid sphere in a viscoelastic
medium. Consequently, this theoretical model can be used to
assess the mechanical properties of the medium surrounding
the sphere.

Il. THEORY

In our previous studies we considered the displacements
of a solid sphere and a gas bubble in a linear viscoelastic
medium, under an external, time-dependent, acoustic radia-
tion force.”* Theoretical results were obtained for compress-
ible and incompressible media. However, as most soft tissues
are nearly incornpressible,25 we consider an incompressible
medium only. The equation of motion for an incompressible
medium is

v U PU
VP + uV-U+ 9V P —pal‘2 (1)
where U is a displacement vector, u and 7 are shear elastic
and viscous coefficients, P is internal pressure, p is medium
density, and ¢ is time.

We assume that the sphere is placed in an axisymmetric
field of the radiation force. The polar axis of the spherical
system of coordinates is along the force vector (i.e., an angle
0 is between a radius vector and displacement), U
=(U,,Uy,0) and the boundary conditions at the surface of
the rigid solid sphere of radius R are

UR,0)=Ucos 6, UyR,0) =-"Usin 6, (2)

where U is the displacement of the sphere. The external force
applied to the displaced spherical object is*
Flex = 277sz (o, cos 8- o, sin H)sin 6d0, (3)
0
where o,, and 0,4 are stress tensor components at the surface
of the object:

a\(ou, U, 14U,
oro=\mr o J\ 7= T o

or r r 00
» 2( a)au, @
o,=—P+ + - :
M 7707t or

Because the radial component of the strain vanishes
(0U,/dr=0) on the surface of the sphere (r=R), Eq. (3) can
be rewritten using only the shear component of stress tensor
and the internal pressure:

F&U =2 7R? J (P cos 8+ a,4sin )sin 0d6. (5)
0

As shown previously,24 the displacement of the sphere U, in
a static case is

F(ext)
- 6muR’

Uy (6)
where F is an external force applied on the surface of a
rigid sphere (e.g., acoustic radiation force). This equation
also describes the displacement of the sphere in a viscoelas-
tic medium if constant external force is applied over a long
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FIG. 1. (Color online) Schematic representation of the displacements of a
dense sphere (3>5/8) embedded in a purely elastic medium in response to
“long” and “short” pulse durations (not to scale). If the duration of the
acoustic radiation force pulse #, is sufficiently long, the displacement
reaches its maximum value U(s° ) at 2 <1, and then the sphere oscillates

max- max
around its equilibrium position U, until the pulse is ended and the sphere

returns and oscillates around the original position.

period of time. Clearly, the sphere displaced by U, is in
equilibrium position when external force is compensated for
by the elastic forces from the medium.

The equation for the sphere motion (1) in the frequency
domain is given by

-Vp+ (u—iwnVu+pw’u=0, (7)

where p and u are the Fourier transforms of P and U, w is an
angular frequency, and force dependence on time is assumed
to be proportional to !, Taking into account the inertial
forces, the equation that couples a spectral component of
solid sphere displacement u,, and the Fourier transform of
external force F fj’“) is obtained:**

F$Y = - Mou,+ 6muRu,(1 - ikR - 51°R?), ®)

where M is a mass of solid sphere and k is a complex wave
number k*=pw’/(u—iwn).

For an infinitely light sphere, where M =0, Eq. (8) be-
comes a well-known solution for the impedance of the
sphere.27 After applying inverse Fourier transform we obtain
the sphere displacement U in time domain:

1 [~ .
U(r) = —f u e do. (9)
27) o

In the elastic case, where =0, Eq. (8) for solid sphere mo-
tion can be written in time domain:’

R . 1 R2 . F(ext)
U+—U+-(1+2B) U= ,
¢ 9 c; 6muR

(10)

where ¢,=+/(u/p) is the shear wave speed and parameter 8
=p,/p is the solid sphere density p, normalized by medium
density p. Initial conditions for the differential equation (10)
are zero.

Here, we consider that acoustic radiation force applied
to a solid sphere is impulsive, i.e.,

Aglyamov et al.: Solid sphere motion in viscoelastic medium



Fy, O0st=<t
Flext) _ {00 0 (11)
. 1>,

where f is the duration of the acoustic radiation force pulse
and F, is amplitude of the force. The Fourier transform of
this function is

Fy <1 + Ay e C/RN T _ A e(c,/R))\zt> ;
U(z‘)— 677/.LR }\1 —)\2 )\1 —)\2
67T,U.R )\1 — N\
where
JEE—
3-3+V5-88
Np=
2 1+28

are the roots of an algebraic equation: (1+28)A\>+9\+9=0.

Solution (13) is a sum of two time-dependent, exponen-
tial functions where the real parts of the exponents are al-
ways negative. If normalized density B is smaller than 5/8,
the exponents are real and, therefore, the sphere first dis-
places from, and then returns to, the origin exponentially.
However, if the sphere is sufficiently dense (8>5/8), the
exponents are complex and the sphere starts to oscillate with
a linear frequency

3¢, V885
4R 1+2p

defined by the imaginary part of the exponent (Fig. 1).
Initially, once the acoustic force is applied, the sphere
will be gradually displaced from the origin (Fig. 1). If the
duration of the acoustic radiation force pulse ¢ is sufficiently
long, the displacement of the dense sphere (8>5/8) reaches

its maximum value U(£, ) at £ <t,, where

o 2mR 1+28

tmax: ’ (14)
3Ct \rSB—S
and
0 Fy -37/\88-5
U(t, ) =———(1+¢e™\°F7), (15)

max 6muR

Once the sphere reaches the maximum of the displace-
ment and while the acoustic radiation force is still acting on
the sphere, i.e., during ) <r<t, (Fig. 1), the dense sphere
will oscillate around its equilibrium position U, defined by
Eq. (6). For a light sphere (8<5/8), no oscillations will be
present. For infinitely long duration #, of the acoustic radia-
tion force, as expected, Eq. (13) converges to Eq. (6) regard-
less of the normalized density of the sphere. Here the acous-
tic force is compensated for by the elastic response of the
medium, and the displaced sphere is stationary as long as the
external force is applied on the sphere.
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el ONE _ (1- e-(c,/R)xer) A

-
Fol== (e -1). (12)

In the elastic case, after substituting Eq. (11) into Eq. (10), an
analytical solution of Eq. (10) can be obtained:

0=sr=y
(13)

e(c,/R))xzt)’ 1=1,
1=\

To better understand the relationship between the dis-
placement of the sphere and the properties of the sphere and
the surrounding medium, consider a limiting case when the
duration of the acoustic pulse 7, is infinitely short. Using the
Taylor expansion of the time-dependent exponential func-
tions around zero, the solution of Eq. (13) for impulsive
excitation can be obtained:

Foty ANy

— p R2 /_)\ N (e(c,/R)}\lt_e(c/R)}\zt)‘ (16)
TN P A= A2

U(r)

The displacement reaches its peak at the time f,,,,

R1og(\,/\})
tax= " " > 17
max Cl ()\1 _ )\2) ( )

and the maximum displacement U(f,,,,) is

FOI() )\1)\2 ((h))\l/()\l—)\z)
6mR*up N = Mo \\\,

N, \ M2/ =ho)
B &
1

Note that U(z) and f,,, are real even if A; and \, are com-
plex.

The previous analysis demonstrates a difference in
maximum displacement between short and long durations of
acoustic radiation force pulse. For example, Eq. (18) shows
that for short impulses the maximum displacement is in-
versely proportional to the square root of shear elasticity and
the square of the sphere radius. However, for long pulses, the
displacement is inversely proportional to both shear elasticity
and the radius, as is evident from Eq. (15). When the exci-
tation time #, cannot be considered infinitely short, but 7,
<f ., both the maximum of the displacement U(t,,,) and
the time to reach the maximum of the displacement ¢,,,, are
functions of #,. Generally, therefore, the relationship between
the spatiotemporal behavior of the sphere and the properties
of the sphere and the surrounding medium is more complex
as described by Eq. (13). Equations (13)—(18) are useful in
the quantitative analysis of the motion of the sphere in the

U(tmax) =
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TABLE I. Parameters of the solid spheres used in the radiation force experiments.

A B C D E F G
Material Sapphire Sapphire Sapphire Glass Glass Plastic Metal
BK7 LaSFN9
Density (kg/m?) 3980 3980 3980 2510 4440 700 9060
Diameter (mm) 0.5 1.0 1.5 3.0 3.0 3.0 3.0

elastic medium. However, in the experimental verification of
the developed theoretical model, the viscosity should be
taken into account.

In case of the viscoelastic medium, the displacement of
the sphere can be written in an integral form by combining
Egs. (8), (9), and (12):

iF, f ”
(eiwto _ l)e—iwz

127°R
x do.
w(p—ion)(1 —ikR - 2R (1 +28)/9)"“

U(t) =-

(19)

Viscosity reduces both the oscillations in sphere displace-
ment and the displacement maximum. Integral (19) can be
evaluated numerically. In fact, this equation was used to ob-
tain all theoretical estimations presented in this article.

lll. EXPERIMENTAL METHODS

To verify our theoretical model, the experiments were
performed using rigid spheres of various diameters and den-
sities embedded into gel-based phantoms of varying me-
chanical properties. The parameters of the seven spheres
used in our study are listed in Table I. Three spheres (A, B,
and C) had the same density but different diameters. The
other four spheres (D, E, F, and G) had the same diameter
but different densities.

An experimental setup is schematically shown in Fig. 2.
A plastic tank with a pushing (1.5 MHz) transducer attached
at the bottom was filled with 3% by weight gelatin (300

Imaging
Transducer
g - Water
FL/ _ —+ Gel
%) r
®———1— Sphere
~———
v
\_/
Pushing
Transducer

FIG. 2. (Color online) A schematic view of an experimental setup. A tank
was filled with 3% by weight gelatin. A rigid sphere was embedded in the
gel at the focal zone of a 1.5 MHz, single-element focused transducer at-
tached to the bottom of the tank. To generate acoustic radiation force, short
pulses were used. To monitor sphere position, a 25 MHz single-element
transducer was placed at the top of the tank.
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Bloom, type-A, Sigma-Aldrich, Inc., St. Louis, MO) to in-
sure good contact between the phantom surface and the
transducer. The resulting cubic phantoms with embedded
rigid spheres were about 55 mm in linear size. The remain-
ing portion of the tank was filled with water to provide con-
tact between the imaging (25 MHz) transducer placed on the
top of the tank and the phantom.

During phantom preparation, the same gelatin solution
was used to prepare a cylindrical test sample of 35 mm di-
ameter by 17 mm height. This sample was used to indepen-
dently measure elastic properties of the phantom material.
Both phantom and sample were constructed at the same time
and underwent the same procedures (storage, experimental
protocol, etc.) to minimize any possible differences in elastic
properties. To estimate the shear elastic modulus of the
samples, the uniaxial load—displacement measurements were
performed using an In-Spec 2200 portable system (Instron,
Inc., Norwood, MA). The control samples placed in a water
tank were deformed axially up to 10% strain with 0.2 mm/s
deformation rate. For each given temperature, the experi-
ments were repeated at least five times to evaluate the accu-
racy of the measurements. In all measurements, the standard
deviation did not exceed 15%.

Once a sphere was embedded into a phantom, the ex-
periments were performed at the temperatures ranging from
4 to 22 °C. For gelatin, these temperature changes resulted
in change of shear elasticity from 4 to 0.5 kPa (i.e., tempera-
ture and shear elasticity of gelatin are inversely propor-
tional). Therefore, by varying the temperature, it was pos-
sible to change the elasticity of the surrounding material
without changing the position of the sphere relative to the
pushing transducer or the imaging transducer. The tempera-
ture of the phantom was controlled by a digital thermometer
with a sensor embedded into the phantom about 10 mm
away from the sphere.

A 1.5 MHz single-element focused transducer (Valpey
Fisher Corp., Hopkinton, MA) was attached to the bottom of
the tank to generate acoustic radiation force. The transducer
has a diameter of 38 mm and a focal length of 44 mm. The
function generator (Agilent 33250A, Agilent Technologies,
Inc, Santa Clara, CA) was used to generate the sinusoidal
signal applied through a radio frequency (rf) power amplifier
(ENI model 240L, ENI, Rochester, NY) to the pushing trans-
ducer.

The position of the sphere was monitored using a
25 MHz, 6.35 mm diameter, single-element transducer with
a focal length of 13 mm. The transducer was connected to a
pulser/receiver operating at a 20 kHz pulse repetition rate
(Panametrics 5910PR, Panametrics, Waltham, MA). The
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pulse-echo signal was captured using an 8 bit, 500 MHz A/D
data acquisition card (CompuScope 8500, GaGe Inc., Mont-
real, Canada).

Prior to the experiment, the foci of both the pushing and
the imaging transducers were aligned at the location of the
embedded sphere. The position of the sphere was tracked
every 50 us for up to 20 ms. The duration of acoustic radia-
tion force pulse was varied from 0.33 to 10 ms. The dis-
placement of the sphere was measured using a phase-
sensitive, cross-correlation motion tracking algorithm.28 The
pushing pulse was applied 0.5 ms after the imaging se-
quence, consisting of repetitive pulse-echo firing, was initi-
ated. The initial pulse-echo record captured prior to the ra-
diation force pulse was used as a reference point for the
cross-correlation procedure.

IV. RESULTS AND DISCUSSION

To verify the developed model describing the motion of
a solid sphere in response to applied radiation force, a set of
experiments was performed using spheres of different sizes
and densities, various durations of acoustic radiation force
pulses, and elastic properties of the surrounding material. In
the theoretical analysis, Eq. (19) was used to compare the
experimental and theoretical results. The amplitude of radia-
tion force F, was obtained by fitting the theoretical predic-
tions to experimental data. It was assumed that the shear
viscosity of gelatin is 0.1 Pas and does not depend on the
temperature. This value provided the best agreement with
experimental data and is consistent with literature data.'?!

The motion of the 0.5, 1.0, and 1.5 mm diameter spheres
(spheres A, B, and C, correspondingly) in response to acous-
tic radiation force is presented in Fig. 3. The dotted vertical
lines in Fig. 3 mark the beginning (¢=0.5 ms) and the end of
the 0.67 ms pushing pulse. The theoretical results in Fig. 3(a)
were obtained assuming that radiation pressure in the focal
zone of the excitation transducer is constant and equals ap-
proximately 732 Pa. This assumption is reasonable as the
size of the sphere is smaller than or comparable to the
1.2 mm wide ultrasound beam in the focal zone of the
1.5 MHz transducer. As the radiation pressure is defined as
the force divided by the surface area of the sphere, the pres-
sure of 732 Pa corresponds to 0.57, 2.3, and 5.2 mN forces
for the spheres A, B, and C, respectively.

Although the radiation force increases with the radius of
the sphere, the elastic response of the material increases as
well. The displacement of the sphere is larger for the larger
sizes of the sphere. However, because in this experiment the
duration of the acoustic pulse 7, was not very short and ¢,
<1, the relationship between displacement and the radius
of the sphere is not defined by either Eq. (15) or Eq. (18)
describing impulsive or long acoustic pulses, correspond-
ingly. At the end of the pushing pulse the sphere continues to
move until it reaches a maximum of the displacement. The
independently measured shear elasticity of gelatin for all
three phantoms was about 1300 Pa. This value was used in
numerical analysis presented in Fig. 3(a). Figure 3(b) shows
the results of the experimental studies for spheres embedded
in three different phantoms with approximately the same
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FIG. 3. (Color online) Displacements of 0.5, 1.0, and 1.5 mm diameter
spheres (spheres A, B, and C in Table I) embedded in a viscoelastic medium.
Acoustic radiation force excitation time was 0.67 ms, shear elasticity of
media was measured and assumed to be 1300 Pa. (a) Theory: shear viscosity
of media was 0.1 Pas and the pressure on sphere surface was 732 Pa cor-
responding to 0.57, 2.3, and 5.2 mN forces acting on the spheres A, B, and
C, correspondingly. (b) Experiment: note excellent agreement with theoret-
ical model.

acoustical and mechanical properties. As expected, the dis-
placements are larger for larger spheres. Clearly, the agree-
ment between experimental results and theoretical predic-
tions is excellent.

The motion of the sphere in response to radiation force
pulses of different durations is presented in Fig. 4. The ver-
tical dotted line in Fig. 4 indicates the beginning of the
pulsed radiation force. In the experiments, a 1 mm diameter
sphere (sphere B in Table I) was used. As the duration of the
acoustic radiation force pulse increases, the displacement of
the sphere initially increases and then it reaches the point of
equilibrium where acoustic force is compensated for by the
elastic response of the medium () ~1.75 ms). At the end
of the acoustic pulse, this dense sphere (8=3.98>5/8) os-
cillates around the point of equilibrium. Similar oscillatory
motion is present when the pushing pulse has ended and the
sphere is returning to the original position. In addition, the
time needed to reach the maximum of the displacement in-
creases with the pulse duration. Again, the agreement be-
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FIG. 4. (Color online) Displacements of the 1 mm diameter sphere (sphere
B in Table I) in response to excitation pulses of different (0.34, 0.67, and
3.34 ms) durations. Shear elasticity of media was 1300 Pa. (a) Theory and
(b) experiment.

tween theory and experiment is nearly perfect although ex-
perimental estimates have a finite signal-to-noise ratio. The
measurements are sometimes prone to signal processing ar-
tifacts due to electromagnetic interference noise introduced
by the rf amplifier at the beginning and at the end of the
pushing pulses, which results in signal decorrelation, as is
evident in the inaccurate estimate at the end of the 3.34 ms
long pushing pulse [Fig. 4(b)].

The maximum displacement U(t,,,) and the time
needed to reach maximum displacement 7,,,,, were analyzed.
The dependences of these quantities on the duration #, of the
excitation pulse are presented in Figs. 5(a) and 5(b) for the-
oretical and experimental data, respectively. The experiments
were performed using a 3 mm glass sphere (sphere D in
Table I). The time when the displacement reaches the satu-
ration point 7 is about 7 ms, and for o>’ the time of
maximum displacement is constant: ., =7 ...

Theoretical and experimental results for spheres with
various densities (spheres D, E, F, and G in Table I) are
presented in Figs. 6(a) and Fig. 6(b). Because material prop-
erties of the spheres are different, the radiation force applied
to spheres cannot be considered the same even though the
spheres have the same size.”” However, the magnitude of the
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FIG. 5. (Color online) Comparison of theoretically predicted and experi-
mentally measured behavior of sphere D (see Table I) embedded into gelatin
with 600 Pa shear modulus. In the theoretical model, the applied force was
2.6 mN. (a) Maximum displacement of the sphere vs excitation time. (b)
Time needed to reach maximum displacement vs excitation time.

radiation force is only a scalar factor and, in linear approxi-
mation, it does not influence temporal behavior of the sphere
motion.

Therefore, normalized displacements were used to com-
pare experimental measurements and numerical estimations.
All other parameters except density were the same. The time
of maximum displacement increases with increased density
of the sphere. In addition, the oscillations are more pro-
nounced for denser spheres. Displacement of the lighter plas-
tic sphere (sphere F in Table I) exhibits oscillations in neither
the theoretical model nor in the experiment although the nor-
malized density for this sphere is slightly more than 5/8.
This is explained by a non-zero shear viscosity (0.1 Pas) of
the medium. Again, there is good agreement between experi-
mental and theoretical data.

Figures 7(a) and 7(b) compare theoretical and experi-
mental results obtained for a 3 mm light sphere (sphere F in
Table I) embedded in a medium with changing elastic prop-
erties. Shear moduli were measured 990, 1350, 1550, and
1850 Pa at 20, 18, 14, and 10 °C temperatures of the phan-
tom, correspondingly. Increase in elasticity of the surround-
ing material lead to decrease of both displacement magnitude
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and time needed for the displacement to reach the maximum.
This is clearly demonstrated from theoretical data in Fig.
7(a). These results are in agreement with theoretical and ex-
perimental results obtained by other groups,g’”’]g‘20 where
the response to acoustical radiation force was investigated
for a medium with different elasticity.

To investigate the influence of media elasticity on sphere
behavior under various durations of radiation force, the the-
oretical and experimental studies were performed for two
different temperatures (20 and 6 °C). The 3 mm diameter
glass sphere (sphere E in Table I) was embedded in the phan-
tom. The shear elastic moduli of the phantom for 20 and
6 °C were estimated as 650 and 3110 Pa, respectively. The
theoretical and experimental results for 650 Pa shear elastic-
ity are presented in Figs. 8(a) and 8(b), where the time de-
pendences for different time of excitation are shown. Figures
9(a) and 9(b) present the same results for a sphere in the
medium with 3110 Pa shear elasticity. These results show
that the displacements are higher for soft material and the
saturation of displacement starts earlier for harder material.
For a medium with 650 Pa shear elasticity, the maximum
displacement continues to increase even for the excitation
time of 6 ms. For a medium with 3110 Pa shear elasticity,

J. Acoust. Soc. Am., Vol. 122, No. 4, October 2007

50 — p=1850Pa
: ""-\ - == pu=1550Pa
1
CR RIS AY — .- p=1350Pa
=
= 30
=
8 20
S
o
o
72
50
0
0 1 2 3 4 5 6 7 8
(@) Time (ms)
so0 | —— p=1850Pa
Pl - —— p=1550Pa
g 40 Y — - n=1350Pa
N
=
=
(D]
Q
3
p—
o
2]
.-
A

(b) Time (ms)

FIG. 7. (Color online) Displacements of the 3 mm diameter light sphere
(sphere F) in a medium with different shear modulus. Shear moduli was
measured 990, 1350, 1550, and 1850 Pa at 20, 18, 14, and 10 °C tempera-
tures of the phantom, correspondingly. Excitation time was 0.67 ms. (a)
Theory, applied force was 4.6 mN and (b) experiment.

however, the saturation point is already reached for acoustic
radiation force pulses shorter than 4 ms. It should also be
noted that even though the same phantom was used for both
sets of the experiments, the estimated radiation forces were
different: 1.65 mN for 650 Pa and 1.2 mN for 3110 Pa. This
can be attributed to temperature-dependent acoustic proper-
ties of gelatin.3o However, theoretical and experimental tem-
poral characteristics of sphere motion are in good agreement
and our results generally agree with results of Erpelding er
al.” where the decrease of the maximum time for hard mate-
rial was measured using a gas bubble as a target for acous-
tical radiation force. Figure 10 outlines the relationship be-
tween the time needed to reach the maximum displacement
and the excitation time. Again, the two values of elasticity
were considered.

Results shown in Figs. 7-9 demonstrate that the dis-
placement of the sphere decreases when the elasticity of the
medium increases. However, it is difficult to rely on the dis-
placement amplitude alone to estimate the elasticity of the
medium. In addition to shear elastic modulus, the displace-
ment amplitude also depends on the magnitude of the radia-
tion force applied to the sphere. However, the energy deliv-
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FIG. 8. (Color online) Displacements of the 3 mm diameter sphere (sphere
E) embedded in the medium with shear elasticity 650 Pa (temperature
20 °C) in response to excitation pulses of different durations. (a) Theory,
applied force was 1.65 mN and (b) experiment.

ered to the tissue located in the focal spot of the pushing
beam is unknown given the differences in attenuation of
various tissues and the evaluation of radiation force magni-
tude presents a challenge.

On the contrary, the time characteristics of the sphere
motion are independent of the radiation force amplitude be-
cause the force is only a scaling factor in the model describ-
ing the displacement of the sphere. Figure 11 illustrates this
point: the displacements of a 3 mm diameter metal sphere
(sphere G) are contrasted for radiation force pulses of differ-
ent magnitude (the pre-amplified voltage applied to the push-
ing transducer is normalized to the maximum value). The
duration of the pulses was set to 0.67 ms in all experiments.
As is evident from Fig. 11, the amplitude of the displacement
is proportional to the amplitude of radiation force, but tem-
poral characteristics of the displacement (e.g., time needed to
reach the maximum of the displacement or time needed for
the sphere to come back to the point of the origin) remain the
same. These results suggest that elastic properties of the tis-
sue can be estimated from temporal rather than spatial char-
acteristics of the sphere motion.
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FIG. 9. (Color online) Displacements of the 3 mm diameter sphere (sphere
E) embedded in the medium with shear elasticity 3110 Pa (temperature

6 °C) in response to excitation pulses of different durations. (a) Theory,
applied force was 1.2 mN and (b) experiment.

In general, the motion of the sphere in tissue is related to
both elasticity and viscosity of the medium. The theoretical
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FIG. 10. (Color online) Comparison of theoretically predicted and experi-
mentally measured dependences of time of maximum displacement on ex-
citation time for the 3 mm sphere (sphere E) and for two different shear
elasticity coefficients: w=650 Pa (temperature 20 °C) and w=3110 Pa
(temperature 6 °C).
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FIG. 11. (Color online) Displacements of the 3 mm diameter metal sphere
(sphere G) in response to 0.67 ms long pulses of various amplitudes (nor-
malized to a maximum value). Shear elasticity of media was 600 Pa. Note
temporal similarity of motion.

analysis and numerical studies for solid sphere and gas
bubble dynamics in a viscoelastic medium are presented
elsewhere.” The displacement of a solid sphere or gas
bubble in the medium with no viscosity has an oscillatory
character while viscosity eliminates oscillations in the dis-
placements and reduces the maximum value of the displace-
ment amplitude. The formalism developed here suggests that
both shear elasticity and shear viscosity may be evaluated
from the response of the sphere to the radiation force exci-
tation. In this work, however, influence of shear viscosity on
sphere behavior is not considered for two reasons. First,
there is not a standard method to measure independently the
shear viscosity of tissues and tissue-like materials. Gold stan-
dard methods exist only for liquids, but these methods can-
not be directly used for solids. Hence, we cannot reliably
verify our estimation of shear viscosity modulus. Second,
our model-based estimation of the shear viscosity for gel
phantoms used in the acoustical radiation force experiments
resulted in 0.1 Pas. As the elastic modulus was modified by
changing the temperature of the phantom, the viscosity was
also expected to change. However, the slight variations of the
shear viscosity because of temperature variations did not sig-
nificantly affect the results. In accordance with our theoreti-
cal analysis, the influence of shear viscosity in this range is
negligible and elasticity of the medium largely defines the
behavior of the sphere. Nevertheless, our shear viscosity es-
timation is in agreement with the results obtained by several
research groups.19’21 For example, the shear viscosity estima-
tion based on the measurement of shear wave amplitude at-
tenuation gave a value of 0.1 Pas for a 4% gelatin
phantom.21 Others estimated the shear viscosity of gelatin
phantoms using two independent methods: measuring shear
wave speed dispersion and measuring resonance frequencies
of an embedded solid sphere.19 The shear viscosity for 12%
gelatin phantoms was found in the range of 0.2—-0.4 Pas.
Taking into account that we used a 3% by weight concentra-
tion of gelatin, the viscosity estimation in 0.1 Pa s appears to
be reasonable. However, additional studies are needed to
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fully investigate the influence of shear viscosity on oscilla-
tory and translational motion of the sphere in a viscoelastic
medium.

The results of our study can be applied in many bio-
medical and clinical fields. For example, the model devel-
oped here could possibly assist laser-based diagnosis and mi-
crosurgery in ophthalmology. The microbubbles created
during laser-tissue interaction in the cornea, lens and vitreous
humor, are used as part of surgery p1r0ce:du1re:s.31’32 In each
case, using acoustic radiation force applied to laser induced
microbubbles, the mechanical properties of the eye compo-
nents could be estimated to improve diagnosis or therapeutic
strategy. There are no fundamental differences between solu-
tions describing dynamic behavior of a solid sphere and an
air bubble in a viscoelastic medium. The difference is only in
the boundary conditions on the surface of the spherical
object.24 Therefore, air bubbles can be used as targets for the
acoustical radiation force measurements®’ thus allowing re-
mote estimation of tissue elasticity of the cornea, lens and
vitreous humor. However, further experiments are needed to
validate the theory of gas microbubbles behavior in vis-
coelastic tissue.

V. CONCLUSIONS

The results of this study demonstrate that the theoretical
model predicts the motion of the solid spheres in viscoelastic
medium in response to the acoustic radiation force. Our in-
vestigation of the sphere response to the acoustic radiation
force for various sphere sizes and densities in media with
different elastic properties shows that there is a good agree-
ment between theoretical predictions and experimental mea-
surements.
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Prediction of noise levels and annoyance from aircraft run-ups
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Annoyance complaints resulting from engine run-ups have been increasing at Vancouver
International Airport for several years. To assist the Airport in managing run-up noise levels, a
prediction tool based on a Green’s function parabolic equation (GFPE) model has been
consolidated, evaluated, and applied. It was extended to include more realistic atmospheric and
ground input parameters. Measurements were made of the noise-radiation characteristics of a
CRJ200 jet aircraft. The GFPE model was validated by comparing predictions with results in the
literature. A sensitivity analysis showed that predicted levels are relatively insensitive to small
variations in geometry and ground impedance, but relatively sensitive to variations in wind speed,
atmosphere type, and aircraft heading and power setting. Predicted noise levels were compared with
levels measured at noise monitoring terminals. For the four cases for which all input information
was available, agreement was within 10 dBA. For events for which some information had to be
estimated, predictions were within 20 dBA. The predicted annoyance corresponding to the run-up
events considered ranged from 1.8% to 9.5% of people awoken, suggesting that noise complaints

can be expected. © 2007 Acoustical Society of America. [DOL: 10.1121/1.2769988]

PACS number(s): 43.28.Js, 43.50.Lj, 43.28.Fp, 43.50.Ba [KA]

I. INTRODUCTION

Vancouver International Airport Authority (YVRAA),
the body that manages Vancouver International Airport, re-
ceives hundreds of noise complaints each year. A significant
portion results from engine run-ups by jet or propeller air-
craft. A run-up—the testing of a stationary aircraft’s
engines—is a routine procedure that occurs following air-
craft maintenance. There are certain parameters of engine
run-ups, such as the location and heading of the aircraft, that
can affect community noise levels, and that the airport can
manage. This could be done more effectively using a predic-
tion tool that could predict noise levels and annoyance in
communities surrounding the airport that result from aircraft
run-up noise.

The propagation of noise outdoors is a complex phe-
nomenon. As sound propagates, it can be reflected, refracted,
attenuated, and ampliﬁed.l’2 Many factors influence outdoor
sound propagation, including complex atmospheric and
ground conditions. The commonly assumed hemi-free-field
conditions over a reflective ground are not realistic. The
work reported here extends previous work, which used a
Green’s function parabolic equation (GFPE) model in sim-
plified atmospheric and ground conditions.?

The objective of the present work was to use more real-
istic environmental conditions—such as realistic wind-speed
and temperature profiles, and mixed ground impedance—to
predict noise levels and associated community reaction, in
residential areas surrounding the Vancouver International
Airport, resulting from propeller- and jet-aircraft engine run-
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ups, to help YVR minimize community annoyance for given
atmospheric conditions and airline requirements. Full details
of the work described here are published elsewhere.*

Il. RUN-UP MEASUREMENTS

Accurate noise prediction requires accurate aircraft
sound-source data. Data for run-ups by two propeller
aircraft—a DeHavilland Dash-8 and a Beechcraft 1900—
were available from previous work.> It was of interest here
to obtain data for a jet aircraft. The purpose of these mea-
surements was to determine the energetic and directional ra-
diation characteristics (spectra and directivities) of a jet air-
craft that operates at Vancouver International Airport, and
whether it is similar to or different from those for the pro-
peller aircraft measured previously. Of course, the CRJ200 is
smaller than many jet aircraft; its noise radiation does not
necessarily represent that of other jet aircraft.

Noise measurements during the run-up of a CRJ200
were made in conjunction with a taxiing exercise late one
evening in August 2005. The wind speed was 4 m/s and the
temperature was 17 °C (at 10 and 6 m above ground level,
respectively). Equivalent-continuous sound-pressure levels
(L,)) were measured in third-octave bands from
25 to 8000 Hz at two heights (ground level and 1.4 m above
the ground), at 15 locations around the aircraft, 40 m from
the center of the source, as illustrated in Fig. 1, and at three
power settings (idle, 50% power, and full power). The run-up
took place in a large, open area, over concrete. Measurement
positions located at the rear of the aircraft were not mea-
sured, for safety reasons. Third-octave-band background-
noise levels were at least 10 dB below the signal levels in all
cases (except at a few positions, for some frequencies below

© 2007 Acoustical Society of America 1937



FIG. 1. (Color online) Measurement locations for the jet-aircraft noise mea-
surements.

50 Hz, for which the difference was between 5 and 10 dB).
The unweighted L., spectra at positions in front, to one side,
and toward the back, of the aircraft are shown in Fig. 2.
Results for Position 2 were not obtained due to equipment
malfunction. The levels measured at ground level tended to
be higher than those at 1.4 m above the ground, as expected,
since destructive interference can result in lower sound-
pressure levels at receiver positions above the ground. Two
major distinctions between the CRJ200 and the propeller-
aircraft noise characteristics are in the shapes of the sound-
pressure-level spectra, and their magnitudes. The propeller
aircraft displayed prominent tonal components at lower fre-
quencies (e.g., at the blade-passage frequency and its har-
monics), particularly at higher-power engine settings, unlike
the more broadband spectra of the CRJ200. Furthermore, the
levels generated by the CRJ200 tended to be higher—for
example, 10—30 dB higher than the Dash-8.

Figure 3 shows the measured total, unweighted L., di-
rectivity results for the CRJ200. Results indicate that the
radiation from this jet aircraft was quite axisymmetric; levels
on the two sides of the aircraft were usually within a couple
of decibels of one another—the average difference was
around 1 dB. The directivity of the source varies by 5 dB or
more at different engine-power settings. These results sug-
gest that levels behind the aircraft, where measurements
were not possible, might be fairly uniform and similar to
those at the rear-most positions that were measured. Germain
et al.” measured levels behind a propeller aircraft, finding
variations of total, unweighted level of up to 4-7 dB.

lll. GFPE MODEL
A. Model description

There are several outdoor-sound-propagation prediction
models available.® More common models include the gener-
alized fast field program (FFP), the parabolic equation (PE)
method, and ray-tracing. Since FFP models are restricted to
environments with layered atmospheres and homogeneous
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FIG. 2. Measured CRJ200 unweighted, third-octave band L., spectra at
Positions (a) 0, (b) 3, and (c) 7 (see Fig. 1), at two heights, for three
engine-power settings. Full power: (—) 1.4 m, (—) ground level; 50%
power: (——-) 1.4 m, (- - -) ground level; idle (---) 1.4 m, (---) ground level.

ground surfaces, and since ray-tracing programs become ex-
tremely computationally expensive for the long ranges in-
volved outdoors and must deal with the appearance of “caus-
tics,” the PE method was chosen for use here. PE models can
incorporate mixed ground impedance and sound-speed pro-
files. There are several ways to solve the parabolic equation
numerically—the Crank-Nicholson parabolic equation
(CNPE) method and the GFPE method are two common
methods. The horizontal and vertical step sizes for the CNPE
are limited to a maximum of A/10 (\ is wavelength). In the
GFPE, the vertical step size has the same limitation, but the
horizontal step size can be between 10\ and 100\, leading to
a major reduction in computation time, particularly at higher
frequencies (X. Di, private communication).

The theory behind the GFPE model is based on the
Helmbholtz equation, into which a new, simplified quantity
that has cylindrical spreading removed is substituted for
sound pressure. It is then assumed that the majority of sound
propagates in the forward direction and that the wave num-
ber is constant across a step Ar. Integrating across the step
subsequently solves the Helmholtz equation. The GFPE
model solves for sound pressure on a two-dimensional (r,z)

K. Scherebnyj and M. Hodgson: Predicting aircraft run-up noise and annoyance



FIG. 3. Measured CRJ200 total, unweighted L., directivity at 40 m at po-
sitions shown in Fig. 1, at two heights, for three engine-power settings. Full
power: (A) 1.4 m, (A) ground level; 50% power: (@) 1.4 m, (O) ground
level; idle (M) 1.4 m, (OJ) ground level.

grid. The horizontal dimension is the source-receiver dis-
tance, divided by steps Ar; the vertical dimension is divided
into steps Az. The domain of r is from the first step (0
+Ar) to the receiver position. The sound field at r=0 is rep-
resented by a Gaussian function. The domain of z is from the
ground level, where the reflection coefficient determines how
much sound is reflected, to an upper absorbing layer, set by
the user. Rather than have the upper-atmosphere limit end
abruptly, an absorbing layer that is at least 30\ thick exists
above the upper limit of the atmosphere through which
sound propagates, to prevent sound from reflecting unrealis-
tically back down into the atmosphere. Unfortunately, direct
integration across the steps Ar is not possible; instead, the
expression is solved using Green’s function, and either spec-
tral representation or using Rayleigh’s integral. This process
is repeated, iteratively marching through the solution in steps
of Ar, until the receiver sound-pressure level is predicted.6‘8

B. Modifications

A two-dimensional GFPE model, originally developed
by Gilbert and Di,8 was available from previous work,3 and
was extended. The model calculates the complex sound pres-
sure at a single frequency as a function of the distance over
homogeneous ground of arbitrary acoustical impedance, with
user-defined vertical sound-speed gradients.8 Improvements
implemented to achieve the objectives of the present work
included accounting for nonhomogeneous ground (variations
in ground type/impedance with distance), the prediction of
sound-pressure levels in third-octave bands, implementing a
frequency-dependent step size, accounting for air absorption,
the calculation of total A-weighted levels, the automatic cal-
culation of the sound-speed profile given the temperature and
wind conditions, the estimation of sound-exposure level
(SEL), and the prediction of the annoyance associated with
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FIG. 4. GFPE predictions of the variation of transmission loss with distance
at 100 Hz in (—) homogeneous, (---) upward-refracting, and (- - -)
downward-refracting atmospheres (see the text).

the noise. Six predefined, finite ground impedances were
programmed into the model, based on the grounds that were
considered typical of the areas at and around YVR (dry
grass, wet grass, dry sand, wet sand, snow, and an acousti-
cally hard surface corresponding to concrete, water, or as-
phalt). The corresponding impedances were calculated ac-
cording to Attenborough’s two-parameter model.’

C. Validation

The modifications made to the GFPE model were evalu-
ated in comparison with results in the literature. Levels were
predicted at various frequencies and over various distance
ranges. Data from the Attenborough et al. ' benchmark paper
were used in the cases of homogeneous and upward- and
downward-refracting atmospheres. Data from Gauvreau
et al.'' and Daigle et al."* were used in the case of mixed-
ground impedance. Very good agreement (typically within
2 to 3 dB) was obtained in all cases (see Ref. 4).

Two representative validation results are shown in Figs.
4 and 5. First, the case of homogeneous ground impedance
and different atmospheric conditions was considered. The
input-parameter values were as follows: /hgy.=5.0 m,

o
=2
=/
g 4
&
Qo
b
L
2 14
o
<
=]
4
v
<
o -2 4
o
c
3
o
(2]
5 T T T T
0 20 40 60 80 100

Distance (m)

FIG. 5. Predicted variation with distance of sound-pressure level relative to
free field for a mixed ground-impedance configuration (see the text): (@)
GFPE; (—) CNPE (Ref. 11). Also shown for reference are the GFPE pre-
dictions for completely (---) “hard” and (- - -) “soft” grounds.
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Nieceiver=1.0 m, normalized ground impedance
=(12.81,11.62), Az=N\/5, hyerica=250 m, ¢=343 m/s, FFT
length=16 384, surface-wave integration number=250. Fig-
ure 4 shows GFPE predictions of the variation of transmis-
sion loss (sound-pressure level relative to that at 1 m in a
free-field) with distance up to 3 km at 100 Hz in homoge-
neous, upward-refracting (sound-speed gradient=+0.1 s7")
and downward-refracting (sound-speed gradient=—0.1 s7!)
atmospheres. Levels are very similar to those presented in
Ref. 10. Figure 5 compares levels predicted by the GFPE for
a configuration with mixed ground impedance with CNPE
values estimated from Ref. 11. There is a ground impedance
discontinuity 50 m from the source; the ground nearest the
source is “hard” (flow resistivity=2X 10° kPas m~2), that
farthest from the source “soft” (flow resistivity=2
X 10? kPas m~2). The other input-parameter values are as
follows: frequency=160 Hz, hye=1.5 m, Aciver=1.8 m,
Az=N\/10, hyepic=100 m, ¢=340 m/s, FFT length=16 384,
surface-wave integration number=100. Also shown for ref-
erence are the GFPE predictions for uniformly hard and soft
grounds. The GFPE predictions are credible and agree well
with the CNPE prediction. Results were equally as good at
other frequencies (see Ref. 4).

Modifications were also made to include turbulence in
the GFPE model. Predictions gave results similar to those of
Gilbert" (see Ref. 4). However, in preliminary prediction
work, the effects of turbulence were not found to contribute
significantly in homogeneous, downward-refracting, and in
very weak upward-refracting (e.g., with a decrease of 1 m/s
over 200 m), atmospheres. These conditions were typical of
the run-up events considered in this work; thus, turbulence
was not considered further.

IV. PREDICTION
A. Atmospheric assumptions

There are three general states that exist for a static at-
mosphere: stable, unstable, and neutral. In a stable atmo-
sphere, the temperature increases with height. The shape of
the temperature-profile increase is expected to be parabolic
(D. Steyn, private communication). An unstable atmosphere
is one for which the temperature decreases with height at a
rate greater than 0.0098 °C/m (the dry adiabatic lapse rate
of the atmosphere). Instability indicates that the vertical
movement of air packets is not restricted. The temperature
profile in a neutral atmosphere decreases at a rate of
0.0098 °C/m.

The temperatures at two heights—1.6 and 6 m—were
available for the times of the run-up events considered in this
work. Unstable conditions at night are uncommon (D. Steyn,
private communication). Thus, if the change in temperature
was positive, stable conditions were applied; if the change in
temperature was negative, neutral conditions were assumed.
To approximate stable profiles, the temperature at 6 m was
input and a parabola was fit to this value, and to the values at
0 and 200 m, which were assumed to be 2 °C lower and
6 °C higher, respectively, than the temperature at 6 m. The
temperature profile for neutral conditions was set to decrease
at a rate of 0.0098 °C/m. Temperatures in the first 10 m
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FIG. 6. Typical sound-speed profile used in GFPE predictions (details in the
text).

above the ground do not follow a simple curve; this part of
the profile is almost impossible to estimate without making
measurements at several heights, adding an additional ele-
ment of uncertainty to the assumptions made in prediction.

For both atmospheric states, the wind-profile power law
was used to calculate the wind-speed profile (the variation of
wind speed with height):

M(Z) ~ i 1/7
u(lO)_<10) ’ )

in which u is wind speed and z is height above the ground.
The wind vector was then projected onto the source-receiver
direction and added to the sound speed. It was suspected that
mixing due to winds greater than 5 m/s at 10 m would pre-
vent the above-described stable and neutral atmospheric
states from forming. Run-up events that took place during
such times were therefore separated from those with lower
winds in the analysis in Sec. IV C.

The sound-speed profile for a “typical” night-time
run-up (18 April 2005; neutral conditions, temperature of
6 °C at 6 m above the ground, wind speed of 2.5 m/s at
10 m above the ground, incident at an angle of approxi-
mately 42° to the source-receiver direction) is illustrated in
Fig. 6. In this particular case, the sound would be refracted
upward as it propagates from the source to the receiver. The
curve is not perfectly smooth, as the GFPE model integrates
the sound-speed profile from a set of points calculated by Eq.

(1).

B. Sensitivity analysis

To investigate the dependence of predicted noise levels
on the input parameters of the GFPE model and, therefore,
the expected influence of uncertainties in the input-parameter
values, a simple configuration was chosen as a reference, and
predictions for other cases were compared with levels pre-
dicted for it. The prediction input parameters were varied
slightly, one at a time. A-weighted Ilevels from
25 to 2000 Hz were predicted and compared. In one varia-
tion, the frequency range was also extended, for comparison
with the reference spectral range. The parameter values for
the reference case were as follows:
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FIG. 7. Comparison of predicted total,
A-weighted sound-pressure levels for
the reference test case (dashed line at
71 dBA) with those for test cases with
input-parameter variations in wind
speed, temperature, height of propaga-
tion, and aircraft details.

low: realistic variations do not yield very different results.
The exceptions to this are the cases of wind speed, atmo-
sphere type, and aircraft engine-power setting and heading.
The values of the latter two factors are well known and, as
long as communication between the aircraft operator and the
airport is clear, this information should be readily accessible.
This is, however, not the case for wind profiles, and for the
state of the atmosphere: these will never be known accu-
rately unless they are measured. Their dynamic nature makes
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Test Case
(1) Source-receiver distance of 2 km;
(2) One ground-impedance transition point midway between
the source and the receiver (at 1 km), separating “con-
crete” nearest the source from “dry, loamy grass” far-
thest from the source;
(3) Dash-8 propeller-aircraft source, running-up at full
power; source height 3 m above the ground;
(4) Receiver height 6 m above the ground (a typical noise
monitoring terminal microphone height); and
(5) Stable atmosphere, with no wind, and a temperature of the measurements difficult.

12 °C at 6 m.

Geometric variations included changes in the total
source-receiver distance (calculated by adding or removing
10 m from either the grass or concrete section), shifting the
transition point by 10 m, as well as changes in the source
height (1 m) and receiver height (£0.1,0.5 m). The magni-
tudes of these changes were chosen to represent the uncer-
tainties involved in estimating the input values. All of the
resulting predictions were within 2 dB of the reference case.

Variations relating to the atmosphere included changes
in the wind speed used in the wind-profile power law,
changes in the temperatures at the reference heights, and
switching from stable to neutral conditions. Atmospheric-
variation predictions, along with predictions for a doubling
of the numerical-grid height for which the sound-pressure
levels are calculated (as mentioned in Sec. III A), and
changes in the aircraft engine-power setting and heading, are
presented in Fig. 7.

By way of these predictions it was found that, in general
in the current application, the sensitivity of the GFPE model
with respect to variations in most input parameters is rather
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Temperature and wind profiles can strongly influence the
sound-speed gradient, and thus the manner in which sound
will be refracted as it propagates. In instances of very strong
upward refraction where shadow zones are created, such as
the extreme case with wind designated “—6 m/s@10 m,”
very large differences, such as the decrease of nearly 50 dB
in Fig. 7, can occur. This is not to say that the outdoor sound-
pressure level will actually be 23 dBA; background levels
will invariably be higher, masking the contribution from the
engine run-up. Moreover, turbulence will reduce the high
attenuation at large distances.

C. Test cases

Run-ups that occurred at the Vancouver International
Airport between January 2005 and June 2006 were drawn
upon as the basis for comparisons between predicted and
measured noise levels, to investigate prediction accuracy in
realistic situations. In order for a run-up to be considered,
someone in the community, whose address or approximate
location was available, was required to have reported a noise
complaint corresponding to the approximate time of the en-

1941



90

80 A

70 1

Leq (dBA)

w
o
1

20 A

10 1

19- 18- 18- 8 25- 25- 4 5 §5- 17- 25- 27-

FIG. 8. Summary of GFPE-predicted
total, A-weighted run-up noise levels
and measured equivalent-continuous
NMT levels: (closed square) mea-
sured; (gray square) “low” prediction;
and (dark gray square) “high” predic-
tion, where applicable.

17- 2= 12- 6-

Feb- May May- Sep- Feb- Feb- Mar- Mar- Mar- Ju- Feb- Ju- Apr- Jul- May- Oct- Nov-
05 06A06B 05 06A 06B 05 06A 06B 0OSA06C 05 06 05B 06 05 05

Date of Event

gine run-up. Only night-time run-up events were considered.
Seventeen such events were identified, and predicted sound-
pressure levels were compared with the corresponding levels
measured at noise monitoring terminals (NMTs); the annoy-
ance corresponding to the levels was also predicted to inves-
tigate the subjective magnitude of the problem. NMTs are
measurement stations located at and around the Vancouver
airport, which record A-weighted, 1-s, equivalent-continuous
noise levels. The GFPE model predicted levels in third-
octave bands from 25 to 4000 Hz. The total A-weighted
GFPE calculated levels, and the corresponding measured
A-weighted, equivalent-continuous NMT levels during the
run-ups, are plotted in Fig. 8.

Source-radiation characteristics were only available for
the three aircraft discussed earlier; the Beechcraft-1900 and
Dash-8 propeller aircraft, and the CRJ200 jet aircraft. Since,
however, run-ups at YVR are not limited to these three air-
craft, when predicting run-ups that involved other aircraft,
the data for one of the three measured aircraft were “substi-
tuted.” The aircraft noise “assigned” to it was chosen based
on similarity of the aircraft type (jet/propeller) and engines
(number/type). The substitutes (e.g., a Dash-8 for a D2, a
CRJ200 for a Boeing 767, etc.) were not necessarily good
matches. Clearly, the cases for which the source sound levels
were unknown were associated with an increased prediction
uncertainty. Moreover, the orientation of the aircraft (for di-
rectivity) was not always recorded in the run-up incident
report. Finally, the actual power setting of the aircraft was
not always as indicated on the incident report if, for instance,
the operator decided to test at other power settings (see the
examples in Secs. IV C 1 and IV C 4). As was shown in Sec.
III B, these uncertainties can lead to large variations in pre-
dicted levels. Thus, in cases for which information was miss-
ing, GFPE predictions used estimated values of the missing
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inputs. One or two sets of plausible values were used, to
predict levels indicative of the ranges predicted; these are
shown in Fig. 8. The cases labeled “low” are either for the
single level, or the lowest of two values, predicted; the cases
labeled “high” are for the highest of two values predicted.
The prediction that was closest to the average level was used
as the basis of the discussion.

One of the run-up locations at Vancouver International
Airport had a blast fence located at the southern end. Previ-
ous work had measured the insertion loss of this particular
blast fence.” While the insertion loss varied somewhat across
the frequency spectrum, for the midfrequencies of most in-
terest here it was relatively flat, with an average value of
approximately 8 dB. Thus, for cases in which the blast fence
was involved, an attenuation of 8 dB was subtracted from
the predicted levels.

1. Available aircraft source levels, known headings

There were three events on two nights for which atmo-
spheric conditions were stable, the correct aircraft source
levels were available, the aircraft headings were known, and
the wind speeds were below 5 m/s (in fact, they were all
below 4 m/s): one on 19 February 2005, and the two on 18
May 2006 (A and B). In the first two cases, GFPE predic-
tions overestimated the measured levels by 9 and 5 dBA,
respectively. However, for the run-up on 19 February 2005,
the blast fence was between the aircraft and the receiver.
Applying the average insertion loss, the predicted value for
19 February 2005 is within approximately 1 dB of measure-
ment.

8 September 2005 also had a known heading and avail-
able aircraft-noise data, but took place during neutral condi-
tions. This run-up was recorded as at “idle” engine power. In

K. Scherebnyj and M. Hodgson: Predicting aircraft run-up noise and annoyance



the past, there have been problems with requests for run-ups
at a lower power setting, when in fact the aircraft were run at
a higher power setting. Following a suspicion that a higher
power setting may have been used for this runup, GFPE
predictions were made for both idle and full power. Full-
power predicted levels were 7 dBA below the average mea-
sured level, compared to the idle-power level, which was
23 dBA below the average measured level. Both predicted
levels are shown in Fig. 8; however, due to the likelihood
that the aircraft was run at full power, the full-power level
was used for further analysis.

2. Unavailable aircraft source levels, known headings

Considering now cases for which the source data were
unavailable for the specific aircraft but the heading was
known, two stable-atmosphere cases (with the same
aircraft—the events took place one after the other during the
same night) and one neutral-atmosphere case were available
with wind speeds below 5 m/s: on 25 February 2006 (A and
B) and on 4 March 2003, respectively. For the stable cases,
the GFPE predictions were 12 and 16 dBA below the aver-
age levels. The cause of these disagreements is likely the
aircraft substitution of the Beechcraft 1900 for the Beech-
craft 100.

In the neutral case, on 4 March 2005, levels were over-
predicted by 17 dBA relative to the average measured level.
Here again, however, the blast fence was located between the
source and receiver. When including the attenuation due to
the blast fence, the GFPE prediction is 9 dBA above the
measured values.

3. Available aircraft source levels, unknown headings

The need to estimate the aircraft heading (orientation)
when it was not recorded makes accurate prediction difficult,
since the data available suggest that aircraft, particularly pro-
peller aircraft, can be directional. As discussed in Sec. II,
there is considerable uncertainty associated with the noise
levels behind aircraft—particularly jet aircraft—adding to
the complexity of predictions in cases missing relevant infor-
mation. If no information was available, a source level at the
front of the aircraft, and a source level toward one of the rear
sides of the aircraft were used. For the run-ups on one night
(5 March 2006 A and B), levels were predicted at two NMTs
for aircraft for which source levels were available, but the
headings were unknown. These predictions were 20 and
14 dBA above measured levels at Position 0 (see Fig.
I—Ilevels at Position 5 were overpredicted by even more).
Taking into account the combination of the insertion loss of
the blast fence, and the possibility that the true heading re-
sulted in lower sound-pressure levels, this prediction may in
fact be much closer to the measured level. 5 March 2006 was
also noted to have a stable atmosphere. The positive change
in temperature between heights of 1.6 and 6 m was the larg-
est that occurred for all of the run-up events considered:
4.3 °C over 44 m. Wind speeds were relatively low, at
1.1 m/s at 10 m height; the difference between prediction
and measurement is not believed to be caused by unknown
atmospheric-parameter values in this case.
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4. Unavailable aircraft source levels, unknown
headings

Four run-up events had unknown aircraft source levels
and unknown headings: two in stable conditions, 17 July
2005A and 25 February 2006C, and two in neutral condi-
tions, 27 July 2005 and 23 April 2006. Surprisingly, GFPE
predictions underpredicted the average levels in the four
cases by only about 1, 2, 1, and 3 dBA, respectively. The
event on 17 July 2005 was recorded as an idle event, but
when the full-power source data were used, the best predic-
tion accuracy was obtained. The idle power setting listed for
27 July 2005 gave good agreement—better than the full-
power setting. This suggests that sometimes the aircraft be-
ing run-up was at the idle-power setting as recorded, but that
at other times it was at a higher power setting. The 23 April
2006 prediction gave a level equal to the background-noise
level. What is interesting here is that the decibel sum of the
background-noise and predicted levels equals the measured
level. The prediction for 25 February 2006C is well above
the background levels, below the peak level, and only 2 dBA
different from the measured level. It is surprising how well
the levels in this section agree, given the uncertainties in the
inputs.

5. Wind speeds above 5 m/s

Four run-ups, each of which occurred during high-wind
conditions, remain to be discussed: these occurred on 17 July
2005B, 2 May 2006, 12 October 2005, and 6 November
2005. If wind speeds had been lower, the former two run-ups
would have been categorized as stable, and the latter two as
neutral. If those conditions are assumed, GFPE predictions
are about +16, +6, —1, and +1 dBA different from the mea-
sured levels of the noise events. Wind should not affect the
propagation of sound significantly in any of these cases, be-
cause the source-receiver direction was not parallel to the
wind direction (the differences between the source-receiver
directions and the wind directions in the four cases were
around 55°, 124°, 74°, and 135°, respectively). These stron-
ger winds are, however, expected to affect the atmosphere,
preventing the “standard” temperature profiles (parabolic or
linear) from existing at greater heights, or even from being
established. What makes this analysis extremely difficult is
that information pertaining to the aircraft source levels,
and/or the aircraft heading, is missing for all four run-up
events, except on 6 November 2005 (for which the measured
level was overpredicted by only 1 dBA). While, in principle,
strong winds should affect the atmosphere in such a way as
to make predictions difficult, uncertainties associated with
the aircraft source data make this difficult to isolate. The fact
that more than one GFPE prediction (i.e., the high and low
predictions in Fig. 8) was made for all events except 17 July
2005B increases the chance of finding one prediction result
that agrees well with the measured level.

6. Summary

The prediction results, corrected for blast-fence insertion
loss where applicable, have been replotted against the mea-
sured levels in Fig. 9. The many points lying near the y=x
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FIG. 9. Comparison of total, A-weighted GFPE predictions with NMT mea-
surements. The central diagonal line represents y=ux, the other lines are at 10
and 20 dBA offsets: (<) Predictions for which all information was known.
(#) Predictions for which some information was unknown. Error bars in-
dicate the range of measured NMT levels, from background to peak.

line suggest that the GFPE model generally predicts mea-
sured sound-pressure levels with reasonable accuracy. The
fact that this sometimes occurs when the input data are not
well known apparently indicates that good agreement can
sometimes be a coincidence. The symmetrical distribution of
the data indicates that the GFPE model does not have an
inherent tendency to over-or underestimate sound levels.

While many (71%) of the event-average levels in Fig.
9—after correction for barrier insertion loss, where
applicable—were predicted within 10 dBA, some events
were inaccurately predicted by nearly 20 dBA; the worst pre-
diction, which was 17 dBA higher than the average NMT
level, was for a Boeing 767 on 4 March 2005.

Given this small sample size (17), and the surprisingly
accurate predictions discussed in Secs. IV C 4 and IV C5, it
is hard to draw conclusions regarding what conditions are
more likely to result in accurate or inaccurate predictions. It
appears that, for run-up events for which the aircraft noise
levels are available, it is nearly three times (58%) more
likely that prediction will be within 10 dBA than if the levels
were estimated with a substitute aircraft (20%). It is more
difficult to draw conclusions for the cases with known/
unknown headings, with wind speeds greater/less than
5 m/s, and with stable/neutral atmospheric states, as they all
gave similar results. It is, of course, of interest to consider
whether prediction had a tendency to be above or below the
measured levels; in fact, overestimates appear to be equally
as likely to occur as underestimates for predictions within
10 dBA of measured levels (42%), and for predictions within
20 dBA of measured levels (60%). Again, it is difficult to
have high confidence in these overall results with this small
sample size, and given the surprising prediction results of
Secs. IVC4 and IV C5.

Though the data pool is limited, the results in Sec.
IVC4 suggest that if all information is available—
particularly the noise levels of the aircraft performing the
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run-up—prediction can be accurate within about 10 dBA.
With relevant information unknown, prediction uncertainty
will increase; with reasonable choices, however, predictions
can be expected to be accurate within about 20 dBA.

D. SEL and annoyance

It is of interest to investigate the annoyance associated
with aircraft run-ups at Vancouver International Airport.
Since night-time run-ups were of concern, annoyance was
quantified in terms of the percentage of people awoken, as
described in ANSI $12.9-2000/Part 6."* This standard relates
the indoor SEL to the percentage of people awoken, as fol-
lows:

% Awakenings = —7.02 + 0.14 SEL. (2)

Using the outdoor SEL predictions, the percentage of people
annoyed (awoken) due to the engine run-ups identified in the
present work ranges from 1.8% to 9.5%, with the average
being 5.9%. An uncertainty of +10 dB in SEL corresponds to
an uncertainty of £1.4%, 20 dB to £2.8% uncertainly.

Neither the indoor SEL nor the actual percentage of
people awoken was known (no measurements were taken
indoors). The only information that was available was that, at
the time of the events in question, people were sufficiently
annoyed by the noise that they contacted the airport with
their concerns.

Indoor levels are equal to outdoor levels reduced by the
insertion loss of the residence. Since these are difficult to
estimate accurately, no attempt has been made to do so here.
If indoor levels were available and used, as they should be
according to ANSI S12.9-2000/Part 6, SEL would be lower;
thus, the true percentage of people awoken is likely lower
than as predicted earlier.

While light sleepers may be very sensitive to noise and
be awoken regardless of the SEL, to lower this percentage
theoretically to zero, SEL should be below 50 dB. Excep-
tions will always exist. Depending on the geometry of neigh-
borhoods and of houses, some sound focusing may take
place, making some areas louder than others. Even if predic-
tions of SEL are well below 50 dB, there is a chance that
some people will be awoken.

V. CONCLUSION

The objective of this work was to consolidate, evaluate,
and then apply a prediction tool that could assist the Vancou-
ver Airport Authority in managing aircraft-engine run-ups, to
minimize noise levels and disturbance for the residents of the
communities living near the airport. This objective has been
achieved.

Parameters that influence the propagation of sound were
consolidated into a simple outdoor sound-propagation model.
The original GFPE model that was available when this work
began was modified to better describe the ground and the
atmosphere, and to produce a more useful output. To ensure
that changes made to the GFPE code were accurate, the
model was evaluated. A comparison of predictions with re-
sults in the literature found very good agreement—typically
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within 2 to 3 dB. The agreement was considered sufficiently
accurate to apply the GFPE model in realistic cases.

Availability of accurate input information was a big is-
sue: a sensitivity analysis found that the state of the atmo-
sphere, wind speeds, aircraft headings, and engine-power
levels were the major sources of variability in predicted
noise levels. Predictions were compared with noise levels
measured at noise monitoring terminals near the airport.
Some input parameters were difficult to obtain with accu-
racy, and estimates of unknown input data were required in
several cases. For the four cases for which all input informa-
tion was available, predicted levels were within 10 dBA. For
cases where some information (i.e., the aircraft heading) was
missing, the prediction error was within 20 dBA.

The sound-pressure levels predicted in the community
for a sample set of 17 run-up events correspond to a pre-
dicted percentage of people awoken ranging from 1.8% to
9.5%. ldentifying annoyance by percentage of people awo-
ken is likely a better way to assess the number of people
disturbed by noise than are complaints, as many members of
the community do not feel inclined to report incidents, even
if their sleep is disturbed.

While uncertainties of 10 dBA (and 20 dBA) are rather
large, given the complexity of the problem and the small data
pool, the agreement was good. Almost all prediction
parameters—the ground impedance, the temperature and
wind profiles, the source levels, the source and receiver po-
sitions, and the air absorption—had to be estimated or ap-
proximated in some way. The results of this study show that
obtaining more accurate information—particularly relating to
the aircraft noise-radiation characteristics and the
atmosphere—is crucial to obtaining reliable predictions.
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Long-range acoustic scattering from a shallow-water
mud-volcano cluster
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Analysis of reverberation measurements in the Straits of Sicily shows high intensity, discrete,
scattered returns 10—20 dB above background reverberation. These returns are due to scattering
from mud volcanoes. The reverberation from the mud volcanoes at ranges of 15-22 km is
reasonably consistent over these spatial scales (i.e., kilometers) and temporal scales of several hours;
measurements separated by 4 years are also similar. Statistical characterization indicates that the
reverberation associated with a mud-volcano cluster is strongly non-Rayleigh and that the
reverberation can be characterized by a single (shape) parameter, roughly independent of frequency.
The non-Rayleigh statistics, with a concomitant increase in the probability of false alarm, indicate
that mud volcanoes are a likely source of clutter. Mean target strengths were estimated at 1-11 dB
over 160—1400 Hz and are consistent with target strengths measured during a different year at short
(direct-path) ranges. Accumulated evidence points to small (order 10 m diameter and several meters
high) carbonate chimneys on the mud-volcano edifice as the scattering mechanism as opposed to the
edifice itself or scattering from gas bubbles in the water column. Thus, the results represent acoustic

scattering from mud volcanoes in a quiescent state.

© 2007 Acoustical Society of America. [DOI: 10.1121/1.2773995]

PACS number(s): 43.30.Gv, 43.30.Vh, 43.30.Ma, 43.30.Pc [RCG]

I. INTRODUCTION

The performance of active sonar systems in littoral en-
vironments is often limited by discrete clutter and diffuse
bottom reverberation. Discrete clutter, which leads to high
false alarm rates, is widely viewed as one of the most impor-
tant limiting environmental factors in the operation of active
sonar systems in littoral areas. Discrete clutter tends to be
nearly ubiquitous, but its characteristics have been difficult
to predict. One of the primary reasons that prediction has
been difficult is that the underlying mechanisms giving rise
to the clutter are largely unknown. In a very general sense, it
is certainly understood that high scattering arises from an-
thropogenic features such as wrecks and well-heads (e.g.,
Refs. 1 and 2), biologics (e.g., Ref. 3), as well as geologic
features (e.g., scarps and cliffs*). However, especially for the
latter, there are many geologic features whose scattering
mechanisms and scattering characteristics are not under-
stood.

Strictly speaking, clutter can be defined as “target-like”
returns that persist over a target-like track. Here, we define
clutter as reverberation with strongly non-Rayleigh statistics
or alternatively as high reverberation with relatively large
target strengths (>0 dB) and temporal characteristics such
that the time spread is not much larger than that induced by
the channel.

In this study, the objective is to examine the statistical
characteristics of long-range reverberation from a class of
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geologic features called mud volcanoes. Mud volcanoes
form due to the rise of fluidized sediments and/or gas along
a fault or on top of a sea-floor-piercing shale diapir. They
may occur in sedimentary areas with hydrocarbon generation
at depth, originate from thick clay beds, usually erupt along
fault lines, and often bubble gas (mostly methane), and
sometimes oil. They are known to occur in a variety of geo-
logic settings including the abyssal parts of inland seas, ac-
tive margins, continental slopes of passive margins, and con-
tinental shelves.” While deep-water mud volcanoes (e.g.,
Ref. 6) have been studied for some time, relatively little is
known about the distribution and characteristics of shallow-
water mud volcanoes. One reason for this is that shallow-
water mud volcanoes tend to be much smaller scale than
their deep water counterparts, of order 10°! m in height as
opposed to 10> m for those in deep water, and thus less eas-
ily detected. Mud volcanoes sometimes occur in clusters: in
this area, of order 10 MV within a 1 km? region.

In a previous study,7 scattering from a mud volcano was
measured at short range (a few 100 m), i.e., in the direct-path
region. Target strengths at low grazing angles 3°-5° from
coherent pings were measured at 4-14dB over
800-3600 Hz. Low grazing angles were measured in order
to be relevant to the long-range clutter problem, examined
here. The evidence from that study, in terms of scattering
mechanism, suggested that the scattering is associated with
carbonate chimneys on the mud volcano as opposed to scat-
tering from gas bubbles entrained in the sediment or emitted
in the water column, or the mud-volcano edifice itself.

© 2007 Acoustical Society of America
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FIG. 1. Experiment area in the Straits of Sicily showing the location of the
MV cluster (M) and source-receiver location of the two quasimonostatic
reverberation experiments (#), C1 and C5. The location of the transmission
loss track is shown as a thick gray line crossing C5.

In this study, long-range (order 10 km) reverberation
measurements from the same mud volcano, and from others
within the same cluster, are presented in order to examine:
(a) the statistics of the long-range reverberation, (b) the vari-
ability of the reverberation associated with time and spatial
location of source-receiver, and (c) the frequency depen-
dence of the target strength. The two measurement ap-
proaches, short range and long range, have distinct and
somewhat mutually exclusive advantages. For example,
measurements in the direct-path region have the advantage
of reducing or eliminating uncertainties due to oceano-
graphic variability and potentially poorly known geoacoustic
properties between source and feature. Another advantage of
the short-range measurements is the ability to directly probe
the scattering mechanism, by determining the location of the
scattering (especially in the vertical plane). However, the lo-
cal measurements have more difficulty controlling aspect,8
are difficult to perform at low frequencies (below about
400 Hz) and in order to study the statistics of the clutter
(including all of the multipath effects), a long-range obser-
vation is required. In addition, the long-range measurements
have many orders of magnitude greater spatial coverage and
are easier to conduct. Ultimately, we see a promising strategy
in using a combination of both short- and long-range obser-
vations.

In the following sections, the experiment area is first
described along with an overview of the mud-volcano char-
acteristics. Then, the reverberation observations are shown
and discussed as a function of space and time. A statistical
analysis of reverberation from the mud-volcano cluster is
analyzed to characterizes the probability density function
(PDF) of the reverberation envelope and a simple model is
proposed that captures the frequency dependence of the sta-
tistics. The observations are analyzed in terms of target
strengths, and the final section contains discussion and con-
clusions.

Il. EXPERIMENT AREA DESCRIPTION

The Malta Platform (see Fig. 1) is a structural unit of the
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FIG. 2. (Color online) (a) Multibeam bathymetry showing location and
height field of the mud volcanoes (in meters). The area is approximately
13501200 m. (b) A mosaic of values proportional to backscattering
strength in decibels (arbitrary units), corrected to 70° (from Ref. 7).

African foreland, colliding with the European plate.9 The
mud volcanoes (MVs) of interest are located on the western
margin of the Malta Platform and within the Scicli fault
zone, where the main faults trend SW-NE. This area and the
MYV characteristics are described in more detail in Refs. 7
and 10.

By way of background, we present 240 kHz multibeam
measurements of bathymetry and backscattering at the mud-
volcano cluster [Figs. 2(a) and 2(b)]. Within the survey re-
gion, the average sea floor is gently sloped, from a depth of
164 m in the northeast corner of the survey to 167 m in the
southwest corner. Several MVs are visible, rising to a maxi-
mum of approximately 5 m above the mean sea-floor depth.
The outer length scales observed in these features are quite
variable, ranging from 40 to 400 m. Also visible in the data
are nearly linear depressions adjacent to some of the larger
MYVs that may be associated with faults and/or regions of
fluid escape. The multibeam sounding resolution varied
across the swath from approximately 4 to 10 m in the
across-track direction, and 2.5 m in the along-track direction.
In postprocessing, the data have been low pass filtered, so
that the resolution of the data in Fig. 2(a) is approximately
10 m. This resolution does not resolve the ~10-m-diameter
carbonate chimneys (see Fig. 4 of Ref. 7) that are believed to
be the dominant scattering mechanism.

In Fig. 2(b), the inherent (vertical) angular dependence
in the backscatter has been removed (see Ref. 7) and the
image represents backscatter that would be expected at a
fixed grazing angle (70°). The backscattering data show three
distinct regions: the background (~87 dB) intermediate re-
gions that are 2—4 dB above the background, and high back-
scatter regions, which are 6—10 dB above the background.
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These three regions appear to correspond to three classes of
surficial sediments in the survey area: fine-grained sedi-
ments, coarse-grained sediments, and carbonate blocks and
fragments, respectively.7 The last category forms a useful, if
inexact, metric for determining the mud-volcano locations.
That is to say, that the location of the high scattering in Fig.
2(b) is a clearer representation of the position of the MVs
than just the height field [Fig. 2(a)] by itself.

In a later section (Sec. V) a target strength analysis is
performed on reverberation returns from the largest mud vol-
cano in the cluster (at 36.5716N 14.4383E). This MV is
roughly elliptical in shape with dimension 150X 50 m and
oriented at 145° (re North). Direct-path target strength mea-
surements were previously conducted’ from this same fea-
ture.

lll. REVERBERATION OBSERVATIONS

Reverberation from the mud volcanoes is presented from
two different source-receiver positions (see Fig. 1) collected
in two different years: Site C1 in 2000 and Site C5 in 2004,
which are ~21 and ~15 km from the MV cluster, respec-
tively. Both sets of measurements show consistent reverbera-
tion returns over time scales of hours as well as being con-
sistent with each other. This is indicative of a scattering
mechanism that is stable over those time scales.

A. Source-receiver at Site C1

Long-range reverberation data from Site C1 to the MVs
(see Fig. 1) were acquired 3 May 2000 during the Boundary
2000 experiment.11 The equipment employed and the ocean
environment are briefly described in the following. More de-
tails can be found in Ref. 12.

Impulsive sources, Mk82 Sound Undersea Signals
(SUS), were launched from the vessel and initiated within a
few hundred meters of the receiver at 91 m depth. Three
SUS were launched on five legs, where each leg was at a
different bearing and the SUS were dropped within a few
kilometers of Site Cl. The receiver was a three-aperture
nested horizontal array of 128 elements per aperture towed at
a depth of ~75 m. The data were digitized at 6000 Hz sam-
pling rate and low-pass filtered at 1780 Hz with a seven-pole
six-zero elliptic (70 dB per octave roll-off) antialias filter.
Data presented here were time-domain beamformed (on the
aperture with 0.5 m spacing) with Hann shading and 129
beams, so that at the design frequency, 1500 Hz, the beams
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overlap at the 1.5 dB down points. In the processing, an
integration time of 7=1/12 s was employed, which corre-
sponds to a radial patch dimension of 60 m. The data were
incoherently averaged (amplitude squared) over frequency in
selected 100 Hz bands from 100 to 1800 Hz. The geometry
is such that the azimuthal scattering angle is oriented ~35°
relative to the axis of the main MV.

During the reverberation experiment, the wind speed
varied between 5 and 10 knots and the rms sea surface wave-
length measured on a waverider buoy varied from
0.15 to 0.25 m. Sound speed profiles were collected using
expendable bathythermographs (XBTs) every ~30 min dur-
ing the experiment from the ship as it executed the reverbera-
tion pattern. The sound speed profiles [see Fig. 3(a)] exhibit
a very minor variability in space and time. The profiles were
extended in depth by ~10 m by linear extrapolation to ac-
commodate the slightly deeper depths at the MV cluster. It is
somewhat reassuring that the gradient thus used in the ex-
trapolation is very similar to the slight positive gradient mea-
sured at the MV cluster at the same season but different year
(2004).

The range from source to scatterer was approximately
21 km and the bathymetry is gently sloping to the west
(downslope from source to the MVs). Given the short dis-
tance between source and receiver (order 100 m) relative to
the distance to the MVs, the geometry is assumed to be
monostatic in the analysis.

Observations of the clutter along different bearings and
at various positions permit us to resolve the left-right ambi-
guity inherent in the towed array data and also permit us to
qualitatively examine the variability of the clutter in time and
space. An example of reverberation beam time series data is
shown in Fig. 4. The beam intersects with the MV cluster at
27.5 s and several distinct returns are observed at that time,
about 10—15 dB above the background reverberation. At this
frequency and bearing, the beamwidth is about 1.5° and the
illuminated patch size at the MV cluster in the cross-range
dimension is about 550 m. The reverberation from 100 Hz
bands at other center frequencies is shown in Fig. 5, where
significant returns associated with the MV cluster are ob-
served at all frequencies.

Generally, it is observed that the gross arrival structure
is roughly constant from ping to ping. This is seen, for ex-
ample, from a ping initiated along the same heading but
1.5 km further north (Fig. 6) and about 13 min earlier in
time. Sometimes, however, there is a close correspondence to
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FIG. 4. Reverberation beam time series at 1400 Hz from Site C1. The
reverberation from the largest MV is at 27.5 s, and is 10—15 dB above the
background noise/reverberation. The vessel bearing was 180° (leg2) and the
MV cluster is at a bearing of 297°. The receive array was linear, i.e., com-
posed of single elements.

individual reverberation peaks in time and amplitude, when
the data are time shifted relative to a prominent arrival. An
example of this shown in Fig. 7, where Fig. 7(a) shows a
comparison for different positions along the same bearing
and Fig. 7(b) shows a comparison for different positions and
bearings. Strong differences in Fig. 7(b) at times other than
27.5-28.5 s are most likely due to differences in the ambigu-
ous beams.

B. Source-receiver at Site C5

Reverberation data from Site C5 (see Fig. 1) are pre-
sented mainly as a confirmation of the results at Site C1.
These data were acquired 20 May, 2004 during the Bound-

ary2004 experiment. The experiment was similar to that con-
ducted at Cl, e.g., three SUS were launched on five legs,
where each leg was at a different bearing. The main equip-
ment difference between this experiment and that of 2000
was a cardioid towed array, which allows left-right discrimi-
nation (typical rejection of ~15 dB). Also, in this experi-
ment a coherent source was employed.

The cardioid array had 84 triplet elements with interele-
ment spacing of 0.42 m towed at a depth of ~90 m. Both
impulsive (SUS) and coherent sources were employed. The
SUS were deployed at 91 m and the coherent source at 90 m.
Data presented here were time-domain beamformed with
Hann shading. The processing was similar to that at Site C1,
i.e., with an integration time of 7=1/12 s, incoherently av-
eraged in 100 Hz bands. The sources were all deployed in
the vicinity of Site C5, such that the azimuthal scattering
angle is oriented roughly 28° relative to the axis of the main
MV.

During the reverberation measurements, the wind speed
varied from 3 to 12 kn and the rms waveheight from
0.10 to 0.25 m. Sound speed profiles were collected using
XBTs every ~30 min during the experiment from the ship as
it executed the reverberation pattern [see Fig. 3(b)] and are
similar to those at Site C1 in 2000, exhibiting only a modest
variability in space and time.

Data from one of the SUS events are shown in Fig. 8.
Note the peak levels across this frequency band are all
roughly 15 dB above the background reverberation/noise and
that the levels at 1000 and 1400 Hz are comparable to com-
mensurate frequencies in the Site C1 data. The cause of the
large peaks in the reverberation match-filtered time series at
12 and 15 s is unknown at this time, and may be due to other
mud volcanoes or carbonate mounds. Match-filtered rever-

FIG. 5. Reverberation beam time se-
ries data from Site C1, leg 2 event 3.
The reverberation from the largest MV

is at 27.5 s, and is 10-15 dB above
the background noise/reverberation.
The features responsible for the re-

turns at other times (e.g., 22 s) are not
known at this time. The receive array
was linear, i.e., composed of single el-
ements.
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FIG. 6. Reverberation beam time se-

45 ries data from Site C1, leg 2 event 1
(1.5 km further north than that in Fig.
5). The reverberation from the largest
MV is at 26.3 s. The receive array was

linear, i.e., composed of single ele-
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beration time series to the same MV using a coherent pulse
(1.5 s 700—1700 Hz LFM) at a different range are shown in
Fig. 9. The reverberation from the MV at 21.6 s is about
15 dB above the background.

In summary, the observations show consistent returns
from the mud-volcano cluster. The characteristics of the re-
turns are robust, i.e., not greatly sensitive to precise location,
time, or waveform.

IV. STATISTICAL ANALYSIS

The following presents a statistical analysis of the mud-
volcano echoes in 100 Hz bands at various center frequen-
cies and proffers a statistical model to represent the echo
envelope PDF. The 100 Hz bands are representative of what
a coherent-source active sonar system might utilize. A statis-
tical characterization of the envelope of the mud-volcano
echoes could be used to improve modeling of active sonar

performance in the presence of mud volcanoes and simula-
tion of active sonar clutter representative of mud-volcano
echoes.

A. Probability of false alarm analysis

From a statistical perspective, the reverberation time se-
ries described in Sec. III (e.g., Fig. 4) visually appear to be
mostly Rayleigh with some spikiness representative of active
sonar clutter, particularly in the region of the mud-volcano
echoes. To quantify this, the probability of false alarm (Py,)
is estimated from 1 s snippets of data centered at the time of
the mud-volcano echoes from four SUS shots'? at Site C1 as
well as from (arbitrarily) 2.5 s after and 5 s prior to each
SUS shot. Before estimating Py, the data are filtered to
100 Hz bands with center frequencies of 160, 350, 800, and
1400 Hz (the center frequencies were chosen arbitrarily
across roughly a decade of frequency). The envelope of the
bandpass-filtered data is formed and then the time-varying
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FIG. 7. Comparison of reverberation
beam time series at 800 Hz from three
shots at Site C1. The time base has
been shifted to account for the slightly
different ranges from the feature. Leg
2, event 3 is shown in the gray curves
in both plots: (a) leg 2, event 2 (black
line) and (b) leg 4 event 3 (black line).
The two events in (a) are separated by
10 min, 1.2 km, and ship bearing of
1°; the two events in (b) are separated
by 148 min, 0.03 km, and ship bearing
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background reverberation and ambient noise power level is
removed using a sliding-window cell-averaging constant-
false-alarm-rate normalizer'* with 0.25 s auxiliary data win-
dows placed 0.075 s before and after each test cell. The data
from the four frequency bands and four SUS shots are then
combined to estimate the Pg,. As seen in Fig. 10, the Py,
estimated from the mud-volcano echoes is extremely heavy
tailed compared with the Py, estimated from the earlier time
window, which is closer to the Rayleigh probability density
function (PDF), though still heavy-tailed. As is often the
case, the ambient noise observed prior to the SUS charge is
close to the Rayleigh PDF. From the Py, curves shown in Fig.
10, it is clear that the mud-volcano echoes as well as echoes
from other scatterers in the area will produce false alarms in
sonar detection algorithms.

B. Statistical modeling of mud-volcano echoes

Other researchers have noted non-Rayleighness in rever-
beration, for example, Ref. 15 presented data from exposed
basaltic relief near the mid-Atlantic Ridge. They concluded
that, in that environment, scattering from randomly distrib-
uted facets of the same scale as the wavelength gave rise to
the non-Rayleigh reverberation. Reference 1 identified rock
outcrops in the Malta Plateau as a source of active sonar
clutter and hypothesized natural sediment disturbances and
changes in sediment type as other possible geologic sources.

To develop an appropriate statistical model for scattering
from the mud volcanoes, we first consider the multibeam
bathymetry data found in Fig. 2(a). The data are interpolated
to a 5 m resolution grid and used to estimate the distribution
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FIG. 9. Reverberation beam time series from Site C5 (see Fig. 1). The
source pulse was a 1.5 s 700—1700 Hz LFM. The reverberation from the
largest MV is expected at 21.6 s.
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function of mud-volcano height above the sea floor (i.e., the
height field or rough surface) in terms of an exceedance
probability. This is presented in Fig. 11 as the probability of
observing a depth shallower than that noted on the abscissa.
For depths shallower than 164 m, the exceedance distribu-
tion function (EDF) is seen to closely follow an exponential
distribution. An exponential distribution of heights is not un-
usual in nature, for example, see Refs. 16 and 17 for arctic
sea-ice keels. An exponentially distributed sea-floor height
was used in Refs. 18 and 19 to evaluate the statistics of
reverberation from a rough surface in a waveguide through
simulation and theoretical analysis. The reverberation from
the exponentially distributed sea-floor heights was found'® to
be well represented by the K distribution.”

However, in the case of mud volcanoes the scattering
appears to be dominated by carbonate chimneys (see Sec.
V C), which are of a smaller scale than probed by the multi-
beam bathymetry data. It is plausible that the heights of the
carbonate chimneys are also exponentially distributed (self-
similar statistics are not uncommon in geological surfaces).
Based on the observation that the scattering appears to be
roughly independent of frequency over a decade and inde-
pendent of azimuth, a field of randomly sized spheres (rep-
resentative of the squat carbonate chimneys) may be a more
appropriate (though admittedly simplistic) model than the
rough-surface model. Based on the results of Reference 21,
such a field of discrete scatterers with an exponentially dis-
tributed size would give rise to a K-distributed reverberation
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FIG. 10. The probability of false alarm is shown for, in order of increasingly
heavy PDF tails, the Rayleigh PDF (solid black line), ambient noise (dash-
dot line), reverberation received from 2 to 3 s after the SUS charge (dotted
line), and mud volcano echoes (dashed line). The threshold is shown in
linear scale (not decibels).
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FIG. 11. Probability of observing a depth shallower than that noted on the
abscissa [i.e., the exceedance distribution function (EDF) of the bathymetry]
in mud volcano area, illustrating a very good fit to an exponential EDF
(dashed line) shallower than approximately 164 m depth. The deeper depths
are primarily associated with the northeast and southwest regions of the
survey region where the bathymetry is gently sloping.

envelope with the shape parameter proportional to the num-
ber of scatterers within the sonar resolution cell.

The fit of the K distribution to the mud-volcano rever-
beration is evaluated by analyzing the data obtained from the
same four SUS events at Site C1. The array data are beam-
formed and the beam with the strongest mud-volcano echo is
chosen from which 1 s windows of data centered about the
mud-volcano echoes are taken for analysis. Prior to statistical
analysis, the envelope of 100 Hz bands with center frequen-
cies varying from 100 to 1400 Hz in 100 Hz increments is
formed and the time-varying average background power
level is removed using the previously described normaliza-
tion process. A Kolmogorov-Smirnov (KS) test™ was applied
to the data to determine how well they fit the Rayleigh and K
distributions. The PDF of the K distribution is

a2 |
VFSF(Y)(\’E \e) W

where y is the reverberation envelope, 7y is the shape param-
eter, £ is the scale parameter, and K is the modified Bessel
function of the second kind. A Rayleigh PDF with the same
average intensity is

fr(y) =

2y 2
fy(y) = ?6‘ 0 /P)7 (2)

where the power is P=¢£7y. Holding the product &7y constant,
the K distribution simplifies to the Rayleigh distribution as
y— % indicating that large values of 7y result in a distribution
very similar to Rayleigh while small values of 7y result in
clutter-like, heavier-tailed distributions.

The asymptotic p value of the KS test statistic was used
to accept or reject the data as being well fit by these two
distributions at the 0.01-significance level (i.e., the probabil-
ity of rejecting the fit when it is correct is 0.01). Of the data
analyzed, 35 of 56 samples (63%) were fit well by the Ray-
leigh distribution and 54 of 56 (96%) were fit well by the K
distribution. It should be noted that the power of this test
(i.e., the probability of rejecting the fit when the PDF model
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FIG. 12. K-distribution shape parameter estimates (tick marks) from mud
volcano echoes are shown for four SUS shots before (black) and after (gray)
accounting for the varying mud volcano echo energy to background diffuse
reverberation and ambient noise power ratio. Data are only shown for cases
where this ratio is greater than —10 dB with the following key x=Leg2Evl,
O=Leg2ev2, O=leg2Ev3, < =leg4ev3. The solid and dashed lines repre-
sent the median over the displayed data.

is incorrect) is limited owing to the small time-bandwidth
product (=100) of each data sample. The data fit well by the
Rayleigh distribution came from the lower center frequencies
(500 Hz and below) where the mud-volcano echoes were
less distinguishable from the background (diffuse reverbera-
tion and/or ambient noise).

As previously mentioned, the shape parameter of the K
distribution is indicative of how heavy-tailed the reverbera-
tion envelope PDF is compared with the Rayleigh PDF. It
also provides a link from the statistics of reverberation to
physical mechanisms of scattering21 and has recently been
used to infer the spatial density of independent scatterers on
the sea floor.”> Based on the target strength estimates de-
scribed in Sec. V, which are roughly constant over the fre-
quency band being evaluated, the number of independent
scatterers, and therefore the K-distribution shape parameter,
is not expected to vary with center frequency. The
K-distribution shape parameter is estimated from each of the
aforementioned 1 s data windows using the bootstrap tech-
nique described in Ref. 24. The results are seen in the upper
portion of Fig. 12 where a decreasing trend from a high of
near 20 to a low near 0.2 is observed as center frequency
increases, contradicting the expectation of a constant shape
parameter. The solid line is the median of the shape-
parameter estimates from the four SUS shots as a function of
center frequency. The regions of high shape parameter cor-
rectly correspond to the regions where the KS test indicated
a good fit to the Rayleigh distribution. The lowest values
(occurring at the highest center frequencies) are representa-
tive of very heavy-tailed non-Rayleigh reverberation and
would clearly cause false alarms in a sonar detection algo-
rithm.

Based on the results of Ref. 21 the decreasing shape-
parameter trend might be expected to arise from the decrease
in the receive-array beamwidth causing a decrease in the
number of scatterers contributing to the received signal at
higher frequencies. However, the analysis of Ref. 21 assumes
spatial isotropy in the scattering, which is not the case here.
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Owing to the spatial compactness of the mud volcanoes rela-
tive to the sonar resolution cell cross range, decreasing the
beamwidth (as arises from an increase in center frequency
for a towed array) does not remove mud-volcano echoes in
the received signal, but results in less diffuse reverberation
and ambient noise and therefore a higher mud-volcano echo-
to-background power ratio. As such, the data, prior to form-
ing the envelope, may be more appropriately modeled by the
sum of a K-distributed component representing the mud vol-
canoes and a complex-Gaussian component representing the
background diffuse reverberation and ambient noise. The
higher order moments of this combination may be used to
form an equivalent shape parameter,25

yx=(1+ 1/77)2’}’0, (3)

where 7, is the shape parameter of the K-distributed compo-
nent and 7 is the power ratio of the K-distributed component
(the mud-volcano echoes) to the Gaussian component (the
diffuse reverberation and ambient noise). Choosing # based
solely on the beamwidth of the array did not significantly
reduce the spread of the shape parameter estimates observed
in Fig. 12, perhaps owing to frequency-dependent ambient
noise power levels. Therefore, in this preliminary analysis, 7
is estimated from the data in order to evaluate 7,, which
could then be used in performance modeling or simulating
mud-volcano echoes. As a 1 s window of data is used to
estimate the K-distribution shape parameter, 7 is approxi-
mated by the ratio of the energy in the data samples exceed-
ing a threshold (those assumed to arise from the mud vol-
cano) to the total energy in the data window when the mud-
volcano samples (the threshold crossings) are replaced by the
threshold value. Since the mud-volcano echoes were not vis-
ible at many of the lower frequencies (see the analysis pre-
sented in Sec. V C), the threshold was chosen by first finding
the maximum normalized value for each center frequency
and then choosing the smallest one as the threshold. When
the resulting value of 7 was greater than —10 dB, it was used
to compute vy, as found in the lower portion of Fig. 12 along
with the median (dashed line) over the samples at each center
frequency. The larger variation at the lower center frequen-
cies arises from the lower values of 7 observed at these
frequencies as well as the increased variance expected for
estimates of higher shape-parameter values (for large values
the Cramer-Rao lower bound for the shape parameter is pro-
portional to the shape parameter squaredn). At the higher
center frequencies (600 Hz and above), the shape parameter
estimates exhibit less spread with 27 of 31 (87%) lying be-
tween 0.1 and 0.2. Such consistency supports the expectation
that the shape parameter does not vary over these center
frequencies and that these mud-volcano echoes result in a
K-distribution shape parameter on the order of 0.1 to 0.2 for
100 Hz bandwidth processing. This conclusion is also sup-
ported by analysis with varying window sizes where the es-
timates of 7y and 7 change but the estimates of y, predomi-
nantly remain in the 0.1 to 0.2 range. Therefore the model
comprising both K- and Rayleigh-distributed components
may be used to examine sonar performance or simulate data
from mud volcanoes where the mud-volcano shape param-
eter is taken as constant and quite small.
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C. Discussion

The analysis in this section has been restricted to 100 Hz
bands owing to their relevance to coherent-source active so-
nar systems and results in estimates of 7, in the range 0.1 to
0.2. This may be interpreted as the average number of mud
volcanoes contributing to the sonar resolution cell for the
given array and processing bandwidth and includes any po-
tential effect of propagation. The results of Ref. 21 indicate
that, in the absence of any propagation effects, one scatterer
with an exponentially distributed size contributing to the so-
nar resolution cell would result in a K-distribution shape pa-
rameter of 0.5. Estimates smaller than 0.5, as observed in the
mud-volcano data, can arise from nonstationarity in the sam-
pling window or discrete scatterers following a size distribu-
tion function heavier tailed than the assumed exponential
PDF. Nonstationarity in the sampling window certainly does
arise from anisotropy in the spatial distribution of mud vol-
canoes, evident in Fig. 2 where the gentle slope in the south-
west and northeast regions results in a reduced backscatter-
ing strength. Coupled with the significant cross-range extents
of the sonar resolution cell (approximately 500—4000 m for
the data considered), measured reverberation is clearly not
from a homogeneous spatial distribution of mud volcanoes.

However, neither is there firm evidence that the size of
the carbonate chimneys follows an exponential PDF. Despite
the exponentially distributed mud-volcano heights, the car-
bonate chimney sizes may in fact follow some other super-
exponential distribution (i.e., a distribution with heavier
tails). It is also possible that the heavy tails in the PDF arise
from over-resolution of a scatterer by the sonar resolution
cell when the scatterer is not significantly larger than a wave-
length, which occurs in the down-range dimension where the
100 Hz-bandwidth processing results in a 7.5 m cell size, the
carbonate chimneys are approximately 10 m in diameter, and
the wavelengths range from 1 to 9 m. Thus, in the current
analysis, both explanations for the small shape parameter
values are tenable and currently not resolvable without addi-
tional information.

Although propagation in a waveguide is expected to in-
crease the K-distribution shape parameter as compared with
direct-path scattering (see Refs. 18 and 26), the spatial com-
pactness of the mud-volcano field should result in a minimal
difference between a direct-path and long range estimate.
Essentially, the increase in the shape parameter arises from
multiple, statistically independent parts of the bottom com-
bining coherently as a result of multipath propagation. The
spatial compactness of the mud volcanoes is expected to
dominate contributions from other parts of the sea floor,
which essentially act to reduce 7, but not affect 7y, in the
proposed model. This is supported by the rapid decay of the
multipath echoes (discounting the SUS bubble pulse) seen in
Sec. V B.

Future research will explore these issues through the
analysis of a larger data set in an attempt to estimate the
spatial density of mud volcanoes through long-range rever-
beration measurements and refine the statistical modeling
presented in this section.
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FIG. 13. The distribution of intensity in the vertical plane at 21 km 140 m
water depth at 350 (---), 800 (---), and 1400 Hz (solid line) assuming isove-
locity and range-independent bathymetry. The geoacoustic properties for
these predictions were derived from seabed reflection and transmission loss
data (see Sec. V B).

V. TARGET STRENGTH ANALYSIS

Target strength is a useful quantity that provides a
simple measure of the scattered field associated with a fea-
ture, in this case a mud volcano. In particular, the target
strength is required for the statistical analysis (Sec. IV) and
is also of interest to compare with the target strength esti-
mates from direct-path measurements’ in order to draw con-
clusions about the similarities or differences between the
scattering mechanism between the two time periods. The fre-
quency dependence of the target strength can provide clues
about the scattering mechanism, which provides the founda-
tion for development of feature scattering models.

A. Method
The simple sonar equation for target strength (TS) is
TS =RL-SL+2TL, (4)

where RL is received level, SL is source level, and TL is the
transmission loss. Thus, an estimate of the target strength can
be obtained by measuring RL and TL. Here, instead of mea-
suring TL from the source-receiver to the location of the
scattering feature (the MV), as required by Eq. (4), we em-
ploy nearby TL and seabed reflection measurements to ob-
tain an estimate of the sediment geoacoustic properties and
then use those properties to predict TL over the specific
source-to-scatterer-to-receiver paths. The source level from
the SUS is obtained from empirical relations.”’

For extended targets, Ref. 28 points out that the sonar
equation is only valid under the condition where the scatter-
ing cross section is approximately independent of vertical
angles +A# that span the dominant waveguide modes. The
vertical angles that are expected at the mud volcanoes as a
function of frequency are shown in Fig. 13. This is approxi-
mately met for objects of spatial extent L and wavelength A\
when 2A0<<\/(2L) or when the object is a sphere “or cer-
tain other rounded objects.” While the first condition is not
met at frequencies above ~500 Hz, the “certain rounded ob-
jects condition” is met inasmuch as direct path measure-
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FIG. 14. The bathymetry, sound speed profile (gray line), source (*) and
VLA receiver (@) position for the transmission loss measurement in Bound-
ary2002. See Fig. 1 for geographic location.

ments (800-3600 Hz) indicate that the scattering is nearly
independent of vertical angle from near horizontal to 45°
grazing (see Ref. 7). Thus, the sonar equation approach
should be valid over the entire frequency range of interest
here.

One of the issues in target strength modeling is the
proper definition of the incident field on the scatterer. If the
scatterer were flush with the seabed, the conventional ap-
proach is to assume that the field incident on the scatterer is
one-half the full field at the seabed. If the scatterer is in the
water column the full field is used. In this case, given our
understanding from the direct path measurements,’ the scat-
tering mechanism appears to be the carbonate chimneys on/
near the top of the mud volcanoes (i.e., in the water column).
Thus we take the full field. If one-half the full field was
correct we would need to add 10 1log;((2%)=6 dB to our tar-
get strength estimates. Another issue related to the incident
field is the selection of what height above the seabed to take
it: toward the base, the middle, or the top of the mud vol-
cano. The correct approach depends again on where the scat-
tering is coming from—the evidence from the direct path
results indicate that the scattering is not coming from near
the base, the evidence rather points to the carbonate chim-
neys along the top of the MVs. Thus we use the computed
field (TL) from the top of the MV, i.e., 5 m above the seabed.

B. Geoacoustic model development

In order to obtain estimates of the seabed properties we
use a combination of transmission loss and seabed reflection
data.

Transmission loss data were collected in close proximity
to the reverberation measurements (see Fig. 1 for location)
during the Boundary2002 Experiment.11 A series of Mk82
SUS sources were employed at 91 m depth and the receiver
was a moored vertical array of 64 elements spanning the
lower portion of the water column (see Fig. 14). The pressure
time series at 90 m depth and 17.8 km is shown in Fig. 15;
total time spread is about 500 ms. Note the three distinct
arrivals separated by about 40 ms, which are associated with
the bubble pulse. The time series data were processed in 1/3
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FIG. 15. Received pressure time series at 17.8 km, 90 m depth. Note the
arrivals at about 40 ms spacing which are associated with the SUS bubble
pulse. That is, for a 0.82 kg source at 91 m, the bubble pulse is predicted to
be 42 ms.

octave frequency bands using source levels from empirical
relations”’ to obtain transmission loss (TL), Fig. 16. The field
is nearly independent of depth as expected from a nearly
isovelocity sound speed profile. Though there is small slope
along the track (about 0.03°), the propagation model (PE)
shows that this range dependence has a negligible impact on
the TL.

Broadband seabed reflection data were collected at the
northern end of the propagation track, using a seismic Uni-
boom source and a single hydrophone receiver (see Ref. 29
for more details on the data collection and processing de-
tails). These data were analyzed in the time and frequency
domains to obtain a geoacoustic model (see Table I) using a

TABLE 1. Geoacoustic model for area between Sites C1, C5 and the mud

volcano cluster.

Sound
Thickness speed Attenuation Density
(m) (m/s) (dB/m/kHz) (g/cm?)
1.74 1488 0.05 1.51
2.94 1551 0.1 1.79
1.68 1624 0.1 2

1563 0.1 1.9

Bayesian appr()ach.30 The Bayesian approach yielded values
for density, sound speed, and layer thickness with modest
uncertainties, however, the uncertainties associated with the
attenuation were quite large (see Ref. 30). The layer attenu-
ations (in Table I) used in this study were obtained by ad-
justing the values until a reasonable fit to the TL was ob-
tained. There was no attempt to determine a depth-dependent
attenuation profile, other than to allow the first layer, a silty-
clay fabric that typically has relatively low attenuation, to
have a value distinct from the other layers. The predicted TL
using this geoacoustic model compares favorably with the
measured TL data in Fig. 16.

C. Mud-volcano target strength results

Target strengths are estimated using Eq. (4) for five
shots that occurred within 3 h and ~2 km of each other from
Site C1. The received level is obtained by picking off the
peak value of the reverberation associated with the time/
bearing corresponding to the largest MV in the cluster. Gen-
erally, the highest amplitude associated with the reverbera-
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tion from the entire MV field appears to be associated with
the largest MV [see Fig. 2(a) at 36.5716N 14.4383E].

The source level from the SUS is obtained from empiri-
cal relations,” corrected to power spectral density (7
=1/12 s). The two-way TL is estimated using the geoacous-
tic model in Table I in the PE model RAM including water
column attenuation as a simple correction, e~ 2Br where Bis
the seawater attenuation. The model predictions were aver-
aged incoherently across a 100 Hz band. The bandwidth was
selected to be consistent with the statistical analysis (Sec. IV)
and is a compromise between narrow bandwidths which re-
sult in large fluctuations in the TL, and large bandwidths
which reduce the ability to probe the frequency dependence
of the target strength. The predicted transmission loss for the
Site C1 experiment at 160 and 1400 Hz is shown in Fig. 17.
The TL for the target strength is taken at 5 m above the
seabed at the range/time associated with the distance to the
largest MV for each ping, averaged over the radial dimension
(c7/2) of the scattering area.

The mean target strengths measured from the reverbera-
tion are shown in Fig. 18 (open circle); the error bars show
the standard deviations for the five shots (for the lower two

20}

—_
o

-10¢

Target Strength (dB)
o

10 10” 10°
Frequency (Hz)

FIG. 18. Target strength measured from the largest MV using long-range
reverberation at Site C1 (O) for a 100 Hz bandwidth. Also shown are mea-
sured target strengths (200 Hz bandwidth) from direct-path measurements
(#) from the same MV (Ref. 7). Predicted target strength from a sphere of
radius 5 m is shown in the gray line. Above 100 Hz, the model prediction is
averaged over a 100 Hz band and above 1600 Hz, the model is averaged
over a 200 Hz band (commensurate with the direct-path data).
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FIG. 17. (Color online) Predicted
transmission loss in decibels from Site
Cl to MV at (a) 160 Hz and (b)
1400 Hz predicted by PE (RAM) in a
100 Hz band used to estimate target
strength. The MV cluster of interest is
at about 21 km. The sound speed pro-
files are shown in Fig. 3(a).

10 15 20
Range (km)

frequencies there were only four shots). Also shown are mea-
surements of short-range direct path mean target strength
(closed diamond) of the largest MV at low grazing angles
3°-5° (see Ref. 7 for discussion of these data). A few aspects
of the two data sets should be noted. First, the inherent vari-
ability of the TS is generally much greater for the long-range
data than for the direct path data as expected (though admit-
tedly the sample size for the long-range data, four to five
shots, is quite small; the short-range data are averaged over
15 pings). In addition, we expect that the inherent accuracy
is greater for the direct path data, since no knowledge about
the sediment geoacoustic properties is required, and the rela-
tive distance/time scales associated with the water column
variability are much smaller. Finally, note that the cross-
range dimension of the insonified patch for the long-range
data is 475 m at 1400 Hz, and is inversely proportional to
frequency so that at 160 Hz, the cross-range dimension is
4 km. For the direct path TS data, the source and receiver
were omnidirectional in the horizontal plane.

A salient point in this comparison (Fig. 18) is that the
target strengths from the two measurement techniques are
remarkably similar. We reason that this agreement between
the two measurements conducted at two different times indi-
cates that the scattering mechanisms between the two time
periods are also similar. Since there is strong evidence that
the scattering mechanism in the short-range data was due to
carbonate chimneys,7 it follows that the most likely scatter-
ing mechanism for the long-range data is due to the same
mechanism. Other possible explanations are briefly explored.
It should be noted that the azimuths of the short and long-
range measurements differed somewhat, respectively ~35°
and 75° relative to the axis of the MV. Thus, another possible
explanation for the similar TS is that there were different
scattering mechanisms during the two time periods, but the
resulting TS difference was precisely compensated for by the
azimuthal dependence between the two mechanisms. How-
ever, given the relatively modest differences in azimuth
(40°), and the fact that the carbonate chimneys appear to be
circular in the azimuthal plane so that scattering should be
independent of azimuth, this explanation seems unlikely. It
might also be argued that the scattering mechanisms might
differ, but the target strength remains the same. However,
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TABLE II. Properties of an idealized carbonate chimney used to model
scattering from a viscoelastic sphere.

Shear ~ Compressional

Compressional  speed attenuation Shear attenuation — Density
speed (m/s) (m/s) (dB/m/kHz) (dB/m/kHz) (g/cm?)
2200 1000 0.1 20 2.2

invoking Occam’s razor, the simplest explanation of the ob-
served target strength consistency is the consistency in the
underlying scattering mechanism.

The frequency dependence of the target strength can
provide clues as to a suitable model for the scattering. Note
that over the decade of frequency, the scattering is roughly
independent of frequency. This characteristic suggests using
the model of sphere, which gives a scattering strength inde-
pendent of frequency, for frequencies above ka> 1, where a
is the sphere radius, or characteristic length of the scattering
object. Taking the characteristic length as the radius of one of
the larger carbonate chimneys, a=5 m, and treating the
sphere as viscoelastic, the predicted target stlrength3 "is in
reasonable agreement with the observations (see gray line
Fig. 18).

The current measurements extend the prior observations
(reported in Ref. 7) down by several octaves in frequency.
Since there is evidence of multiple carbonate chimneys on
some of the M Vs, it is expected that the total target strength
is generally a sum of several carbonate chimneys, the num-
ber depending on the size of the insonified area. Assuming a
relatively small number of carbonate chimneys insonified in
a given patch (side-scan data’ suggest that the total number
is small, approximately less than 5 for the data here) a
=2 m is a reasonable lower bound to the largest characteris-
tic scale. In other words, if the largest characteristic scale
was much smaller than a=2 m, the predicted target strength
at 160 Hz would be much lower than observed. The geoa-
coustic parameters for the proxy sphere model are given in
Table II. Though the actual properties of the carbonate chim-
neys are unknown, it should be noted that the scattering
strength is relatively insensitive to the geoacoustic properties
(see the discussion in Ref. 7).

VI. DISCUSSION AND CONCLUSIONS

Analysis of reverberation measurements in a littoral re-
gion in the Straits of Sicily show strong returns associated
with mud volcanoes. This fact leads to both a challenge and
an opportunity. The challenge is that the presence of mud
volcanoes in littoral regions likely leads to performance deg-
radation for active sonars, due to increased probability of
false alarm. The statistical analysis confirms that the rever-
beration associated with the mud volcanoes is strongly non-
Rayleigh.

On the other hand, the global climate change community
has raised the hypothesis that shallow-water mud volcanoes
may be a significant and, as yet, missing contributor to the
overall atmospheric methane budget.32 Measurements near
the mud volcanoes show substantially elevated levels of
methane.” Since the scale of shallow water mud volcanoes is
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fairly small, it means that traditional geophysical survey
methods for finding them will be costly. The opportunity for
the global climate community is that using an active sonar
approach will increase survey coverage rates by two to three
orders of magnitude.

Gas ebullition from mud volcanoes is inherently epi-
sodic and the time scales of ebullition are expected to vary
widely, depending on the local geologic and oceanographic
characteristics. It is believed that the mud volcanoes studied
here are “active,” the evidence for this being that there are no
bio-constructions’ on the edifice. However, during visual and
sonar observations in 2004, there was no evidence of bubbles
from the mud volcanoes (though there were high levels of
dissolved methane seeping from the seabed). In addition, the
direct path measurements showed that scattering from the
water column above the mud volcanoes was negligible.7 The
similarity of the targets strengths from the 2000 data thus
suggest that the scattering was caused by the same mecha-
nism (i.e., not bubbles). Given so few observations, it is not
possible to infer anything about the time scales of ebullition
for these particular mud volcanoes. Knowledge of the time
scales would be quite important, however, inasmuch as the
reverberation statistics are expected to be very different de-
pending on whether or not gas ebullition (in the form of
emitted bubbles) is present. The leading hypothesis for the
scattering mechanism in the 100—5000 Hz band is the car-
bonate chimneys (of order 10 m in diameter and several
meters in height) on the mud volcanoes. Thus, the results
presented here represent our understanding of acoustic scat-
tering from mud volcanoes in a quiescent state.

The results here are also valuable for developing clutter
models. A statistical model comprising both K- and
Rayleigh-distributed components may be used to examine
sonar performance or simulate data from mud volcanoes
where the mud-volcano shape parameter is taken as constant
and quite small, roughly 0.1 to 0.2. The scattering amplitude
of the mud volcanoes can be modeled by a sphere of com-
parable dimension to the carbonate chimneys.
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This paper addresses the task of recovering the geoacoustic parameters of a shallow-water
environment using measurements of the acoustic field due to a known source and a neural network
based inversion process. First, a novel efficient “observable” of the acoustic signal is proposed,
which represents the signal in accordance with the recoverable parameters. Motivated by recent
studies in non-Gaussian statistical theory, the observable is defined as a set of estimated model
parameters of the alpha-stable distributions, which fit the marginal statistics of the wavelet subband
coefficients, obtained after the transformation of the original signal via a one-dimensional wavelet
decomposition. Following the modeling process to extract the observables as features, a radial basis
functions neural network is employed to approximate the vector function that takes as input the
observables and gives as output the corresponding set of environmental parameters. The
performance of the proposed approach in recovering the sound speed and density in the substrate of
a typical shallow-water environment is evaluated using a database of synthetic acoustic signals,

generated by means of a normal-mode acoustic propagation algorithm.
© 2007 Acoustical Society of America. [DOIL: 10.1121/1.2772232]

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

I. INTRODUCTION

Inverse problems in underwater acoustics are associated
with measurements of the acoustic field performed in the
frequency or in the time domain. In this framework, a set d
of observables is defined, which forms the input parameters
of the inverse problem. The observables are related to the
recoverable environmental parameters m through a linear or
nonlinear vector equation of the form 7(d,m)=0.

The inversion procedure is based on the properties of the
relationship between m and d, and it is considered to be
more efficient if even small variations of the environmental
parameters are associated with observables which can be
clearly discriminated via the mapping 7(-, -). Since the per-
formance of a specific inversion procedure is directly related
to the selected observables, defining observables which are
easily identifiable and as sensitive as possible to changes of
the environmental parameters, constitutes an important task.

Determining the sea-bed parameters from acoustic mea-
surements obtained in the water column is among the most
interesting inverse problems in underwater acoustics.'™ It
should be noted that most of the inversion procedures and
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the associated observable identification (feature extraction)
are based on deterministic approaches. In recent work,”® we
proposed a novel observable for acoustic signals, based on a
symmetric alpha-stable (SaS) statistical modeling of the co-
efficients obtained after a transformation of the original sig-
nal using the one-dimensional (1D) dyadic wavelet transform
(DWT). Then, a classification scheme was designed by com-
bining the extracted features, that is, the estimated SaS pa-
rameters at each wavelet subband, with a closed-form ex-
pression of the Kullback-Leibler divergence (KLD) between
SaS distributions. First results based on synthetic data
showed that the proposed scheme provided a very accurate
classification of a recorded acoustic signal in the true un-
known environment, specified by several sets of parameters
(e.g., sound speed profiles in the water and/or bottom do-
mains, layer thicknesses and densities, source location, etc.).

Based on the above, in this paper we treat the inverse
problem as a function approximation problem. In particular,
we consider a nonlinear mapping 7 with arguments the esti-
mated SaS parameters and output the set of the correspond-
ing environmental parameters. Our goal is to find an accurate
approximation of 7. An efficient approximation of such a
mapping between an acoustic field and its corresponding
geoacoustic parameters is achieved using neural network-
based approaches. In previous studies,”® the inversion pro-
cess was carried out by employing multilayer feed-forward
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neural networks. In the present work, a neural network-based
approach is employed using radial basis functions (RBF),
since it is well known that RBF neural networks provide a
suitable approximation to nonlinear functions in an efficient
way. In particular, we propose a modified version of the stan-
dard RBF neural network, by replacing the Euclidean dis-
tance function, which measures the similarity between the
input vectors and the centers of the hidden neurons, with the
KLD between SasS distributions.

The paper is organized as follows: In Sec. II, the statis-
tical modeling via SaS distributions is described, and the
procedure for the design of the modified RBF network based
on the KLLD between SaS distributions is analyzed in detail.
In Sec. III, the proposed RBF neural network is applied to a
database of simulated acoustic signals generated in a shallow
water environment to evaluate the inversion performance.
Finally, we conclude in Sec. IV giving some future research
directions.

Il. THEORETICAL BACKGROUND

In the following, we introduce the main mathematical
background of the proposed inversion scheme.

A. Statistical modeling via SaS distributions

The proposed geoacoustic inversion process is per-
formed in two steps: First, a feature extraction procedure is
applied, which represents the information content of a given
acoustic signal with an appropriate set of features and sec-
ond, the extracted features are used to build a RBF neural
network.

During the feature extraction step, the acoustic signal is
decomposed into several levels through a multiresolution
analysis employing the 1-D DWT. This transform works as
follows: Starting from the given signal s(f), two sets of co-
efficients are computed at the first level of decomposition, (i)
approximation coefficients Al and (ii) detail coefficients D1.
These vectors are obtained by convolving s(¢) with a low-
pass filter for approximation and with a high-pass filter for
detail, followed by dyadic decimation. At the second level of
decomposition, the vector Al of the approximation coeffi-
cients is decomposed in two sets of coefficients using the
same approach replacing s(¢) by Al and producing A2 and
D2. This procedure continues in the same way, namely at the
kth level of decomposition we filter the vector of the ap-
proximation coefficients computed at the (k—1)th level.
Thus, when s(7) is decomposed in L levels, we obtain a set of
L detail subbands (containing the high-frequency content)
and one approximation subband (containing the low-
frequency content).

For short-time, pulse shallow-water acoustic signals, the
1-D DWT seems to be a powerful modeling tool, providing a
natural arrangement of the wavelet coefficients into multiple
levels representing the frequency content of the signal in
consecutive bands.’ Besides, it has been pointed out that the
wavelet transforms of signals which present such a transient
behavior tend to be sparse, resulting in a large number of
coefficients with small magnitude and a small number of
large magnitude coefficients.'” This property gives rise to

1960 J. Acoust. Soc. Am., Vol. 122, No. 4, October 2007

peaky and heavy-tailed non-Gaussian marginal distributions
of the wavelet subband coefficients.'

Following the acoustic signal decomposition, an accu-
rate fitting of the tails of the marginal distribution of the
wavelet coefficients at each subband is achieved by model-
ing them as SaS random variables. A SasS distribution is best
defined by its characteristic function:"!

#(1) = exp(ist — y*|1|%), (1)

where a is the characteristic exponent, taking values 0 <«
<2, 8- <5< ) is the location parameter, and (y
>0) is the dispersion of the distribution. The characteristic
exponent is a shape parameter, which controls the “thick-
ness” of the tails of the density function. The smaller the «,
the heavier the tails of the Sa:S density function. The disper-
sion parameter determines the spread of the distribution
around its location parameter, similar to the variance of the
Gaussian.

In our previous work,” the content of an underwater sig-
nal was accurately represented with a set of features, which
is much smaller in size than the signal itself or any other
representation in the frequency or wavelet domain. This set
contains the maximum likelihood (ML) estimated parameters
(a,y) of the SasS distribution at each wavelet subband.

Thus, for a given acoustic signal S, decomposed in L
levels, its feature vector d is given by the following set of
L+1 pairs:

SHd:{(al’ 71)7(‘12’ ')’2)7 a(aL+1a ')’L+1)}’ (2)

where (¢, ;) are the estimated model parameters of the ith
subband, using the consistent ML method described by
Nolan,'? which gives reliable estimates and provides the
tightest confidence intervals. Note also that we follow the
convention that i=1 corresponds to the detail subband at the
first decomposition level, while i=L+1 corresponds to the
approximation subband at the Lth level.

B. Inversion using a RBF neural network

As we demonstrated in a recent work,5 the KLD'" is
capable of distinguishing between two distinct acoustic sig-
nals, since the KLD between two signals generated in similar
shallow-water environments is almost zero, whereas it in-
creases when the signals are obtained from different environ-
ments. Thus, the function 7, which maps the estimated SaS
parameters d to the corresponding environmental parameters
m, is a well-defined nonlinear vector function. We also as-
sume that 7 defines a one-to-one correspondence between d
and m.

This observation yields that there is a nonlinear vector
function 7: A—R", where ACR2LD contains the esti-
mated parameters {(a;,v;),... (@1, V41)} of each signal
and n is the number of the environmental parameters we are
interested in. In this paper, the shallow-water environment is
modeled as a two-layered medium, with the first layer repre-
senting the water column and the second semi-infinite layer
representing the substrate. Then, we focus on the recovery of
the sound speed in the substrate, cg,, and the substrate den-
sity pgp,- That is, the function 7 maps the SaS parameters in
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FIG. 1. The radial basis neuron model.
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IR?, and particularly in vectors of the form m=[cy,, py,]. Note
that a similar problem can be defined for each set of recov-
erable environmental parameters. In our previous work,” it
was shown that the KLD is capable of performing the iden-
tification of the parameters characterizing the sound speed
profile in the water column as well.

Working in this framework, we proceed by converting
the inverse problem into a function approximation problem.
In particular, if we were able to approximate accurately the
function 7, then we would be able to find a solution to the
inverse problem, since the insertion of the estimated SaS
parameters of a signal, recorded in an unknown environment,
into 7, would result in the computation of the vector m
=[cg,ps,] With elements the substrate parameters of the un-
known environment.

An efficient process to solve the above-mentioned func-
tion approximation problem is achieved by using a RBF neu-
ral network,14 as it is well known that such a network is
suitable for the approximation of a nonlinear function. A
RBF network consists of two layers: a hidden radial basis
layer of N, neurons, and an output linear layer of N, neurons.
In the test case described in Sec. I C, N, can be at most
equal to the number of training samples (M) and N,=2, since
we are interested in recovering the two environmental pa-
rameters [Cgp,, Pgb -

Figure 1 shows the model of a single radial basis neuron
in the hidden layer. In particular, the net input, n, to the
transfer function is the vector distance between its center ¢
and the input vector d, multiplied by the bias b. Thus, the
output of the radial basis neuron, a, is equal to the value of
the selected transfer function evaluated at b-||d—c|.

Figure 2 shows the general architecture of a RBF net-
work. Each radial basis neuron of the hidden layer is denoted
by using its corresponding transfer function ¢, i=1,...,N,
while each neuron of the output linear layer is denoted by L;,
j=1,...,N,. Following the notation of Fig. 1, the output of a
single hidden radial basis neuron is given by a;=¢;(b;-|d
—¢;||), where b; and ¢; are the bias and the center of the ith
radial basis neuron, respectively. Then, the output of a neu-
ron in the linear layer is given by mj:Eﬁllwi,jaﬁbj. In a
common RBF network, the ||dist]| box in Fig. 1 measures the
Euclidean distance between the input vector d and the center
of the ith neuron, c;. The transfer function for a radial basis

. 2 . . .
neuron is ¢(n)=e™, which has a maximum of 1 when its
input is 0. As the distance between c¢; and d decreases, the

output increases. Thus a radial basis neuron acts as a detector
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FIG. 2. The general architecture of a RBF network.

which produces 1 whenever the input d is identical to its
center ¢;. Besides, the bias b; allows the sensitivity of the ith
radial basis neuron to be adjusted. For example, if a neuron i
had a bias of 0.1 its transfer function ¢,(n) would output 0.5
for any input vector d at vector distance of 8.326 (0.8326/b;)
from its center c;.

Thus, the jth component, m s of the vector function 7 is
approximated as a linear combination of the set of radial
basis functions:

_ Ny b_/':WO,j Ny
L@ ==X w;s(d) +b; = Zwidd), ()
i=1 i=0
where w; ; is equal to the weight of the edge connecting the
ith radial basis neuron with the jth output of the network (see
Fig. 2). In Eq. (3), the auxiliary radial basis function ¢y(d) is
the constant function ¢,(d)=1. The most common form of
basis function used is the Gaussian

Ja-c)f

¢i(d) = (b, [d-e) = exp(— —2>
20;
where ¢; and o; are the mean and standard deviation of the
basis function, respectively. This basis funclion is of the
form e with n=b;-|d-c;|, where b;=1/y20;. A hidden
neuron is more sensitive to input vectors near its center. This
sensitivity may be tuned by adjusting the widths (spread pa-
rameters) o;. For a given input vector, typically only a few
hidden units will have significant activations. Besides, the
spread parameters should be chosen large enough so that
neurons respond strongly to overlapping regions of the input
space, but they should not be too large so that each neuron
would effectively respond in the same large area of the input
space.

In the following, we study an inversion scheme based on
two different kinds of RBF networks. The first one employs
the standard RBF network architecture described so far, that
is, the ||dist| in Fig. 1 is the common Euclidean distance and
the transfer functions ¢; are Gaussians. The second novel
scheme is based on a modification of the standard RBF ar-
chitecture. In particular, we are interested in exploiting the
results of our previous work,5 where it was illustrated that
two distinct acoustic signals represented by their correspond-
ing feature vectors can be discriminated very accurately by
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employing a version of the KLD between two SasS distribu-
tions. Motivated by these results, we modify the standard
RBF network by replacing the similarity measure between
the input layer and the hidden radial basis layer, namely, by
replacing the Euclidean distance with the KLD between Sas$
distributions.

C. Modified RBF network

In the modified RBF network the similarity measure-
ment between an input vector d and the ith radial basis neu-
ron’s center ¢; is carried out by employing the KLD between
two SaS§ distributions. In our previous study,5 we showed
that a chain rule can be applied in order to combine the
KLDs from the multiple wavelet subbands. In particular, the
overall distance between two acoustic signals S; and S,,
which are represented by the feature vectors d; and d, given
by Eq. (2), respectively, has the following expression:

L+1
D(S,,S,) = D(d,.d,) = E D (ésl,k”ész,k)» 4)
k=1
where D(§s, [|ds, ) is the KLD between the kth wavelet
subbands of the two signals, which is evaluated using the
estimated SaS parameters (a4, ¥, ) and (@, ., ¥24), respec-
tively. This marginal KLD is given by

P bk 1
D (gs, lldgs, ) = ln(l_) -
1.k ay k

ar+ 1

Yok |2 F< zilk )

) (5)
Y1k F(—)
Ay k

with [;;, i=1,2, being a normalizing factor, which is equal to

(=)

2T —

= —— ok (6)
Qi Yik

where I'(-) is the gamma function.

We modify the standard radial basis neuron model,
shown in Fig. 1, by replacing the Euclidean distance (com-
puted by the ||dist]| box) with the overall KLD between vec-
tors containing estimated SaS parameters (4). Accordingly,
the modified output of a single hidden radial basis neuron is
given by

a™ = ¢,(b;- D(d,c))), 7)

where D(d, ¢;) is the overall KLD between the input vector d
and the center ¢; of the ith radial basis neuron. The transfer
functions {¢(")}i=1._n, have the form,

¢di(d) = ¢i(b; - D(d,c;)) = exp(=b; - (D(d,ci))z),

where again the bias b; is inversely proportional to the spread
of the radial basis function, that is, b;~ 1/0;. Note that the
KLD is always non-negative, D(d;,d,) =0, with an equality
if and only if the corresponding SaS parameter pairs are
equal, (a;t, vi)=(ar s, v21), k=1,...,L+1. Thus, the trans-
fer function of the ith neuron has an output equal to 1 if and
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only if its center ¢; is equal to the input vector d.

Notice that the KLLD between SaS distributions, given
by Eq. (4), is not an actual distance function, since it does
not satisfy the property of symmetry. However, we can de-
fine a symmetrized version of the KLD as follows:

Dsym(dl’d2)=D(dl’d2)+D(d2’dl)- (8)

It can be easily verified that Dyy,,(-, ) satisfies all the prop-
erties of a distance function. In the subsequent illustrations,
we will also test the performance of a RBF network based on
the symmetrized KLD, that is, whose radial basis transfer
functions have the form

¢l(d) = CXP(— bi : (Dsym(d»c[))z) .

D. Training process

In our proposed scheme, the (standard or modified) RBF
network is trained using two different processes, namely, an
exact and a more efficient one (let P1 and P2 denote the
exact and the efficient process, respectively). The exact train-
ing process computes the weights {w; j}i-1 v, j=1....v, and
the biases {bj}i; . v, such that the produced network
achieves zero error on the training vectors. Besides, the exact
process creates as many radial basis neurons as there are
input vectors, where the ith input vector is used as the center
¢; of the corresponding neuron. The drawback of the exact
process is that it produces a large network when many input
vectors are needed to properly define a network.

On the other hand, the second and more efficient train-
ing process produces the RBF network iteratively, by adding
one neuron at a time, starting with a single neuron. At each
iteration, the input vector that will result in lowering the
network error the most is used to create a radial basis neuron.
The error of the new network is checked, and if it is low
enough the training process terminates. Otherwise, the next
neuron is added. Neurons are added to the network until the
sum-squared error (SSE) falls below a specified error thresh-
old or a maximum number of neurons is reached. Given a
network with K radial basis neurons and input-output pairs
{(d;,mp)};-;. k the SSE is given by

% &)

K
SSE= 2 |7(d)) - my
k=1

where ’7’(dk) is the approximation of the function 7 at the
input point d;, obtained at the output of the RBF network.

In both of the above-presented training processes it is
important that the spread parameter of the transfer function
of each radial basis neuron be large enough so that the neu-
rons respond to overlapping regions of the input space. This
also results in a better generalization for new input vectors
occurring between input vectors used in the training process.
However, the spread parameter should not be too large that
all the neurons respond in essentially the same manner.

For the standard transfer function, ¢(n)=e‘”2, the bias,
b;, of the ith radial basis neuron is related to the spread, o;, of
the corresponding transfer function with the expression: b;
=+/-In(0.5)/ ;. This means that if the neuron’s center ¢; is at
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TABLE I. The shallow water environment.

Water Depth (H) 200 m
Range (R) 5 km

Central frequency (f;) 100 Hz
Bandwidth (Af) 40 Hz
Source/receiver depth 100 m
Sound speed profile in the water:

¢,,(0) 1500 m/s

¢, (min) 1490 m/s

¢, (H) 1515 m/s

d [depth of min ¢,,(z)] 50 m
Semi-infinite substrate: (varying parameters)

Cop [1550, 1650] m/s
Psb [1170, 1240] kg/m?

a distance of o; from the input vector d, then the output of
the transfer function will be 0.5. In the subsequent illustra-
tions, the influence of the exponent value of the transfer
function is also studied. In particular, we design RBF net-

works whose transfer function has the general form ¢(n)

r . ., . . . .
=e™", where r is a positive integer, which is also known as a

sharpness parameter. In this case, the bias is related to the
spread parameter via the expression: b;=/—In(0.5)/o;.

A common heuristic for the selection of the spread pa-
rameter of a radial basis neuron is the following: Choose a
spread constant larger than the distance between adjacent
input vectors, so as to get good generalization, but smaller
than the distance across the whole input space. Thus, in the
standard RBF network it should be ensured that dg ,;, < o;
<dg max> Where dg iy and dg . are the minimum and maxi-
mum Euclidean distances between the training input vectors,
respectively. Similarly, in the modified RBF network one
should ensure that dg;p nin< 0;<dg;p max> Where dg;p min
and dg; p max are the minimum and maximum KLDs between
the entraining input vectors, respectively, given by Eq. (4) or

(8).

lll. APPLICATION OF THE INVERSION SCHEME
USING SYNTHETIC DATA

In this section, the efficiency of the proposed inversion
scheme for shallow-water acoustic transmissions is evaluated
using synthetic signals, based on the range independent and
axially symmetric environment described in Table I. Figure 3
shows the sea environment of the experimental setup consist-
ing of a shallow-water layer and a semi-infinite bottom (the
substrate), which are considered fluid. The sound speed pro-
file may vary with depth in the water layer, while it is con-
stant in the substrate. Here, a linear sound speed profile in
the water column is considered. For simplicity, the density of
both layers is assumed to be constant.

As an attempt to simulate a geoacoustic inversion ex-
periment, we consider a low-frequency sound source, with
central frequency f,=100 Hz and bandwidth Af=40 Hz. The
source excitation function is modeled as a Gaussian, placed
at a known depth of 100 m. A single receiver is placed at a
distance of 5 km from the source and at the same depth. The
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FIG. 3. The shallow water sea environment used in the present study.

experiment is aiming at the identification of the sea bed,
characterized by the sound speed and density of the sub-
strate.

We constructed a database by generating a set of syn-
thetic signals according to the environmental parameters
shown in Table I. The sound speed in the substrate varies in
the interval [1550, 1650] m/s with a step size equal to
5 m/s and the substrate density varies in the interval
[1170, 1240] kg/m? with a step size equal to 1 kg/m?, re-
sulting in a set with a total of 1491 synthetic acoustic signals.
The signals are calculated using the Normal-Mode program
MODE! developed at FO.R.T.H-I.A.C.M. Then, the obtained
data are provided as input to the inverse discrete Fourier
transform to yield the signals in the time domain. Each of the
time-domain signals is decomposed by implementing a
three-level 1D DWT using the db4 wavelet function and,
thus, each signal is represented by a vector d with 2(L+1)
=8 elements given by Eq. (2). The experimental results in
our recent work® showed that the best classification perfor-
mance is obtained for the db4 wavelet function and using the
estimated SaS parameters of the detail subbands only. Thus,
in the subsequent illustrations each signal is represented by a
vector d with 2L=6 parameters. In addition, the training set
for the design of the RBF networks consists of 500 (out of
the 1491) signals, obtained from distinct speed and density
environmental parameters.

A. Inversion performance using the exact design
process P1

In this section, we study the performance of a RBF net-
work designed using the exact process P1. The RBF network
is constructed using the estimated SaS parameters of a subset
containing M e {50:50:300} signals chosen from the train-
ing set. Besides, Ny=M since the RBF network is designed
using the exact process. As mentioned before, the selection
of the spread parameters {O'i}i=1,.“,1vl is crucial for an im-
proved performance of the inversion scheme. In the proposed
method, we assume that all the radial basis neurons have
equal spread parameter, that is, o;=0, Vi.

For the determination of o, the heuristic described in
Sec. II D is followed. In particular, in the case of the standard
RBF network, an efficient design is ensured when 0<o
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FIG. 4. Mean absolute error, given by the standard RBF network, as a
function of the spread parameter o and the number of training samples M
for: (a) the sound speed cg, and (b) the substrate density pg,.

<0.231, where 0 and 0.231 are the minimum and maximum
Euclidean distances, respectively, between the SaS param-
eter vectors of all the signals in the database. Similarly, in the
case of the modified RBF network, the value of o should be
selected such that 2.2204X 107'°<¢=<252.59, where
2.2204 X 107! and 252.59 are the minimum and maximum
KLDs, respectively, given by Eq. (4), between the SasS pa-
rameter vectors of all the signals in the database. Finally,
when the modified RBF network employs the symmetrized
KLD as a distance function, one should choose 8.8818
X 10716< =<259.49, where 8.8818 X 107!1% and 259.49 are
the minimum and maximum values of the symmetrized
KLDs, respectively, given by Eq. (8).

The inversion performance is evaluated using several
values of o, as well as of the sharpness parameter r of the

general transfer function ¢(n)=e¢™. In particular, in the case
of the standard RBF network, the value of o varies in the
interval [0.05, 5], while in the case of the modified RBF it
varies in the interval [0.001, 275]. In both cases, r belongs to
the set {1,...,5}. For a given training size M and for fixed r
and o, we run 100 Monte Carlo iterations, where in each
iteration a new RBF network is designed by randomly select-
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FIG. 5. Mean absolute error, given by the modified RBF network employing
the standard KLD, as a function of the spread parameter o and the number
of training samples M for: (a) the sound speed cg, and (b) the substrate
density pg,.

ing a training subset of size M from the training set. In the
subsequent figures and tables, the results have been obtained
using a sharpness parameter r=2, otherwise, the value of r
will be mentioned explicitly.

Figures 4(a) and 4(b) show the total mean absolute error
(MAE) of the estimated sound speed cg, and substrate den-
sity pg, values, respectively, over the whole test set, given by
the standard RBF network, as a function of the spread pa-
rameter o and the number of training samples M. First, it can
be seen that in both cases, for a relatively large number of
training samples, the minimum MAE is achieved for a value
of o satisfying the corresponding inequality 0 <o=<0.231.
The second observation is that, as expected, in this region the
performance is improved, that is, the MAE decreases, as M
increases, while out of this region this rule is not valid, es-
pecially for the estimation accuracy of cg,.

Figures 5(a) and 5(b)" show the total MAE of the esti-
mated cy, and py, values, respectively, over the whole test
set, given by the modified RBF network employing the stan-
dard KLD as a “distance” function, versus the spread param-
eter o and for various training sample sizes M. It is clear that
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FIG. 6. Mean absolute error, given by the modified RBF network employing
the symmetrized KLD, as a function of the spread parameter o and the
number of training samples M for: (a) the sound speed cg, and (b) the
substrate density pg,.

for both environmental parameters and a relatively large
number of training samples, the minimum MAE is achieved
for a value of o satisfying the corresponding inequality

2.2204 X 10719< ¢=<252.59. Besides, it can be seen that the
MAE decreases as M increases, as expected. Also note that
in both cases, cy, and pg,, and for a fixed M, the performance
of the modified RBF network stabilizes for o> 50. Finally,
Figs. 5(a) and 5(b) show that as M increases, the correspond-
ing value of o, which minimizes the MAE, decreases. This
should be expected, since as the number of training samples
increases, the input space can be covered using radial basis
functions with a smaller spread.

Figures 6(a) and 6(b) show the total MAE of the esti-
mated cy, and py, values, respectively, over the whole test
set, given by the modified RBF network employing the sym-
metrized KLD as a distance function. The first observation is
that for both environmental parameters, the MAE is too
large, compared with the performance of the other two RBF
networks. Besides, the behavior of this network does not
follow the rule that the MAE decreases as the number of
training samples increases. In particular, there is a region on
the x axis ([0,50]), where the MAE is minimized when the
network is trained with a very small number of samples. On
the other hand, similar to the case of the previous RBF net-
work, which employs the standard KLD, the behavior of the
MAE stabilizes for o> 50, but the minimum MAE is still
achieved for M =50.

An explanation for this unexpected behavior of the
modified RBF network based on the symmetrized KLD is
shown in Fig. 7. Consider the simple case of a RBF network
consisting of two hidden units with centers ¢,=d, and cp
=dp, respectively, where the vectors d, and dp contain the
estimated SaS parameters of two signals S,, Sp recorded in
two very distinct sea environments. Also assume that the
same vectors, d, and dp, are given as inputs in the RBF
network. As can be seen in Fig. 7, when the standard KLD is
employed, the network outputs are different, D(d,,dp)
# D(dg,d,), since the standard KLD is not symmetric. On
the other hand, if the symmetrized KLD is employed, we
observe that the network gives the 