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Abstract: People vary in the intelligibility of their speech. This study in-
vestigated whether across-talker intelligibility differences observed in
normally-hearing listeners are also found in cochlear implant (CI) users.
Speech perception for male, female, and child pairs of talkers differing in
intelligibility was assessed with actual and simulated CI processing and in
normal hearing. While overall speech recognition was, as expected, poorer
for Cl users, differences in intelligibility across talkers were consistent across
all listener groups. This suggests that the primary determinants of intelligi-
bility differences are preserved in the Cl-processed signal, though no single
critical acoustic property could be identified.
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1. Introduction

While it is well established that individual talkers can make their speech more intelligible by
using a “clear” rather than a “conversational” speaking style (e.g., Ferguson and Kewley-Port,
2002; Krause and Braida, 2002, 2004; Picheny ef al., 1985, 1986; Uchanski et al., 1996), com-
paratively little research has investigated the acoustic-phonetic properties related to differences
in intelligibility across talkers. Initial studies with relatively few talkers implicated factors such
as word and vowel duration, size of vowel space, and fundamental frequency (FO) range (Bond
and Moore, 1994; Bradlow ef al., 1996). Hazan and Markham (2004) conducted a more exten-
sive study using single word materials from 45 talkers. Two measures, the total energy in the
1-3 kHz region, and word duration, together accounted for about half the variability in intelli-
gibility. Interestingly, profiles of individual high and low intelligibility talkers revealed consid-
erable differences in the patterning of various acoustic-phonetic measures for talkers of similar
intelligibility. Thus, it appears that while, at least for normally-hearing listeners, talker intelli-
gibility is very consistent across listeners, high intelligibility can result from various combina-
tions of characteristics.

A further important issue concerns the extent to which intelligibility will be similarly
affected across different listening populations. As might be expected, hearing-impaired listen-
ers benefit from talkers using a clear, as opposed to a conversational, speaking style (e.g., Pay-
ton et al., 1994; Picheny ef al., 1985; Uchanski ef al., 1996). Cochlear implant (CI) users might
also be expected to benefit from clear speech. However, while modern CI systems typically
allow good speech perception, at least in quiet, the auditory information provided by an implant
differs markedly from that available in normal hearing. For example, CI processing provides
only weak cues to FO (Green et al., 2002, 2004); allows very limited spectral resolution (Friesen
etal.,2001); and typically involves distortion of normal frequency-place mappings (Faulkner et
al., 2006; Shannon et al., 1998). These differences raise the possibility that factors that have
been suggested to contribute to intelligibility differences for normally-hearing listeners, such as
FO range and the size of the vowel space, may not operate in the same way for CI listeners.

Despite this Liu et al., (2004) found that the advantage for clear over conversational
speech produced by a single female talker was similar for normally-hearing listeners, CI users,
and normally-hearing listeners presented with acoustic simulations of implant processing.
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Since implant processing eliminates much spectral detail and temporal fine structure, this sug-
gests that the primary cues contributing to the clear speech advantage were carried by variations
in duration, temporal envelope, or relatively gross spectral differences. However, the properties
that distinguish between clear and conversational speech may vary between different talkers and
may not map straightforwardly onto the properties that determine across-talker differences in
intelligibility. The present study focuses on such across-talker differences, examining whether
differences in intelligibility observed in normally-hearing listeners are maintained in cochlear
implant listeners and acoustic simulations of implant processing.

2. Methods
2.1 Stimuli

Stimuli were taken from the UCL Talker database (Markham and Hazan, 2002). Two male
adults, two female adults, and two female schoolchildren were selected. One in each pair had
high intelligibility and one low, based on mean single word error rates calculated by Markham
and Hazan (2002).

Recordings of 108 individual words were assigned to six lists of 18 words each, based
on mean error rates across the six talkers. To confirm equivalence of intelligibility across lists,
error rates were submitted to a two-way ANOVA with talker and list as factors. As expected, this
analysis showed a significant effect of talker [F(5,612)=16.67, p <0.001], but importantly nei-
ther the main effect of list nor the interaction were significant [Fs <1]. In order to allow an
adequate speech sample for perceptual attunement all single words were concatenated to the
carrier phrase “And now please say” recorded from the appropriate talker.

Intelligibility in connected speech was evaluated using 20 semantically unpredictable
sentences (SUS) (Benoit ef al., 1996). These sentences, each containing four key words, provide
no semantic contextual cues so that each word of the sentence is unpredictable, e.g., “The front
press scores the saint.”” Sentence material was available only for the two male talkers.

2.2 Speech processing

Noise-excited vocoding (Shannon ef al., 1995) was implemented in Matlab and comprised the
following steps: analysis bandpass filtering (sixth-order Butterworth IIR, three orders per upper
and lower side) to divide the spectrum into four or eight bands; half-wave rectification and
low-pass filtering (fourth-order Butterworth, 400 Hz) to extract the amplitude envelope for
each band; modulation of a noise carrier by each envelope; output filtering matching the initial
analysis filtering; adjustment of rms level at filter outputs to match the original analysis outputs;
summation across channels. Analysis filters covered the range 100 Hz—5 kHz with spacing
based on equal basilar membrane distance (Greenwood, 1990). Frequency responses crossed
3 dB down from the pass-band peak.

In an attempt to avoid ceiling effects, unprocessed stimuli for normally hearing listen-
ers were presented in twenty-talker babble at a signal-to-noise ratio (SNR) of +6 dB, as in
Hazan and Markham (2004). For each utterance, a section of noise of equivalent duration was
selected at random from the 15 s available. Calculations of signal and noise power were per-
formed over the entire length of the speech utterance and the noise. After summation, all stimuli
were normalized to the same rms level. No noise was added to vocoded stimuli, or those pre-
sented to CI listeners.

2.3 Participants

Six users of Clarion cochlear implants took part. Three had C2 implants and used the Hi-Res
processing strategy. The remaining three had C1 implants and included one user each of the
continuous interleaved sampling (CIS), paired pulsatile sampler (PPS), and simultaneous ana-
log stimulation (SAS) processing strategies. Their ages ranged from 32—77 (mean 61) and all
had at least four years experience of implant use. Eighteen female adults with normal hearing
also participated. Their ages ranged from 2146 (mean 25). None had any history of hearing
deficit.
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2.4 Design and procedure

Testing was carried out under computer control. Cochlear implant users were tested using their
normal speech processor settings in a sound-proofed room. Unprocessed words and sentences
were presented via loudspeaker (QUAD PRO-63) at an individually-determined comfortable
level.

Normally-hearing listeners were randomly assigned to one of three groups tested with
different types of stimuli: vocoded speech with either four or eight channels, or speech-in-
babble. Stimuli were presented via Sennheiser HD 540 headphones in a quiet room at a com-
fortable listening level fixed for all listeners.

In single word tests, each of the six word lists for each talker was presented to a dif-
ferent participant. Each participant heard one list from each talker, a total of 108 words, pre-
sented in random order. Participants heard six practice stimuli, one for each talker. Practice
stimuli were processed in the same way as those about to be presented but consisted of words
not contained in the main test. In sentence tests each participant heard ten sentences spoken by
each of the two male talkers. With this constraint, the choice of talker for each sentence and the
order of presentation were random. Because no other SUS sentences were available from these
two talkers, the six practice sentences were similar sentences spoken by a female talker.

3. Results
3.1 Single words

Due to the binomial nature of the outcome measure (proportion correct), a logistic regression
was used to determine the dependence of word identification performance upon talker type
(male, female, or child), intelligibility (high or low), and processing condition (CI, four channel
vocoding, eight channel vocoding or babble). Logistic regression also has the advantage of
minimizing floor and ceiling effects. Model fitting proceeded from a fully saturated model (3
X 2 X 4) with methods appropriate for overdispersion applied (Collett, 2003, pp. 206-210).
Terms that were not significant at the p <0.05 level were excised sequentially using changes in
deviance. There were no significant interactions, but all three main effects were significant (p
<0.05).

The significant effect of talker type reflected poorer performance with the child talk-
ers. Averaged across the different processing conditions mean performance with the male talk-
ers was 62.7% and 47.5% for the high intelligibility and low intelligibility talkers, respectively,
while the corresponding figures were 62.7% and 47.7% for the female talkers and 56.3% and
42.1% for the child talkers. Although the interaction between talker type and processing condi-
tion was not significant, the tendency for poorer performance with the child talkers was more
pronounced in the two vocoded conditions.

Figure 1(a) plots performance (averaged across talker type) with high intelligibility
talkers against that with low intelligibility talkers for each individual listener. Nearly all listen-
ers showed better performance with the high intelligibility talkers (most points lie above and to
the left of the diagonal). For normally-hearing listeners, overall performance levels are clearly
highest in the babble condition, lowest with four channel vocoding and intermediate with eight
channel vocoding. Individual CI users’ performance was quite widely spread within the range
covered by the two vocoded conditions. The advantage for high over low intelligibility talkers
appears broadly similar in all four processing conditions, reflecting the absence of any interac-
tion between the two factors.

In order to assess the influence of the two major determinants of intelligibility differ-
ences identified by Hazan and Markham (2004), single word recognition scores were first aver-
aged across listeners for each combination of talker and processing condition and then normal-
ized by processing condition to the overall mean (Fig. 2). Both mean word duration and mean
energy in the 1-3 kHz region were significantly correlated with normalized word recognition
(r=0.419, p=0.021 and =0.592, p=0.001, respectively). Linear regressions showed that in each
case the proportion of the variance accounted for was not significantly increased by allowing
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Fig. 1. Speech perception performance with high intelligibility talkers plotted against that with low intelligibility
talkers for each individual listener. (A) Single word recognition averaged across talker type; (B) performance on key
words in SUS sentences (male talkers only). Diagonal lines represent identical performance for high and low
intelligibility talkers.

separate slopes for each processing condition, compared to a single slope. Thus, there was no
evidence that the dependence of word recognition on either duration or energy differed across
processing conditions.

The 1-3 kHz energy measure accounted for 35.1% of the variance in normalized
word recognition. The addition of word duration did not significantly increase the proportion of
variance accounted for as the two predictors were strongly correlated for the six talkers used
here (r=0.865, p<<0.001). Note, though, that these two properties were uncorrelated across
Hazan and Markham’s (2004) complete set of talkers.
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Fig. 2. Normalized mean single word recognition for each processing condition plotted against (A) word duration
and (B) amount of energy in the 1-3 kHz range. Talkers are identified by the text symbols at the top of each plot
(e.g., MH=high intelligibility male talker). Mean duration and energy values are taken from the data of Hazan and
Markham (2004). Best fitting regression lines are shown in each case.
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3.2 Semantically unpredictable sentences

A similar logistic regression analysis was applied to scores on correct key words [Fig. 1(b)], to
assess the effects of intelligibility and processing condition. The interaction between the two
factors was not significant, but both main effects were (p <0.001). Overall performance varied
across processing condition in a similar fashion to that seen with single word recognition.

4. Discussion

The key finding was that, while speech recognition performance varied substantially with pro-
cessing condition, differences in intelligibility across talkers were apparent for all the different
listening groups. Consistent with the findings of Liu ef al. (2004) for a single talker employing
either clear or conversational speaking styles, the present results suggest that intelligibility dif-
ferences across different talkers are largely preserved despite the degradation of the speech
signal associated with CI processing.

Although Markham and Hazan (2002) reported that the mean intelligibility scores for
the talkers that we selected varied little across the different types of talker (male, female, and
child), in the present study there was a significant effect of talker type. While there were no
significant interactions with other factors, this effect appears to be primarily attributable to
poorer performance with vocoded speech from the two girl talkers. Poorer vowel recognition for
girl talkers compared to men, women, and boys has previously been observed in CI users
(Loizou et al., 1998) but we found word recognition performance for CI listeners to be unaf-
fected by talker type. Most importantly, in the present context, the differences between the high
and low intelligibility talkers within each pair were unaffected by whether the talkers were male
adults, female adults, or children.

Unsurprisingly, overall speech perception was highest for the normally-hearing listen-
ers presented with unprocessed stimuli in babble. The better performance in noise-excited vo-
coder conditions with eight channels than with four can be attributed to the greater degree of
spectral resolution in the former case. In the majority of cases the performance of CI users was
similar to that in the four channel condition. It should be noted, though, that because there are
many aspects of electrical hearing that cannot be emulated in acoustic simulations, this cannot
be taken as a measure of the degree of spectral resolution available to the implant users in this
study.

The present data set is too limited to allow definitive conclusions regarding the impact
of the various processing conditions on possible factors underlying across-talker intelligibility
differences. However, the fact that broadly comparable differences between high and low intel-
ligibility talkers were observed in all processing conditions and for all talker types suggests that,
for this talker set, the primary factors determining intelligibility differences were largely unaf-
fected by the manipulations involved in simulated and actual implant processing. In addition to
properties dependent on a high level of spectral resolution or fine structure temporal informa-
tion, this would appear to rule out a major role for FO-related factors.

The main factor identified by Hazan and Markham (2004), mean energy in the
1-3 kHz region, accounted for 35.1% of the variance in normalized single word recognition in
the present study. Word recognition was also quite strongly correlated with mean word duration,
but inclusion of this factor in the regression did not significantly increase the proportion of the
variance accounted for. It might, perhaps, have been expected that the much reduced spectral
resolution associated with CI processing would have resulted in an increase in the contribution
to intelligibility differences of temporal properties, such as word duration, relative to spectral
properties. However, in the present limited data set there was no evidence of any difference in
the role of either 1 -3 kHz energy or word duration across the different processing conditions.

One aspect of the speech signal that would be expected to be well preserved by implant
processing is low-frequency modulation of the amplitude envelope and it has been suggested
that this temporal information plays an important role in determining within-talker intelligibil-
ity differences between clear and conversational speech. Using techniques developed in prior
speech intelligibility research (Payton and Braida, 1999; Steeneken and Houtgast, 1980), Liu et
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al. (2004) calculated envelope modulation spectra from concatenated sentence material in oc-
tave bands with center frequencies ranging from 125—4000 Hz. For their female talker, in all
octave bands, modulation index values were larger and peaked at lower modulation frequencies
(1-3 Hz) for clear compared to conversational speech. For the male talker, a similar pattern
was present above 2000 Hz, but there was little difference between clear and conversational
speech in the lower octave bands.

Using the methods of Liu et al. (2004) envelope modulation spectra were derived from
recordings of a read passage (around 2 min) for the adult talkers in the present study (the re-
quired material was not available for the children). Separate spectra were obtained for speech in
quiet and in the conditions in which speech was presented to listeners in the present study (i.e.,
in babble or noise-vocoded to four or eight channels).11 In general, there was little difference in
modulation spectra between the high and low intelligibility talkers in most octave bands. Only
in the 2 kHz band for the female talkers was there consistent evidence of greater low frequency
modulation for the high intelligibility talker. On this evidence, it does not appear that the modu-
lation spectra capture an essential feature responsible for across-talker differences in intelligi-
bility. However, as noted by Hazan and Markham (2004), there is much heterogeneity in the
patterning of acoustic-phonetic features for talkers of similar intelligibility. Similarly, it is note-
worthy that the child talkers in the present study had very similar measures of both word dura-
tion and 1-3 kHz energy, despite the large difference in intelligibility between them. Thus, it is
possible that low frequency amplitude modulation is a contributing factor in the intelligibility of
some talkers, but not all.

On the basis of the present results it would appear that, while across-talker intelligibil-
ity differences are similar in normal hearing and actual and simulated electric hearing, there is
no single property that is critical in determining intelligibility differences in implant users.
Instead, it seems likely that implant processing may adequately preserve a number of different
properties that contribute to intelligibility differences. However, this conclusion needs to be
tested further with research employing a larger talker set and incorporating a more detailed
investigation of variation in the contribution of possible determinants of talker intelligibility,
both across different CI users and between CI users and normally-hearing listeners.
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tion maximization of finite mixture models, is used to analyze multi-
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Bayesian Information Criterion. Probabilities of membership to clusters are
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using two examples: the Gulf of Alaska representing a low-diversity, well-
known system; and the Mid-Atlantic Ridge, a species-rich, relatively un-
known system.
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1. Introduction

Acoustic classifications, discriminations, and identifications of fish and zooplankton species
have traditionally integrated prior knowledge, pattern recognition, and direct sampling methods
(Horne, 2000). Species identifications have been limited to subjective classification by opera-
tors (i.e., scrutinizing; e.g., Dalen et al., 2003) or artificial intelligence (e.g., Haralabous and
Georgakarakos, 1996). The use of mean volume backscatter (MVBS) (Kang ef al., 2002) and
target strength differencing (Gauthier and Horne, 2004) provide objective separations but still
assign each target or pixel to a single classification category. The use of multiple frequencies
and long-term deployments (e.g., ocean observatories) has increased the need for automated, or
semi-automated, data processing techniques, capable of efficient, robust discrimination of eco-
system components and explicit quantification of uncertainty.

Despite the widespread use of probabilistic techniques for prediction and classifica-
tion in other disciplines [e.g., since the 18th century in weather forecasting (Murphy, 1998)], the
certainty of classification has not been included in the analysis of fisheries acoustic data. The
increased availability of multi-frequency acoustic data, coupled with ever increasing computing
power, facilitates incorporation of probabilistic classification techniques from other fields [e.g.,
analysis of gene expression data (Boyle, 2005)]. We demonstrate advantages of using unsuper-
vised probabilistic clustering over subjective categorization to classify fish and invertebrates in
contrasting ecosystems—Ilow diversity, well-known, and high diversity, relatively unknown.

2. Methodology
2.1 Approach

Probabilistic clustering techniques, such as mixture modeling, differ from partition-based clus-
tering in that each sample is assigned a probability of membership to each cluster rather than an
absolute assignment to a single cluster. Partition-based clusters can be described by their cen-
troids (MacQueen, 1967)—the mean position in sample space of all data points assigned to the
cluster. In our finite mixture modeling a set of vector models (equivalent to cluster centroids) is
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defined, using frequency-specific S, values, which provide the “best” description of the data.
Analytic steps are optimized to allow robust analysis of large data volumes typical of fisheries
acoustic data sets (e.g., five frequencies over 250 m depth range for 1 h generate over 23.8
million data values). As samples are assigned probabilities of membership to all clusters, rules
must be defined to assign samples to specific clusters.

Applying probabilistic clustering techniques to acoustic data requires three steps:
acoustic data processing; generation of clusters and membership probabilities; and analysis of
membership probabilities, which includes defining the optimum number of clusters.

2.2 Acoustic data processing

Acoustic data were collected using Simrad EK60 echosounders operating at multiple frequen-
cies between 18 and 200 kHz. Power data were converted to volume backscattering strength (S,,
dB re 1 m™!; cf. Simmonds and MacLennan, 2005), including a range offset of half a pulse
length and a transmission loss correction of 20*log(r)+2ar (where r=range from the trans-
ducer face and a=frequency-dependent absorption coefficient). Maximum data resolution (i.e.,
0.19 m vertical, 1 “ping” horizontal) was retained to maintain the spatial structure of the scat-
tering components. For this analysis, each sample (i.e., image pixel) was assumed to be spatially
coincident across frequencies, and no attempt was made to align samples from different trans-
ducers. The transducers used to collect the data for both examples were arranged to maximize
beam overlap within the physical constraints of transducer placement and beam angles (cf.,
Korneliussen and Ona, 2002).

2.3 Generation of clusters

Generation of clusters requires the initial selection of the number of clusters, generation of
initial vector model values, and then iterative refinement of models. Initial values for vector
models were estimated using K-means by median clustering, based on the Euclidean distance
measure between S, values at each frequency, for each sample. Expectation maximization (EM)
for finite mixture models (Dempster et al., 1977), where model residuals are based on direct
linear distance, was used to refine the models. The expectation step is given by

-2 (g —xg*
e deD
P(x|u) =

S,

(1)

-2 W-xp?’
deD

and the maximization step is given by

> xyP(x|w)
=" @)
> P(x|w)

xeX

where P(x|u) is the probability of sample x belonging to model u, for the set of X samples and
D frequencies. The log likelihood (LL) values were approximated using

LL= log max(P(x|u)). (3)

xeX

Vector models were iteratively refined until a level of convergence was reached. Convergence
was said to occur when the sum of the lowest residuals (i.e., those from the best fitted vector
model for each sample) stopped decreasing or a maximum of 15 iterations were completed.
Fifteen iterations was chosen as a trade-off between achieving convergence and efficiency in
processing large data sets. The posterior probabilities of cluster membership for each sample
were then reported. The sum of the probabilities of membership to all clusters is one for each
sample.
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Fig. 1. (Color online) Echograms showing mean volume backscatter (S,, dB re 1 m™") data at multiple frequencies
from (a) the open ocean above the Mid-Atlantic Ridge (MAR) and (b) the Gulf of Alaska (GoA).

2.4 Analysis of membership probabilities

Probabilities of cluster membership were used to generate synthetic echograms (i.e., probability
“maps”) to display spatial properties of membership probabilities. Probabilities were also used
to assign samples to clusters and as input to cluster metrics. Cluster metrics, including one
derived from the Bayesian Information Criterion (BIC) (Schwarz, 1978), were used to deter-
mine the optimum number of clusters. Mixture modeling violates the requirements for using the
BIC in statistical tests, but versions of the metric are widely acknowledged as useful in assess-
ing the fit of a set of clusters to data (e.g., Fraley and Raftery, 1998). The BIC used here is

defined as
BIC==2*LL+((M-1)*D)*log(X*D), (4)

where M is the number of models, D is the number of frequencies, and X is the number of
samples. BIC values will always be greater than 0, and a higher score represents a poorer de-
scription of the data by the vector models. A gradual increase in the score with an increasing
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Fig. 2. The Bayesian Information Criterion (BIC) and percentage of clearly assigned samples (%assign) plotted
against number of clusters for data from (a) the Mid-Atlantic Ridge (MAR) and (b) the Gulf of Alaska (GoA).

number of clusters is expected as membership probabilities are dissipated among clusters.
Large deviations from this upward trend are informative as they represent transitions to another
“state.” An alternative cluster metric is the percentage of samples clearly assigned to clusters
(%assign), where sample x is clearly assigned if max(P(x|x))=2*max—1(P(x|u)). A higher
%assign value represents a better description of the data. The trajectory of the %assign
values closely mirrors that of the BIC scores as it is based on the same underlying prob-
abilities.

Selecting the optimum number of clusters is a challenge as the strongest “natural”
clusters in acoustic data typically discriminate high S, values, associated with surface noise and
bottom returns where present, from weak returns associated with most biological backscatter.
By generating cluster metrics (i.e., BIC or %assign) over a range of numbers of clusters, tran-
sitions within the data description can be identified. Interpreting transition points using biologi-
cal knowledge allows the optimum number of clusters to be identified for each application. An
additional benefit of sequentially clustering at an increasing number of clusters is that fidelity of
samples to clusters and relationships between clusters can be examined.

3. Examples
3.1 Data

Data for the first example were collected at 18, 38, 70, 120, and 200 kHz during a cruise over
the Mid-Atlantic Ridge (MAR) in the North Atlantic [Fig. 1(a)]. This area represents a mid-
latitude pelagic ecosystem with a diverse but poorly known epi- and mesopelagic fauna.
Echograms are dominated by amorphous horizontal layers and a variety of noise artifacts. The
shallowest samples of each ping contain high S, values due to transducer saturation and inter-
mittent bubbles passing under the transducers. At 38 and 70 kHz vertical white stripes represent
“dropped pings” in the data record.

Data were also collected at three frequencies (18, 120, and 200 kHz) in the Gulf of
Alaska (GoA) in the northeast Pacific [Fig. 1(b)]. These data are from a continental shelf, high
latitude ecosystem with a well-known but limited pelagic fauna. The echograms contain the
same transducer saturation feature as seen in the MAR data as well as strong initial returns from
the bottom and weaker sub-bottom returns. Biological features include high intensity backscat-
ter from fish schools near the bottom and a series of horizontal layers comprised mainly of
forage fish and zooplankton (Stienessen and Wilson, 2002).

3.2 Determining the optimum number of groups

Examination of cluster metrics for the MAR data shows strong transitions at 3 and 13 clusters
[Fig. 2(a)]. As expected, 2-3 clusters separate high S, features (i.e., bubbles and transducer
saturation) from low S, features including biological backscatter (Table 1). This clear discrimi-
nation of noise features may be used to remove noise from data sets but does not provide bio-
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Table 1. Vector model parameter values (S,, dB re 1 m™!) defining sets of clusters generated from the Mid-Atlantic
Ridge (MAR) and Gulf of Alaska (GoA) data.

Group
Data no. 18 kHz 38 kHz 70kHz 120 kHz 200 kHz Comment
MAR- 2 1 -80.81 -7430  -74.25 -72.12 =75.30 Non-noise features
clusters 2 -37.77 =343l -30.28 -28.67 -30.77 Intense noise features
MAR- 3 1 -80.82 -74.32 -74.24 =72.12 -75.29 Non-noise features
clusters 2 -52.49 -48.80  —45.30 -45.14 —49.45 Near-surface bubbles
3 9.62 12.63 15.78 22.08 24.83 Transducer saturation
MAR- 13 1 -7534  =7290 -74.70 -72.66 -87.24
clusters 2 -91.40 -74.60 -76.20 -73.30 -79.06
3 -67.90 -66.20 -70.24 -71.03 -73.76 Includes “fish tracks”
4 -76.34  -79.87 7294 -70.57 -74.14
5 -76.54  -7223  -74.52 -83.90 -76.28
6 -61.16 -57.83 -54.80 -53.66 -58.69 Bubble margin+“biota”
7 -91.29 -87.65 7498 -71.01 -73.48
8 -71.67 -70.55 -81.48 -72.90 -75.66
9 -82.78 -69.58  -70.17 -68.99 -71.61
10 -4733  -43.71 -39.54 -39.93 -43.41 Near-surface bubbles
11 9.62 12.63 15.78 22.08 24.83 Transducer saturation
12 -81.96 -81.01 -87.32 -75.56 -78.18 Includes dropped pings
13 -94.53  -76.06 —69.88 -68.09 -70.49
GoA- 2 1 —77.44 - - -80.95 -79.21 “Low S,”
clusters 2 -51.70 - - —44.83 —42.98 “High S,”
GoA- 5 1 -27.31 - - -38.18 -39.68 Ist bottom echo+intense schools
clusters 2 7.33 - - 21.63 27.32 Transducer saturation
3 -63.11 - - —78.58 -78.16 “Fish”
4 -85.16 - - -90.21 -87.97 “Background”
5 —-86.97 - - —-68.19 -64.96 “Zooplankton”
GoA- 6 1 -57.63 - - -73.47 -72.68 “Large fish”
clusters 2 -22.04 - - -32.00 -34.15 1st bottom echo+
intense schools
3 -87.54 - - -68.24 -64.97 “Zooplankton”
4 -90.99 - - -91.53 —88.84 “Background”
5 =71.70 - - -84.76 -84.06 “Small fish”
6 7.33 - - 21.64 27.34 Transducer saturation

logically useful resolution of species or species groups. The marked degradation of metric val-
ues from 10—12 clusters followed by the strong improvement at 13 clusters suggests a transition
in the intrinsic acoustic features described by the clusters. A 13-cluster classification was used
to extract the features described beyond the transition point.

Consistent with the MAR data, the “best” description of the GoA data was obtained
using two clusters that separated high S, features, including transducer saturation, bottom ech-
oes, and dense schools, from low S, values [Fig. 2(b), Table 1]. After a transition in metric
values, 3—5 clusters were equivalent in their ability to describe the data, and there was very little
structure apparent in metric values above five clusters. A five-cluster classification was chosen
for the GoA data to maximize the number of well described biological categories.

3.3 Probabilities of group membership

The 13-cluster classification of the MAR data captures the transducer saturation (cluster 11),
intense bubble noise at the surface (cluster 10), and the margins of the bubble features (cluster
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Fig. 3. Probability maps of cluster membership for the 13-cluster classification of Mid-Atlantic Ridge (MAR) data.
Notes: Cluster 11 is not shown but is equivalent to cluster 2 shown in Fig. 4. The palest gray tone indicates a
membership probability of zero.

6; Table 1, Fig. 3). Dropped pings, along with other samples that have low to moderate S, values
across all frequencies, are found in cluster 12. Similar patterns are evident in clusters 7 and 8.
Samples assigned to biological clusters are arranged in horizontal layers, with the three largest
clusters (3, 9, and 13) showing contiguous features comprised of high probabilities. Cluster 3
contains individual fish tracks at the same depths as the high probability layer in cluster 13.
Vector model parameter values for clusters 3 and 13 show opposite trends in backscatter inten-
sities across frequencies, with cluster 3 containing higher S, values than cluster 13 at 18 and
38 kHz, and lower values at 120 and 200 kHz, suggesting different types of scattering compo-
nents (e.g., fish and zooplankton; Table 1). This example demonstrates the ability of objective
clustering techniques to extract biological and non-biological features within regions of interest
that could not be separated using subjective assignment of contiguous areas within echograms
to categories.

GoA probability maps contain a larger percentage of high max(P(x|u)) values, which
are more spatially contiguous than those in the MAR clusters (compare Fig. 3 and 4). This
concentration of high probability values is attributed to both statistical and biological factors.
The GoA data are partitioned into 5 rather than 13 clusters resulting in a higher mean
max(P(x|u)) value (all samples: GoA 5 clusters=0.974, GoA 13 clusters=0.924). However,
spatially consistent backscatter intensity patterns, attributed to single species aggregations, also
resulted in higher mean max(P(x|u)) for clearly assigned samples in the GoA clusters com-
pared to those in the MAR data (clearly assigned samples: GoA 5 clusters=0.989, GoA 13
clusters=0.963, MAR 5 clusters=0.936, MAR 13 clusters=0.927). The presence of spatially
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Fig. 4. Probability maps of cluster membership for the five-cluster classification of Gulf of Alaska (GoA) data.
Notes: Cluster 2 is drawn on a different depth scale. The palest gray tone indicates a membership probability of zero.

coherent patterns in probability maps from both examples, when no spatial information was
used in the clustering process, supports this approach to multi-frequency data classification.

The use of five clusters for the GoA data captures transducer saturation (cluster 2),
high intensity backscatter from fish schools and the bottom (cluster 1), and two clusters of
horizontally layered biological backscatter with sub-bottom returns (clusters 3 and 5; Fig. 4).
The relative magnitudes of vector model S, values from cluster 3 (higher at 18 kHz and equally
low at 120 and 200 kHz) match those from cluster 1 but at lower intensities (Table 1).
Frequency-dependent S, values from cluster 5 are different, lower at 18 kHz and then higher at
120 and 200 kHz. Cluster 4 has relatively low S, values at all three frequencies, which is inter-
preted as “empty water” or background backscatter. Results from acoustic and trawl surveys in
the GoA (Stienessen and Wilson, 2002) support the biological interpretation of cluster 1 as
dense schools of adult walleye pollock, cluster 3 as a mixture of fish at lower densities/sizes
(adult and age 0 walleye pollock plus capelin), and cluster 5 as zooplankton (mainly euphausi-
ids). Increasing the number of clusters to six primarily divides cluster 3 into two clusters (1 and
5), with similar relative vector S, values but at different intensities (Table 1). Inspection of
probability maps in conjunction with echograms suggests that this division potentially sepa-
rates samples containing small from large fish. The use of six clusters to categorize GoA data
provides a poorer mathematical description of the data, but may be more appropriate when the
objective is to estimate adult walleye pollock biomass independent of other ecosystem compo-
nents.

4. Future work

The classification of backscatter from contrasting ecosystems demonstrates the potential of
probabilistic clustering to analyze multi-frequency fisheries acoustic data. Future work will
address: the type of mathematical model used in the EM process, the choice of distance mea-
sures to distinguish clusters (including the incorporation of depth and spatial location), and the
choice of metrics used to select the optimum number of clusters. Specific issues include the
spatial coincidence of samples within transducer beams (Korneliussen and Ona, 2002), and the
frequency-dependent loss of signal with depth, which affects choice of EM model. Investiga-
tions of spatial and temporal cluster dynamics, including their stability in contrasting ecosys-
tems, will follow refinement of the methodology, with the ultimate goal of automated, robust
discrimination of ecosystem components in a wide variety of environments.
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Abstract: The genetic algorithm (GA) was previously suggested for fitting
hearing aid or cochlear implant features by using listener’s subjective judg-
ment. In the present study, two human factors that might affect the outcome
of the GA when used for perceptual optimization were explored with simu-
lations. Listeners with varying sensitivity in discriminating sentences of dif-
ferent intelligibility and with varying error rates in entering their judgment to
the GA were simulated. A comparison of the simulation results with the re-
sults from human subjects reported by Baskent et al. Ear Hear. 28(3) 277—
289 (2007) showed that these factors could reduce the performance of the GA
considerably.

© 2007 Acoustical Society of America
PACS numbers: 43.66.Yw, 43.71.An, 43.66.Ts [QJF]
Date Received: January 4, 2007 Date Accepted: March 22, 2007

1. Introduction

Most modem hearing aids and cochlear implants offer many features in addition to providing
basic audibility. As individual users might have different pathologies and listening preferences
(Preminger and Van Tasell, 1995), the numerous device features need to be customized for each
patient to maximize benefit. This adjustment can be a complicated and time-consuming pro-
cess, especially if some of the device features also interact with each other.

Optimization algorithms can be used as a tool to achieve the individual customization
in a reasonable time. The modified simplex algorithm was proposed for fitting gain in hearing
aids (Kuk and Pape, 1992; Neuman ef al., 1987; Preminger et al., 2000; Stelmachowicz et al.,
1994). Genetic algorithms (GAs) were suggested for fitting features related to hearing aids
(Durant ef al., 2004) or cochlear implants (Bourgeois-République ef al., 2005; Wakefield et al.,
2005). In such perceptual optimization, candidate parameter sets are first evaluated by a listener
and then modified according to listener’s preferences following the rules of the particular
method used. The steps of evaluation and modification continue iteratively, until a satisfactory
set of parameters is found. The main advantages that optimization algorithms offer are speed,
because the final optimal solution is typically reached by evaluating only a fraction of all pos-
sible solutions, and flexibility, because they can be implemented to optimize any device feature.

In perceptual optimization, the input to the program is the subjective human response
and the appropriateness of the final solution is, again, judged by the listener. Therefore, there is
often no metric available to quantitatively analyze how well the program works (Takayagi,
2001). Bagkent et al. (2007b) systematically distorted speech using three parameters of the
noiseband vocoder processing (Shannon et al., 1995), to generate a listening problem with a
metric. The acute effects of these manipulations on intelligibility of speech by normal-hearing
subjects were known from previous studies (Fu and Shannon, 1999; Baskent and Shannon,
2003; 2007a; Bagkent, 2006), so the final solutions produced by the GA could similarly be
evaluated. Speech intelligibility scores measured with the settings produced by the GA were, on
average, very high, indicating that the subjects must have been able to provide sufficiently reli-
able subjective input. Analysis of data from individual subjects showed that there was generally
a good agreement between the subjective and objective measures of intelligibility, and only a
small number of inconsistencies were observed.
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Fig. 1. Speech recognition performance, averaged across nine normal-hearing subjects, shown for each vocoder
parameter separately. Reproduced from Baskent er al. (2007b).

The subjects who participated in the study by Baskent ef al. (2007b) were young, with
no auditory or cognitive deficits. Therefore, the results can be interpreted as how well the GA
would work with ideal listeners. In real applications, some hearing aid and cochlear implant
users might have difficulty in making a reliable judgment due to varying peripheral or central
auditory deficits or diminished cognitive skills, for example, as a result of aging. In the present
study, the effects of such human factors on perceptual optimization with the GA are explored
with simulations. One factor that was simulated was the sensitivity in distinguishing sentences
of varying intelligibility. The second factor was the errors a subject might make in entering the
subjective input into the GA. The same GA program was used as Baskent ez al. (2007b) study,
and the results from the simulations were compared to the results with real listeners, reported in
the same study.

2. Methods
2.1 Noiseband vocoder processing

Noiseband vocoder has been widely used to systematically explore the effects of temporal and
spectral degradations on speech perception, or to simulate cochlear implant processing with
normal-hearing subjects. Narrow bands of noise (carrier bands) are modulated with envelopes
extracted from individual bands of speech (analysis bands). The processed speech, a synthesis
of these modulated noise bands, has only the crude spectral and temporal elements of the input
speech (Shannon et al., 1995).

Bagkent et al. (2007b) had selected three vocoder parameters to optimize with the GA:
(1) the number of the spectral channels of the vocoder, (2) a shift between the analysis and
carrier band frequency ranges, and (3) a widening/narrowing of analysis band frequency range
over the carrier band frequency range. The percent correct scores with IEEE sentences (IEEE,
1969), averaged across nine normal-hearing subjects, are reproduced from Bagkent et al.
(2007b) in Fig. 1 for each of the three parameters.

The intelligibility of a solution produced by the GA with a simulated subject was
evaluated with predicted percent correct (PPC), a measure estimated from a multiplicative com-
bination of the average scores, shown in Fig. 1 for each vocoder parameter. Hence, the effects of
the three vocoder parameters were assumed to be independent, even though Baskent and Shan-
non (2007a) had shown that there was interaction between vocoder parameters 2 and 3 for a
small number of conditions.

2.2 Genetic algorithm

For consistency, the same GA that was used by Baskent et al. (2007b) was implemented in the
present study. The GA is an inherently stochastic optimization method that is based on concepts
related to the evolution theory (Mitchell, 1997). For example, one set of parameters that will be
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optimized is called a gene. In the present study, every gene was a combination of the three
vocoder parameters mentioned in the previous section. The levels of the parameters 1 to 3 were
selected as 19, 17, and 15, respectively, producing a search space of 4845 possible solutions.
Unlike the conventional bitstring coding, actual parameter values were used in the genes. GAs
work on a population of genes (six was used in the present study) rather than an individual set of
parameters, and the genes in the initial population are generated randomly. In the present study,
a uniform distribution was used for all random processors, except for the mutation operator. In
each iteration, all genes in the population are evaluated for fitness and genes with better fitness
have a higher probability to pass to the next generation. In applications that involve human
subjects, the fitness is determined by the listener’s preferences. Baskent ef al. (2007b) presented
vocoder-processed IEEE sentences in paired comparisons, 15 to compare all six genes to each
other, to the subjects. The subjects were asked to enter a preference for the sentence with higher
subjective intelligibility (A better than B, or vice versa), with an additional option for equal
intelligibility (A B same). The genes that were preferred more often had higher fitness value,
and all six genes of the population were then rank-ordered such that the genes with the highest
and lowest fitness were ranked as the top and the bottom genes, respectively. The next genera-
tion of genes was produced from the rank-ordered genes of the old population using one of
these methods: (1) Elitism: the top two genes with highest fitness values passed onto the next
generation with no alterations. The top third gene was also passed onto the next generation, but
with a probability of being mutated. (2) Cross-over: two non-identical parent genes were ran-
domly selected from the old population, and two new child genes were produced by averaging
the parameters from the parent genes. The offspring genes replaced the fourth and fifth genes of
the old population. (3) Mutation: two of the three genes (third, fourth, and fifth genes of the new
population) were randomly selected. One randomly selected parameter of each of the two genes
was changed to a randomly selected value, using a normal distribution with the mean at the
parameter’s old value and the standard deviation of one third of the number of levels used for the
parameter to be mutated. The sixth gene in the old population was not used in producing the
next generation of genes; the old one was discarded and the sixth gene of the new population
was produced randomly. These steps were repeated iteratively, until a convergence criterion was
satisfied: if the same two genes were ranked as the best genes of the population in three con-
secutive iterations, convergence was assumed. If the GA failed to converge in 15 iterations, then
the program was stopped manually. The gene that was ranked as the top gene in the final itera-
tion was accepted as the final optimal solution.

2.3 Simulations

Baskent et al. (2007b) compared objective and subjective measures of intelligibility and in a
small number of occasions subjects were not accurate in judging the intelligibility of a sentence.
If this happens during the comparison of a pair of sentences, the subject might enter a higher
preference for the sentence with lower intelligibility that might lead the GA toward poorer
solutions. This factor was modeled by the probability of error (P,,,), the probability of making
an incorrect decision in a paired comparison. For small values of P, the simulated listener
makes fewer mistakes in selecting the sentence with higher intelligibility in the paired compari-
sons. For very high values of P, the simulated subject frequently enters incorrect choices,
leading the GA to produce poorer solutions.

A second factor that could affect the outcome of the GA would be the just noticeable
difference (JND) between the intelligibility levels of the sentences presented in a pair. The
subject has to be able to hear the difference between the sentences to make a judgment, and how
much of a difference a subject needs for a reasonable judgment most likely varies from subject
to subject. This factor was modeled with the parameter INDpc. In the simulations, the intelligi-
bility related to a set of vocoder parameters was directly estimated by the PPC. The simulated
subject entered a preference for one of the sentences in the pair only if the absolute difference in
the intelligibility of the sentences, expressed in PPC scores, was larger than JNDpc. Otherwise,
there was no preference and “A B same” option was selected. A small INDpc models a subject
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Fig. 2. Simulation results, averaged from 50 GA runs. The upper row shows the simulated performance as a function
of P, probability of error in paired comparisons, and the lower row shows the performance as a function of the
JNDpc, the smallest difference in percent correct scores that the simulated subject can perceive between the intelli-
gibility levels of two sentences. In each row, the panels from left to right show the average predicted percent correct
(PPC) scores, the lowest PPC score observed in 50 GA runs, and the average number of iterations. The gray lines
show the data by real listeners, adapted from Baskent er al. (2007b). The error bars show one standard deviation.

that can hear a small difference and can correctly judge which sentence is more intelligible. For
higher values of INDpc, the simulated subject registers more of the “A B same” option. There-
fore, this factor does not produce an error per se; rather it decreases the amount of useful infor-
mation entered into the GA.

3. Results

The effects of the simulated factors were explored by running multiple simulations of the GA
and observing the changes in the overall performance. Figure 2 presents the results for the
factors of P, and JNDpc in the upper and lower panels, respectively. The figure shows the
effects of each factor individually; when P, was varied, JNDp- was equal to 5%, and when
INDpc was varied, P, was equal to 0. The panels from left to right show the average PPC scores
averaged across 50 runs, the minimum PPC score of the 50 runs, and the number of iterations at
convergence averaged across 50 runs. The gray lines show the corresponding data with real
subjects, adapted from Bagkent et al. (2007b). In each panel, the smallest values of P, and
INDpc, 0 and 5%, respectively, simulated the ideal listener. The performance remained high for
P_.=<0.10 and INDpc=< 10%. As the value of P, increased, the simulated listener made more
errors in the paired comparisons, and the overall performance, shown by average PPC, and the
probability of the GA producing a poor result in an individual run, shown by the minimum PPC
score, decreased, both reaching 0% for very large P.,. For high P, values, the number of
iterations needed for convergence also increased as the user preferences were not consistent
from one iteration to the next. For P, = 0.50, the GA failed to converge for most of the runs and
was manually stopped by 15 iterations. JNDpc had similar effect on the average and minimum
PPC scores. For large INDp( values, the average PPC approached 50% as there was almost no
useful information entered by the simulated subject into the GA and the GA would produce

J. Acoust. Soc. Am. 121 (6), June 2007 D. Baskent and B. Edwards: Simulating listener errors EL241



D. Baskent and B. Edwards: JASA Express Letters [DOI: 10.1121/1.2731017] Published Online 9 May 2007

random results that are dominated by the initial random gene population. Similar convergence
was observed for all INDp values. For large JNDp( values, this situation indicated a premature
convergence, as the GA produced poor solutions despite the fast convergence.

Simulations showed that both factors could affect the outcome of the GA negatively.
Further simulations, not included in the present manuscript to ensure brevity, showed that com-
bined effects of these factors could lead to poorer solutions and/or convergence. The experi-
mental data from human subjects, as shown by the gray lines, was most similar to the ideal
listener, implying that the input by real subjects into the GA program was sufficiently reliable.

4. Conclusion

Basgkent et al. (2007b) showed that the GA can produce reasonable solutions with young
normal-hearing listeners under controlled laboratory settings. When the data with human lis-
teners was compared to the data with simulated listeners of the present study, it was observed
that the performance by real listeners was similar to the ideal user, who was able to distinguish
sentences with a small difference in intelligibility and who was also fairly accurate with paired
comparisons. Simulations also showed that the particular GA implementation by Baskent e? al.
(2007b) could handle these factors for small values, most probably because all genes were
compared to each other in every iteration, which provided plenty of information and many
chances for the GA to correct itself. However, for larger values, simulating a situation more
likely to occur with elderly and/or hearing-impaired listeners, performance dropped consider-
ably.

Previous studies had proposed optimization algorithms for customizing hearing aids
(Durant et al., 2004; Kuk and Pape, 1992; Neuman ef al., 1987; Preminger et al., 2000; Stelma-
chowicz et al., 1994) or cochlear implants (Bourgeois-République et al., 2005; Wakefield et al.,
2005) with real patients. Even though the simulation results of the present study would be
applicable specifically to the GA implementation reported by Baskent et al. (2007b), similar
simulations could be used to characterize the effects of differing user skills on how well any
perceptual optimization method might work for general population. For example, Baskent ez al.
(2007b) suggested that a smaller number of paired comparisons are made, with the rest being
inferred from previous comparisons, to shorten the running time. However, if the listener makes
many errors, these errors might carry over to following iterations, and might cause the GA to
produce poorer solutions. Using the present study as a guideline, similar simulations can be
developed to use as a tool for assessment of such potential modifications. A customized simu-
lation method could be useful in evaluating the potential success of a specific optimization
program and also in deciding which operators would result in best performance, in a faster
manner before the actual testing with human listeners.
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Abstract: Acoustic resonances are modified when objects are introduced
into a chamber. The magnitude of these changes depends on the object posi-
tion, size, and shape, as well as on its acoustic properties. Here, an experi-
mental study concerning the resonant frequency shifts induced by a solid
spherical object in a quasi-one-dimensional air-filled acoustic cavity is re-
ported. It is shown that Leung’s theory does not account quantitatively for the
observations. A novel and simple approach is proposed, based on the wave
equation in a cavity of variable cross section. The results fit more accurately
the measured frequency shifts.
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1. Introduction

The acoustic resonances of a cavity are modified when objects are introduced into the chamber.
It is well understood that these changes are more pronounced when either the object size in-
creases or the object itself is a very efficient scatterer. Thus, large solid spheres in air-filled
cavities, as in this study, or gas bubbles in a liquid, can have considerable effects on the acoustic
properties of resonance chambers. These observations indicate that both volumetric and scat-
tering effects are important.

The inclusion of an object in a resonant chamber is analogous to the one-dimensional
problem of a mass attached to a string studied a long time ago by Rayleigh." More recently, the
two-dimensional version has also been studied by Laura et al.? The interest in the use of acous-
tic levitation for space applications, the detection of blockage in nuclear reactors, and the mea-
surements of properties and volumes of objects, in particular rocks, has drawn attention to the
effect of introducing an object in acoustic resonant cavities.” Most of these studies are theo-
retical, dealing with more or less elaborate techniques to predict the frequency resonance shifts
for various object shapes and sizes, as well for different boundary conditions. Experimental
results are scant, exceptions being the rather complete studies performed by Barmatz et al.” and
Chen et al.’

In this letter, we present an experimental study of longitudinal mode resonant fre-
quency shifts induced by a solid spherical object in a quasi-one-dimensional air-filled acoustic
cavity. We compare our results with Leung’s theory, which does not account quantitatively for
the observations. We propose a novel and simple approach based on the wave equation in a
cavity of variable cross section. The results fit more accurately the measured frequency shifts.

2. Experimental setup

The experimental setup is composed of a square section quasi-one-dimensional cavity, of di-
mensions L, =L=100 mm and L,=L.=6.8 mm. Two duraluminum walls allow rigidity and
hold two other static dissipative acrylic walls which in turn allow visualization (see Fig. 1).
Another two duraluminum end walls close the cavity on each side. One of them is attached to an

YPresent address: Laboratoire d’Hydrodynamique, Ecole Polytechnique, 91128 Palaiseau Cedex, France.

EL244 J. Acoust. Soc. Am. 121 (6), June 2007 © 2007 Acoustical Society of America



M. L. Cordero and N. Mujica: JASA Express Letters [DOI: 10.1121/1.2739110] Published Online 16 May 2007

Fig. 1. Experimental setup. (1) Electromechanical vibrator, (2) quasi-one-dimensional square section cavity, (3)
microphone, and (4) accelerometer. A metallic magnetic sphere is placed inside and held fixed by another magnetic
sphere from outside. The origin is chosen at the wall close to the vibrator.

electromechanical vibrator (Bruel & Kjaer mini-shaker 4810), which provides a maximum
force of 10 N in a large frequency range, typically between 100 Hz and 18 kHz, but provides a
constant acceleration amplitude in the 100—5000 Hz range. The cavity is placed such that both
acrylic walls are normal to gravity, hence the system is visualized from above. It oscillates
entirely in the direction of the vibrator’s axis, which has been shown to be an efficient way to
amplify resonant acoustic modes.'’

A microphone and an accelerometer (PCB 130D20 and 340A65, respectively) allow
measurements of the cavity’s end side acoustic pressure and acceleration of the whole system.
The microphone is placed inside the cavity, flush with the end wall, and it has a 6.35-mm-diam
active surface. The accelerometer is placed at the external end side with its axis parallel to the
cavity’s axis. The electromechanical shaker is powered by an amplifier with a signal generated
by a spectrum analyzer (SR780). Experiments are performed in the analyzer’s swept sine mode.
The analyzer measures both the pressure and acceleration amplitude values.

At low frequencies, where the cavity is considered as quasi-one-dimensional, the
empty cavity resonant frequencies differ very little from those predicted theoretically. The pre-

dicted fundamental frequency is given by fo=c/ 2L, where c is the sound speed in air. ¢ depends

on temperature,
[T
c=331.5/1+ =5 mys, (1)
273

where T is in degrees Celsius. Hence, f, also has a temperature dependence. However, a tem-

perature variation of £1 °C only induces a £0.2% change in fo. Care was taken in order to
avoid larger temperature variations.
At the operating temperature 7-=20.75+0.5 °C, we have ¢=343.9+0.3 m/s, and

thus the predicted resonant frequency is 1}0:1719.3 Hz. However, the measured value is f

=1702.7 Hz, 1% lower than f,. We assume this difference is due to a slightly larger effective
length L.=0.101 m, which is only 1 mm longer. Considering that the pressure sensor front—
active—surface is rather soft, it is reasonable to consider the real stiff element to be slightly
behind it.

In order to study the resonant frequency shifts induced by a spherical object, a
6.35-mm-diam metallic, magnetic sphere is placed inside and held fixed by means of a similar
magnetic sphere placed outside the cavity. Once the intruder is fixed and its position deter-
mined, a pressure spectrum is obtained between 1 and 10 kHz, with a roughly constant dimen-
sionless peak acceleration (=0.5 g), resulting in a maximum pressure of =10 Pa. This was
performed for 90 different positions, separated by 1 mm, from X,=4 mm to X;,=94 mm. Be-
cause of the magnetic nature of the spheres, no measurements were possible for X, <4 mm or
Xo>94 mm.

3. Experimental results and comparison with Leung’s theory

The measured resonant frequencies as functions of X, are presented in Fig. 2. Results are shown
from the first to the fifth longitudinal resonant mode. As previously observed by Leung et al.?
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Fig. 2. Normalized resonant frequencies f/f, vs X, for the first five longitudinal modes (a) n=1, (b) n=2, (c) n
=3, (d) n=4, and (e) n=5: Experiments (O), Leung’s prediction (dashed line), and solution of the variable cross-
section model (continuous line). Both theoretical predictions are computed using L.=0.101 m.

the resonant frequencies depend on the sphere’s position, varying in an oscillatory way as a
function of X, such that the number of oscillations is equal to the mode number, n=1,...,5.In
our case, however, variations are stronger, of the order of 10% peak-to-peak, due to the larger
sphere-to-cavity volume ratio. Notice that all except one mode show relatively smooth varia-
tions; the third mode indeed presents some noise due to the difficulty in measuring the resonant
frequencies from pressure spectra in this case as it was of particularly low amplitude, i.e., with
a small signal-to-noise ratio.
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We can qualitatively understand the fact that the resonant frequencies vary roughly
periodically with X, with a very simple argument: By integrating the Helmholtz equation, the
wave number is given by

1 2

= | |Vpl*dv

2 K
— (2

where integration is performed in the available volume. K and ¥ stand for the kinetic and po-
tential energy, respectively. Thus, when the sphere is located near a pressure maximum, for
example at a cavity end wall, which in turn is a velocity node (Vp = 0), the kinetic energy does
not change much but the potential energy is reduced. The final result is an increase in the
corresponding wave number, hence an increase in the resonant frequency is expected. The in-
verse argument can be made when the intruder is near a velocity maximum, for example, at
Xo/L=1/2 for the first mode. In this case &, and thus f, is expected to decrease.

An analytical expression was obtained by Leung ef al.’ From a Green’s function scat-
tering calculation they obtained the resonant wave number as a function of three parameters: the
sphere to cavity volume ratio V,/V, the sphere to cavity length ratio R/L, and the sphere’s
relative position X,/L. Assuming small spherical scatters, such that kR <<1 where R is the
sphere radius and £ is the wave number, they performed their calculation for longitudinal modes
in a rectangular cavity of length L. The predicted wave number shift is

ok V, 1 67 Vl(5 229
k_n = ?|:— (Z + E(knR)2>:| + 7|:<Z - %(knR)2>COS(2k,,X0):| , (3)

where 8k=k—k,. The calculation is done up to order (k,R)?, k,=nr/L being the nth longitudi-
nal mode wave number for the empty cavity. V(V) is the sphere (cavity) volume, and X, is
the sphere’s position. From Eq. (3) we obtain the resonant frequencies

(8
2 k,/)

The comparison made in Fig. 2 shows that this expression does follow qualitatively the mea-
sured resonant frequencies for all modes although important differences are present. In fact, Eq.
(3) considers both volumetric and scattering effects [~ (k,R)?], being the volumetric effects
dominant. The discrepancies between Leung’s prediction and our measurements are probably
due to the breakdown of the single spherical scattering approximation (no wall contributions).
It is also important to note that Leung e al. did not observe differences in resonant frequencies
for scatterers made of different solid materials, as expected when both the density and com-
pressibility differences are so large between solids and air. We also verified this in our setup
with plastic spheres.

In order to compare quantitatively the predicted resonant frequencies and the mea-
sured ones, we define the difference parameter, or error estimator, for the nth mode as

N Ny g
ol O f0r “
A Nfs ,
where f"(i) and f.(i) are the theoretical and measured resonant frequencies, respectively, for

the sphere at the ith position, and N=90 is the number of positions (i.e., measured resonant
frequencies). The Xﬁ parameters calculated for n=1,...,5 are presented in Table 1.
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Table 1. Error estimator Xf, for the first five modes, using Leung’s formula and the results obtained considering a
variable section cavity. All values are X 10>, The ratio between both parameters is given in the third row.

n=1 n=2 n=3 n=4 n=5
Leung 0.68 1.57 2.49 2.21 2.50
Wave Eq. (8) 0.14 0.21 0.62 0.64 1.03
Ratio 5.0 7.6 4.0 3.5 2.4

4. Resonant frequecy shifts obtained from the wave equation in a cavity of variable cross
section

We assume that we have an acoustic cavity of cross section S(x), in which a homogeneous fluid
sustains acoustic waves. In this case the wave equation is modified. Using the usual linear ap-
proximation p=p,+p’ and P=P,+p, in the quasi-one-dimensional limit of interest, one
obtains

1&#p 1
57 lsT)

We can identify three regions in the cavity: Regions I, II and III, for x <X;—R, X,
—R<x<Xj+R, and x> X,+R, respectively. The transverse section then is written

SO lfx <XO_R
§S=48y— mR*— (x—X,)?) ifX,—R<x<X,+R (6)
Sy if x> X, +R,

where Sy=L,, X L.. Notice that the exact sphere position in the (y,z) plane does not matter in this
framework.

Now, let us impose wave solutions of the form p(x,#)=p(x)e "!. We obtain two equa-
tions that must be solved. First, the Helmholtz equation

Pp+—5=0, (7)

k2p+Li[S'(x)d—p] =0, (8)

where S(x) =S, 7[R2— (x—X;)?]. In addition to the rigid termination conditions (dp/dx=0) at
x=0 and x=L, the solutions of these equations have to satisfy pressure and acoustic velocity
continuity conditions at x=X;,—R and x=X;+R.

The solutions in regions I and III are the usual plane wave solutions

Py cos kx (Region T)

px) = P, cos k(L—x) (Region III), Y

which satisfy the rigid conditions in the ends of the cavity. Here we put P, and P, as the (un-

known) pressure amplitudes at the left and right sides of the sphere.
In order to solve Eq. (8), we make the change of variable z=(x—X,))/ R, obtaining
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d’p 2z dp

dz? 0'—l+zzdz+(kR)2p=0 (10)

with —1 <z<1 and o=s,/wR?. The solution of this equation can be expressed in terms of the
confluent Heun function' HC(a, B, 7,6, 7;x):

(z)—AHC(O—lO—l(kR)z(U—l)l+l(kR)2(U—1)'— = )
P T2 4 4 4 :

o—1
1
2

0. LhRY (0= 1). % + L(kRY (0= 1):— = >z (11)
! ‘4 4 . '

+BHC<O, 1
o—

The boundary conditions (continuity of both pressure and acoustic velocity) can then
be written as an homogeneous linear system with four unknowns, P, P, A, and B. Imposing the
determinant of the system to be equal to zero it is possible to find a trascendental equation for k.
The results obtained with this procedure are also presented in Fig. 2. We observe that for all
modes the comparison is better than the results obtained with Leung’s calculation. As before,
the parameter in is computed for each mode. Table 1 shows that overall, despite its simplicity,
our model performs much better that Leung’s calculation.

5. Conclusions

In summary, we have performed an experimental study of the resonance frequency shifts of
longitudinal modes in a quasi-one-dimensional air-filled acoustical cavity of rectangular cross
section induced by the inclusion of a spherical solid object of diameter comparable to the cross-
section length. Measurements were performed for the first five longitudinal modes. Depending
on the object position, the measured resonant frequencies vary in an oscillatory way.

Leung’s theory, which is valid in the small sphere limit, does account qualitatively for
the observations, although important differences are observed. Surprisingly these predictions
are not so bad quantitatively, even when the single sphere—no wall—approximation does not
hold in our setup. This is probably due to the fact that for a solid sphere in air and for long
wavelengths, single scattering effects are small. The question about how the sphere wall inter-
action (multiple scattering) modifies this remains an open question.

We have developed a simple quasi-one-dimensional model where we consider the cav-
ity with the intruder as a chamber of variable cross section. Hence, this model solely considers
volumetric effects. For the well-known wave equation (5) we impose a given form of S(x) from
which we can compute the resonant wave numbers, and therefore the resonant frequencies. The
global performance of each model is quantified through a difference parameter )(,2, for each
longitudinal mode. The new predictions agree much better with measurements than Leung’s
theory.
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Abstract:  Although hybrid passive-active absorption in impedance tubes
has been widely analyzed, its study in more realistic conditions remains to be
accomplished. This letter describes the practical measurement of the passive-
active absorption coefficient in a free field. The passive absorber consists of a
microperforated panel backed by an air cavity and a wooden panel. A multi-
channel active system controls the sound pressure in a reduced cell behind
the absorber. Measured absorption coefficients between 200 and 400 Hz ac-
count for 0.2-0.4 and 0.72—0.75, in the passive and active cases, respectively,
and above 500 Hz both are comparable.
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1. Introduction

Many results have proven the reliability of combining passive and active absorbers to control
broadband standing-wave fields (Furtoss et al., 1997; Beyene and Burdisso, 1997; Cobo et al.,
2003, 2004; Sellen et al., 2006). Traditional absorbers are realized with a porous material
backed by an air cavity and a rigid ending. According to the acoustic properties of the material
as well as the size of each layer, the absorption spectrum of such a two-layer liner is tuned in a
specific medium and high frequency bandwidth. Guiking and Lorentz (1984) proposed an
equivalent low frequency absorber, by replacing the rigid termination with a loudspeaker driven
so as to minimize the pressure in a microphone just behind the material (pressure-release con-
dition). This first active absorber provided an absorption coefficient of 0.6—0.7 between 200 and
500 Hz, using an analogue electronic device. Furtoss et al. (1997) proposed a low frequency
absorber that actively controlled the impedance at the input of the liner. This methodology was
recently applied to flow duct applications (Sellen et al., 2006). Another strategy for designing
active absorbers was the impedance matching condition (Beyene and Burdisso, 1997) which
attempted to cancel the reflected sound field inside the air gap at the rear face of the material.
Cobo et al. (2003) demonstrated that the performance of both approaches (pressure release and
matching impedance) depended on the properties of the material, the pressure-release condition
affording higher absorption when the flow resistance of the porous layer was matched to the
acoustic impedance of the air. Since the final prototype must be lightweight and thin for prac-
tical implementations, the porous material can be substituted by a microperforated panel
(MPP). Cobo et al. (2004) designed a hybrid passive-active absorber with a MPP properly per-
forated and 5 cm of air gap, reporting 82% of absorption in the frequency range from
100 to 1600 Hz. In general, good agreement is found between theoretical and experimental
hybrid passive-active absorption coefficients in standing wave tubes.

To the knowledge of the authors, the performance of such absorbers has still not been
proven in more realistic conditions. When trying to extrapolate the results obtained in the im-
pedance tube to the free field, some difficulties are encountered. The first one regards the mea-
surement technique. In free field measurements, reflection techniques are more suitable to af-
ford the absorption coefficient of the sample (Garai, 1993; Cobo, 2007). The main complexity
of such a technique is to separate the reflected from the diffracted events at the measured reflec-
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Fig. 1. Front (left) and rear (right) views of the hybrid passive-active microperforated absorber in anechoic room.

tion trace. This is carried out by time windowing the reflected event. Cobo et al. (2007) have
demonstrated that this procedure can be improved by shaping the frequency response of the
loudspeaker-microphone in order to radiate shorter pulses.

The second limitation is that the sound field in an extended absorber is much more
complex than in an impedance tube. Only plane waves are propagated at frequencies below the
first radial mode in an impedance tube. Consequently, when the sound pressure just behind the
material is released, the input impedance of the system matches that of the air at low frequen-
cies, and high active absorption is guaranteed. However, it has not yet been confirmed that this
reduction of the pressure field at the rear face of the material furnishes active absorption in an
extended panel.

The aim of this letter is to assess the practical capability of an extended microperfo-
rated liner to provide hybrid passive-active absorption in free field conditions. Such a hybrid
passive-active absorber is described in Sec. 2. Results on passive and active absorption in an
anechoic room are reported in Sec. 3.

2. Hybrid passive-active absorber in anechoic room

The passive absorber consists of a (2.44 m X 2.44 m X 1 mm) perforated sheet in front of a
rigid panel, with a 5-cm-deep air cavity in between. According to Maa (1998), an optimally
tuned MPP absorber has a thickness of the same order as its perforation diameter. Since for
optimal absorption the perforation diameter should be less than 1 mm, the resulting low thick-
ness of the panel would constrain its mechanical implementation in such a two-layer absorber
configuration. Pfretzschner et al. (2006) proposed an alternative methodology to construct
more structurally robust MPPs, combining a thick panel with large perforations with a thinner
one highly perforated. The passive absorption of such an extended absorber has already been
measured, at normal incidence (Pfretzschner ef al., 2006), at low angles of incidence in a free
field (Cobo et al., 2006a), and in a reverberation room (Cobo ef al., 2006b). The current re-
search is concerned with the design of the active absorber as well as the hybrid passive-active
absorption measurements.

Figure 1 shows front and rear views of such an extended hybrid passive-active ab-
sorber in an anechoic room. The MPP layer is made with a 1-mm-thick steel panel whose per-
foration diameter and perforation ratio are 8 mm and 10%, respectively. This sheet is backed by
a mesh 39 um thick, with a perforation ratio of 14% and holes with a diameter of 39 um. In
order to experimentally check the reliability of the pressure release condition in such an ex-
tended absorber, an active cell has been implemented in a reduced size (62 cm X 54 cm
X 5 ¢m) centered panel at the wooden back of the prototype. As can be seen in Fig. 1, this active
cell is divided into four separated equal units. Each one is acting as a local feedforward control
system. The loudspeaker in each cavity is driven according to the FXLMS algorithm so as to
minimize a broadband field picked up by a microphone centered just behind the MPP. The
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Fig. 2. Spectral levels of the error microphones inside the active cell with the active controller switched off (thick
line) and on (thin line).

electrical signal driving the primary loudspeaker placed in front of the absorber (see Fig. 1) is
also used as reference signal for the active controller. The control and error path identification
filters operate concurrently. Both the number of taps and the algorithm convergence parameter
of the control and error path identification filters can be modified to optimize the cancellation at
the microphones.

Both passive and active absorption coefficients of such a prototype have been mea-
sured with the method outlined by Cobo et al. (2006a, 2007). This MLS (maximum length
sequences) impulsive technique requires a loudspeaker-microphone system optimally posi-
tioned according to their relative distances to the sample (see Fig. 1). First, the electroacoustic
system should record the direct event (without absorber). Then, it is turned toward the absorber
and the reflection trace is measured. Since this latter trace also contains diffractions from the
edges, the reflected event is picked up by windowing. Direct and reflected events, both filtered
with the same window, are use to obtain the passive absorption coefficient of the prototype
(Cobo, 2007). First, the passive absorption (active cells off) is measured. Then, the multichan-
nel controller is configured to reduce the MLS primary field radiated by the measuring loud-
speaker, at the error sensor locations. Once this cancellation is optimal, the filter coefficients are
locked and the active absorption is measured.

3. Results

Results reported in this section concern normal incidence. Figure 2 shows the spectra of the
four error microphones inside each local active cell with the active controller switched off
(thick line) and on (thin line). The primary MLS noise is sampled at 2500 Hz. The active con-
troller cancels this primary noise between 15 and 20 dB below 500 Hz. Both the adaptive con-
trol and error path filters have been optimally set up to 70 taps and a convergence parameter of
0.1.

Figure 3 shows the direct trace (above) and both reflected traces in front of the ex-
tended absorber, for the passive (center) and active (below) configuration. These traces have
been measured at normal incidence, with the loudspeaker and the microphone 90 and 5 cm
away from the center of the panel, respectively. This is the optimal loudspeaker-microphone
configuration for the size of the tested panel (Cobo et al., 2006a). Time windowing removes low
frequencies from the measured signals, so that this method has a lowest reliable frequency
inversely related with the window length (Cobo, 2007). For the time window illustrated in Fig.
3, the lowest reliable frequency was 217 Hz.
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Fig. 3. Direct (above), passive reflected (center), and active reflected (below) traces, with the selecting windows
overlapped (thin lines).

Figure 4 shows the passive and active reflection coefficients obtained from the traces
of Fig. 3. Both passive and active theoretical absorption coefficients at normal incidence (Cobo
et al., 2004) are also included for the sake of comparison. The experimental passive curve
presents a slight notch around 600 Hz. It is believed to be due to the aperture made to the back
wooden panel in order to place the active cell. The active absorption coefficient, as expected
theoretically, improves the absorption curve in the low frequency range. The cut-off frequency
between the passive and active configuration appears around 470 Hz. The absorption coeffi-
cient from 200 to 400 Hz ranges from 0.2 to 0.4 for the passive absorber and from 0.72 to 0.75
for the active-passive absorber, demonstrating the low frequency enhancement expected for the
active component of the system. Above 500 Hz the passive and the active-passive systems pro-
vided comparable performance, as expected. The absorption coefficient averaged from

Absarption Coefficient

0 L L L
200 400 600 800 1000
Frequency (Hz)

Fig. 4. Passive theoretical (thick solid line), passive experimental (thick dashed line), active theoretical (thin solid
line), and active experimental (thin dashed line) absorption coefficients of the MPP.
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217 to 1000 Hz is 0.6 for the passive absorber and 0.75 for the active one.
4. Summary and conclusions

Authors have demonstrated in previous papers that hybrid passive-active systems are able to
provide broadband noise absorption in an impedance tube. A passive-active microperforated
absorber of only 5 cm thickness afforded 82% of absorption in the frequency band from
100 to 1600 Hz. Although such a high hybrid absorption can be hopefully foreseen with ex-
tended samples, experimental results supporting this presumption have not been reported yet.
This letter is pioneering in accounting for such results.

Measurements of passive-active absorption of an extended microperforated absorber
of (2.44 m X 2.44 mX5 cm) in an anechoic room are reported. Absorption coefficients have
been measured according to a MLS impulsive technique which allows separating by windowing
the reflected event at the sample from diffractions at its edges. Since this time windowing re-
moves low frequencies from the traces, this method has a lowest reliable frequency inversely
related to the window length. The lowest reliable frequency of measurements was 217 Hz.

A multichannel active control system has been set up in a reduced size cell (62 cm
X 54 cm X 5 cm) at the back of the absorber. It was implemented with four loudspeaker-
microphone units, each one acting as a local active cell. The loudspeaker in each local cell was
driven according to the FXLMS algorithm so as to minimize the MLS primary field picked up
by a microphone just behind the microperforated panel. These error signal spectra were attenu-
ated between 15 and 20 dB in the frequency band up to 500 Hz. Results have proven that active
reduction of the sound pressure behind the extended liner can provide improved absorption at
low frequency. The absorption coefficient from 200 to 400 Hz ranges from 0.2 to 0.4 for the
passive absorber and from 0.72 to 0.75 for the active-passive absorber, demonstrating the low
frequency enhancement expected for the active component of the system. Above 500 Hz the
passive and the active-passive systems provided comparable performance, as expected.
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Abstract: Discrete-time domain methods provide a simple and flexible
way to solve initial boundary value problems. With regard to the sources in
such methods, only monopoles or dipoles can be considered. However, in
many problems such as room acoustics, the radiation of realistic sources is
directional-dependent and their directivity patterns have a clear influence on
the total sound field. In this letter, a method to synthesize the directivity of
sources is proposed, especially in cases where the knowledge is only based on
discrete values of the directivity diagram. Some examples have been carried
out in order to show the behavior and accuracy of the proposed method.
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1. Introduction

The limitations involved in the analytical solving of initial boundary value problems in different
research fields, such as acoustics, is a familiar problem. Numerical methods have been pro-
posed as accurate and efficient models to determine the sound field distribution in
N-dimensional problems. In room acoustics, sound field distribution can be predicted in this
way and the use of numerical approaches, among other proposed methods, which are based on
discrete-time domain methods, has gained popularity.l’2

Discrete-time domain methods are based on the spatial-temporal discretization of the
wave equation. According to this, a mesh of discretized spatial points represents the sound field
for a given time step. Among different paradigms in the discrete-time domain applied to the
room acoustlc problems, the most frequently used methods are the ﬁmte difference
time-domain’ (FDTD), digital waveguide mesh? (DWM) transmission line matrix (TLM), and
the recently proposed functional transformation method® (FTM).

The initial conditions for these methods are uniquely expressed as a distribution of
monopoles (pressure sources), and dipoles (particle velocity sources) particularly in the case of
the FDTD method; but in practical and more general problems, sources are too far to be repre-
sented as monopole or dipole sources and more complex source modeling is required. Sound
source modeling aims to achieve realistic sound inside a virtual environment with characterls—
tics resembling those of a real source. One of these characteristics is the d1rect1v1ty, whose
effects over the sound perceptlon of the virtual room becomes hlghly significant. Although this
topic has been addressed in other auralization methods, such as image-source methods’ or
ray-tracing, 10 complex directive sources have only been proposed, very recently, in a particular
discrete-time domain method—the DWM method.'' However, this is not a generalized method

YAlso at Telecommunication Engineering Department, University of Jaen, E-23700, Linares, Spain.
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Fig. 1. (a) Source-receiver points distribution. (b) Space sampled distribution of source-receiver points.

that can be used in the rest of the methods and it only allows non-frequency-dependent imple-
mentations. A method able to solve more general problems (frequency-dependent directivities%
and other more efficient discrete-time domain methods, such as FDTD and FTM, is necessary.1

Furthermore, in order to obtain information regarding the directivity of real sources as
a function of the angles in a three-dimensional (3D) space and also as a function of the fre-
quency in the bandwidth of interest, complex facilities are required, e.g., anechoic chambers.
Unfortunately though, available public databases on this topic are not widespread. However,
directivity diagrams of sources for discrete frequencies are more common and they are avail-
able in technical literature.'

This letter proposes a method of incorporating directive sources for discrete-time do-
main methods, based on the information obtained in the directivity diagrams for discrete fre-
quencies. It can be applied to other more general problems in acoustics, but in this letter its use
in room acoustics is emphasized.

2. Method

As mentioned in Sec. I, the proposed method tries to simulate the behavior of a directive source
when it is used in discrete-time simulations. To accomplish this task its uses an array of basic
sources (monopoles) placed around the position of the directive source to be synthesized [see
Fig. 1(a)]. The method is based on the combination of an array of monopoles with different
amplitudes and phases in order to reproduce a desired sound field at given poin‘ts.14 If such
points are selected for spherical distribution in far field, the resulting pressure pattern is directly
the directivity diagram of the source.

Therefore, the objective is to obtain the proper combination of signals that excite the
source distribution in order to obtain the desired angle-dependent behavior. However, the space
sampling process forces the source and receiver points to be located at discrete positions [see
Fig. 1(b)], but as will be shown in Sec. III this will not cause any problems. Next, the algorithm
is mathematically formulated in terms of the wave propagation.

Let us consider a harmonic 3D time-varying sound field p(x,?)=P(x, w)e/*', where
P(x,0)=||P(x, w)|[e/*"*) is defined as the complex pressure amplitude of the sound field in a
position x for the angular frequency w. Also, let us define source matrix position X;
=[Xg e X 5o ,xSN]T and receiver matrix position X,=[X, ,....X, ,....X, ] T where the su-
perscript T indicates transposed vector. Note that for this purpose, X, must correspond to a
circular distribution as shown in Fig. 1(a). The pressure at a point X, is calculated as a weighted
sum of the pressure sources as
N
> Plx, ,w)e”

n=1 | s — X

n

o ol 5
P(xrm,w)e’ = e , (1)

o

where ¢ represents the speed of sound.
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The weights that relate the pressure distribution of the sound field to the sound sources
are known as three-dimensional Green’s functions. In Eq. (1), the Green’s function for point
sources is employed. Assuming a far field approximation ((w/ c)|xsn7x,,m| > 1), or equivalently
a plane wave approach, the Green’s function can be simplified. This simplification is made
assuming that in far field [x, —x, |is a constant K, and Eq. (1) is expressed as

N

1 )
P(Xr 9('0) = _E P(Xs 7w)e_](w/C)‘XS”_Xr'”‘) (2)
" K3pumi !

where K;p=4mK. However, this constant can be avoided in the equations taking into account
that the d1rect1V1ty is expressed in relative terms. This simplification has the advantage of the
formulation remaining the same in the two-dimensional (2D) case, in far ﬁeld where the
constant changes to K,p=4e 7™ /j\lmwK/(2c).

The summation of Eq. (2) can be expressed in matrix form as

p,=Cp,, 3)
where p,=[P(x, , @), ..., P(x,, ,w)]" and p,= [P(x,,@),....P(x,, ,w)]7, and then the matrix
C of Green’s functions is deﬁned as

el =x,. [ ... gwl)lxg x, |
Cc= : : : (4)

—X,.

e*j(w/c)\xslfxr ey Xy,

e el

In that problem, p, are known data, representing the angular pressure distribution
around the sources, according to the directivity diagram. Despite directivity diagrams being
expressed in terms of absolute values and p, being a complex number, this is not a handicap, as
will be shown later in the results.

In general, Eq. (3) cannot be solved as p,=C™'p,, because it normally corresponds to
an under- or overdetermined system (the number of sources and the angular resolution, i.e., the
number of receivers—they are not usually the same). In these cases, an approximate solution is
usually obtained in a least-squares sense. This can be carried out by means of minimum least-
squares method, i.e., by means of the pseudomverse Equatlon (5) shows the solution expres-
sion where matrix C’C is always square:

p,=(C’C)"'Cp,. (5)

It must be taken into account that the point source distribution affects the sound field
resolution. For a proper solution, the distribution of point sources must comply with a relation
between distances to properly synthesize the field. This relation depends on the frequency. In
this way, it is possible to correctly synthesize a sound field between a maximum f;,,, and a
minimum frequency f,;, in a given distribution of sources 17

C

Sinax = Vi#], (6)

2||Xsi - ij”min

C

ﬁnin: 5 Vi 7/:]3 (7)

2||Xsi - ij||max

where ||| represents the norm of the vector.

The application of the proposed algorithm to the different paradigms (FDTD, DWM,
TLM, etc.) is straightforward: pressure values p(x,¢) are given into discretized spatial points
(x=[x,y,z]=[iAx,jAy,kAz]) in a particular time step t=nAt¢; in the sequel, )N(S and )~(r must be
considered as the discrete point position of sources and receivers [see Fig. 1(b)].
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It is important to note than the calculations are made in the frequency domain. Once
the pressure values p, are calculated at the point sources, the discrete-time domain excitation
signals must be achieved. For each point source of the array, when a sinusoidal signal with a
given frequency w, is employed, it is done by

PRy )|y = RAIP(R, ,wg)] /0P 000} (8)

3. Examples and results

In this section, some examples of synthesis of directive sources are presented in order to vali-
date the proposed algorithm. As mentioned previously, the application of the method is valid for
all these paradigms and also produces equivalent results among the different methods. 18

3.1 Simulation setup

To carry out the following experiments, the FDTD method has been selected because it is one of
the most efficient methods and its theory for implementing absorbing boundary conditions is
well known. More precisely, the perfect matched layer'® method has been selected and imple-
mented into the mesh boundaries in order to minimize the effects of the associated reflections.

In these examples, a 2D mesh has been used (a 3D application is straightforward)
Searching for an efficient implementation, the FDTD method has been carried out in a one-step
approach (only pressure has been consrdered) Simulations have been developed for two fre-
quencies, 500 and 2000 Hz. Due to the effects of the inherent dispersion in FDTD, the sampling
frequency f; has been selected as 20 tlmes the max1mum frequency to be srmulated, fs
=40 kHz. According to the Courant formula® (Ax= \'2cAt) each cell represents 0.012 m?.

The source points are distributed in a staircase circle, taking space sampling into ac-
count. The setup is composed of 12 sources forming a circle with a radius of 0.096 m (around 8
cells of distance over the center point) for the frequency of 500 Hz and 12 sources for the
frequency of 2000 Hz (around 30 cells of radius); this setup is accomplished with Egs. (6) and
(7). This selection implies that the first distribution allows the synthesis of frequencies between
approximately 450—900 Hz and the second distribution around 1700—3300 Hz.

The receiver points have been placed in a circle with a 10\, radius around the central
point in order to guarantee far field conditions, where \,,, is the maximum wavelength of the
synthesized field. A mesh of 500 X 500 cells has been used to accommodate the receiving points
and leave some free space.

3.2 Results

According to the mathematical development presented in the previous section, the complex
amplitude of the sources is calculated. Since the directivity diagram does not give any informa-
tion about phase, a zero phase or random phase at receiver can be assumed, giving nearly the
same results in absolute value terms. In all of the following experiments, a zero phase has been
considered for p,.

In the first example, let us consider a distribution of pressure for a given frequency
w;=2m500 rad/s with an angular resolution of A = /4. The directivity data are defined in an
counterclockwise manner as p,l(dB)=[O,*3 ,—7,—4,-5,-10,—4,—1].

Figure 2(a) shows, in the form of a continuous line, the expected directivity diagram
and, in the form of a dotted line, the one obtained. A high level of agreement exists between the
expected and the obtained results, and it is even difficult to differentiate the two. However, note
that in the radiated sound field [Fig. 2(b)], sharp variations in the directivity between the eight
data angles occur. When input information has a low angular resolution, this effect is more
noticeable. When representing these results with a higher angular resolution, as shown in Fig.
2(c), some nonexpected irregularities arise.

In cases with low angle resolution information, a possible solution could be to inter-
polate the original directivity in the unknown angles of the diagram, obtaining more angular
resolution and then applying the algorithm. Figure 3 shows the results obtained by increasing
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Fig. 2. (a) Comparison between the expected (gray-continuous line) and the obtained (black-dotted line) diagram
directivity in a discrete-time domain method. (b) Obtained radiated sound field simulated in a FDTD mesh. (c)
Obtained directivity diagram measured with a higher angular precision (dots indicate points used in the calculations).

the angular resolution (5°) and interpolating data with spline functions.?' It shows how the
results follow a much smoother change and in a more natural way, as with real sources. How-
ever, as expected, some differences exist between the results obtained with a low and a higher
directivity angular resolution, due to the characteristics of the minimum least-squares method.
This is manifested as a directivity curve that does not pass exactly through the expected points
of the original directivity diagram. There is a tradeoff between the curve smoothness and the
precision at the reference points when the number of receivers increases.

It is also possible to find in the literature examples of directivity diagrams with a
higher angular resolution. For instance, in the next example, a directivity diagram of a baffled
kettledrum is used,”? with a selected frequency of 500 Hz, corresponding to the mode (31) [see
Fig. 4(a)]. The number of sources is the same as the previous example (12 sources), but the
angular resolution of the directivity diagram is 10° (36 receivers). In Fig. 4(a) the high similar-
ity between the theoretical and the obtained directivity diagram can be observed and Fig. 4(b)
shows the sound field produced for the configuration of sources calculated by means of a FDTD
simulation.

One of the main advantages of discrete-time domain methods is their capacity to deal
with broadband results, allowing several discrete frequency directivities to be carried out in a
unique simulation. In order to show this, let us consider a directivity at two frequencies, one is
P, at w;=27500 rad/s, and the new one, for w,=272000 rad/s, is prz(dB):[O ,—10,—-12,

—4,0,-6,—5,-2]. The results in Fig. 5 show the sound field produced as the combination of
both signals. This property allows the creation of complex directive sources as a result of the
combination of the single directivity diagram for different frequencies in a unique simulation.

Finally, the results obtained with FDTD have been compared to other discrete-time
methods and it can be concluded that directivity diagrams are the same for the DWM and

-20

-25

-30
(dB)

(b)

Fig. 3. (a) Directivity diagram obtained increasing the angular resolution by interpolation of the data of Fig. 2. (b)
Obtained radiated sound field simulated in a FDTD mesh.
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(dB)

(b)

Fig. 4. (a) Comparison between the expected (gray-continuous line) and the obtained (black-dotted line) directivity
diagram of baffled kettledrum in a discrete-time domain method. (b) Obtained radiated sound field simulated in a
FDTD mesh.

TLM."® Compared to the FTM, very few, almost negligible, differences have been found. It
must be taken into account that FTM is free of dispelrsion,6 and for the presented examples, the
FDTD mesh has been selected for a low level of dispersion because oversampling has been
used. In summary, efficacy of the proposed algorithm is independent of the discrete-time
method used.

It should be noted that the pressure sources mentioned in this work correspond to hard
sources (the sources are not affected by the surrounding points). The influence in cases of trans-
parent sources and realistic boundary conditions (partial reflections and frequency-dependent
boundary conditions) should be analyzed.

4. Conclusions

In this letter, an approach to the synthesis of directive sources for discrete-time methods has
been presented. The information relative to the directivity of the source is based on a set of
points of the directivity diagrams. A combination of an array of monopole sources is used to
create a particular sound field according to a directivity diagram, that demonstrates real source
behavior. To obtain the weights for each source the least-squares method has been employed,
allowing the creation of several directivities for different frequencies in a unique simulation for
discrete-time domain methods. By means of different examples, the method has been tested and
validated. Moreover, it has been implemented in several discrete-time methods and the results
are independent of the method selected.

-20

-25

-30
(dB)

(b)

Fig. 5. (a) Comparison between the expected (gray-continuous line) and the obtained (black-dotted line) diagram
directivity for two different frequencies in a discrete-time domain method. (b) Obtained radiated sound field simu-
lated in a FDTD mesh.
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Abstract: The variations of phase velocity and normalized broadband ul-
trasonic attenuation (nBUA) with porosity were investigated in Polyacetal
cuboid bone-mimicking phantoms with circular cylindrical pores running
normal to the surface along the three orthogonal axes. The frequency-
dependent phase velocity and attenuation coefficient in the phantoms with
porosities from 0% to 65.9% were measured from 0.65 to 1.10 MHz. The
results showed that the phase velocity at 880 kHz decreased linearly with
porosity, whereas the nBUA increased linearly with porosity. This study pro-
vides a useful insight into the relationships between ultrasonic properties and
porosity in bone at porosities lower than 70%.
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1. Introduction

It is now widely accepted that quantitative ultrasound (QUS) technologies have the potential for
the assessment of osteoporosis and bone status (Laugier, 2004). Most of the current clinical
QUS devices measure the speed of sound (SOS) and the broadband ultrasonic attenuation
(BUA) at easily accessible peripheral sites such as the calcaneus and finger phalanges (Njeh et
al., 1999). SOS and BUA are sometimes combined linearly into a single index, which compen-
sates for the temperature variation and offers better stability than either parameter taken alone
(Njeh et al., 1999; Wear and Armstrong, 2001). However, the underlying physics for the varia-
tions of QUS parameters in trabecular bone is not well understood yet.

Clarke et al. (1994) and Strelitzki et al. (1997) showed that a trabecular bone phantom
material consisting of small cubic gelatin granules randomly distributed in epoxy (the Leeds
Bone Phantom) is useful for the prediction of the variations of ultrasonic properties, such as
phase velocity, dispersion, and attenuation, with porosity and pore size of trabecular bone. Re-
cently, Wear (2005) reported the dependencies of phase velocity and dispersion on trabecular
thickness, spacing, and volume fraction, using a trabecular-bone-mimicking phantom consist-
ing of two-dimensional arrays of parallel nylon wires. Although the phantoms used in those
studies are substantially different in materials and shapes of inclusions and ranges of porosities
spanned, those phantom studies enable us to understand the relationships between ultrasonic
properties and trabecular microarchitecture.

The present study aims to provide an insight into the variations of phase velocity and
normalized broadband ultrasonic attenuation (nBUA) with porosity in bone, using Polyacetal
cuboid bone-mimicking phantoms with circular cylindrical pores running normal to the surface
along the three orthogonal axes. The frequency-dependent phase velocity and attenuation coef-
ficient in the phantoms with porosities from 0% to 65.9% were measured from 0.65 to
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Table 1. Properties of four phantoms.

Phantom Pore diameter (a) Pore spacing (s) Porosity (B)
1 Pure Polyacetal without pores 0.0%
2 0.8 mm 3.0 mm 14.9%
3 0.8 mm 2.0 mm 31.3%
4 0.8 mm 1.3 mm 65.9%

1.10 MHz, using a matched pair of transducers with a diameter of 0.5 in. and a center frequency
of 1.0 MHz.

2. Materials and methods
2.1 Bone-mimicking phantoms

Four Polyacetal cuboid phantoms with a square cross section of 20 X 20 mm? and a thickness of
10 mm (custom built by Nam Il Optical Components Corp., Incheon, Republic of Korea) were
interrogated. Their dimensions were measured using a micrometer with a precision of 0.5 mm.
The porosity of the phantoms was altered by changing the pore spacing only, since the pore size
was fixed. One phantom consisted of pure Polyacetal without pores and three phantoms had
circular cylindrical pores, running normal to the surface along the three orthogonal axes, with a
diameter (@) of 0.8 mm and three different spacing (s) of 3.0, 2.0, and 1.3 mm, respectively (see
Table 1). A phantom with @=0.8 and s=1.3 mm is shown in Fig. 1. The porosity, 3, occupied by

pores is given by
(37 a
2\ ) (1)

As seen in Table 1, the values for the porosity of four phantoms were 0%, 14.9%, 31.3%, and
65.9%, which resulted in porosities lower than the range reported for human calcaneus, 86% —
98% (Wear et al., 2005). The porosities investigated here are relatively lower than values seen
in human cancellous bone but cover ranges of cortical bone (0% — 30%) and dense cancellous
bone (30% — 70%).

Fig. 1. Photograph of the phantom with ¢=0.8 mm and s=1.3 mm.
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Table 2. Acoustic properties of Polyacetal measured in the present study and mineralized bone (or cortical bone)
material in the literature. The longitudinal velocity and attenuation coefficient in the Polyacetal were measured at

880 kHz.

Longitudinal Attenuation
Material Density velocity coefficient
Polyacetal 140626 kg/m? 2434+5 m/s 6.6+0.3 dB/cm
Mineralized 2040-2150 kg/m? 2520-4290 m/s 6-52 dB/cm

bone material®

*Njeh et al., 1999.

The phantom design simplifies the complex architecture of trabecular bone filled with
fatty marrow as a cuboid structure of Polyacetal with circular cylindrical pores, running normal
to the surface along the three orthogonal axes, filled with water. Polyacetal comprising the skel-
etal frame of the phantoms corresponds to mineralized bone and water inside the pores to mar-
row. The pore diameter of 0.8 mm is comparable with typical values for trabecular separation in
human calcaneus (Hans et al., 1995; Ulrich et al., 1999). Table 2 shows the acoustic properties
of Polyacetal measured in the present study and mineralized bone (or cortical bone) material in
the literature (Njeh ez al., 1999). As seen in Table 2, the longitudinal velocity and attenuation
coefficient at 880 kHz in the Polyacetal were 2434+5 m/s and 6.6+0.3 dB/cm, respectively.
This indicates that the Polyacetal used here is similar in acoustic properties to typical mineral-
ized bone material. The substitution of water for bone marrow may be justified by the fact that
many in vitro measurements performed with water instead of marrow result in consistency with
in vivo measurements (Wear, 2005).

2.2 Ultrasonic measurements

Ultrasonic measurements were performed in a water bath filled with distilled water at room
temperature (18 °C), using the through-transmission method. A matched pair of broadband,
plane (unfocused) transducers with a diameter of 0.5 in. and a center frequency of 1.0 MHz
(Panametrics V303) was used in order to cover the wide range of frequencies of interest. The
two transducers were coaxially aligned, facing each other. Their opposing faces were separated
by a distance of 50 mm, greater than the near-field distance of 26.5 mm stated by the manufac-
turer. The phantom was coaxially aligned with the transducers and placed in a soundproof
mount to prevent diffraction around the edges of the phantom. A 200 MHz pulser/receiver
(Panametrics 5900PR) was used to generate ultrasonic pulses through a transducer (transmitter)
and to receive signals transmitted through the phantom at the other transducer (receiver). Re-
ceived signals were averaged over 100 pulses in time domain using a 500 MHz digital storage
oscilloscope (LeCroy LT342) and stored on a computer for offline analysis.

In order to measure the phase velocity, the received signals were recorded with and
without the phantom in the acoustic path. The frequency-dependent phase velocity, c,(w), was

determined by c

- , )
@) = e Ad(a) eod] @
where o is the angular frequency of the wave, d is the thickness of the phantom, and A ¢(w) is
the difference in unwrapped phases of the received signals with and without the phantom. The
unwrapped phase difference, A ¢p(w), was calculated by taking the fast Fourier transform of the

digitized received signals (Wear, 2005). The temperature-dependent speed of sound in distilled
water, c¢,,, is given by (Kaye and Laby, 1995)

¢,y = 1402.9+4.835 X T—0.047016 X T>+0.00012725 X T°, (3)

where T is the temperature in °C. It was verified that the estimates of Eq. (3) were consistent
with the measurements performed in the water bath given the precision of the digital thermom-
eter used.

The attenuation coefficient was determined using the same signal acquired for phase
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Fig. 2. Temporal reference signal transmitted through water only and phantom signals transmitted through four
phantoms.

velocity measurements. The frequency-dependent attenuation coefficient, a(w), in unit of
dB/cm was calculated by

~201log(e) | |do(w)|
a(w) = 7 {ln A, (w) + ln|7‘(w)|} , (4)

where 4,(w) is the amplitude spectrum of the signal through water only, 4,(w) is the amplitude
spectrum of the signal through the phantom, d is the thickness of the phantom in cm, and o w)
is the power transmission coefficient at the interface between water and the phantom. The first
term on the right hand side of Eq. (4) is the apparent attenuation (i.e., signal loss) and the second
term is the transmission losses at each interface, water/phantom and phantom/water. The trans-
mission losses were determined from separate measurements of density and phase velocity of
the phantom. Meanwhile, they are generally assumed to be negligible in human trabecular bone
(Njeh et al., 1999).

A total of ten measurements were performed on each phantom, repositioning the phan-
tom after each measurement. The experimental data of phase velocity, attenuation coefficient,
and nBUA presented here represent the average of the ten measurements. Their standard devia-
tions (the random uncertainty of their measurements) were observed within 5% and are not
indicated in the figures.

3. Results and discussion

Figure 2 shows the temporal reference signal transmitted through water only and phantom sig-
nals transmitted through four phantoms. As seen in Fig. 2, each phantom signal exhibits an
earlier arrival time than that observed in water. This is because the sound speed in the phantoms
is greater than that in water. It is notable that the signals through the phantoms with pores
exhibit pulse elongation with the higher frequencies arriving later, characteristic of negative
dispersion. This may be due to the interference between fast and slow waves, resulting in the
negative dispersion (Marutyan ef al., 2006). The amplitude spectrum level of the reference
signal transmitted through water only reached a maximum at the frequency of 880 kHz. As
expected, the center frequencies of the signals transmitted through the phantoms were shifted to
lower frequencies, resulting from increasing attenuation with frequency. The usable (=6 dB)
frequency bandwidth was found between 0.65 and 1.10 MHz.

Figure 3 (left) shows the phase velocity as a function of frequency measured for four
phantoms. The solid lines are linear fits to the measured data. As seen in Fig. 3 (left), the phase
velocity in the phantom with a porosity of 65.9% has an apparent negative slope with frequency
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Fig. 3. (left) Phase velocity as a function of frequency measured for four phantoms. The solid lines are linear fits to
the measured data. (right) Phase velocity at 880 kHz as a function of porosity measured for four phantoms. The black
line is a linear fit to the measured data on the phantoms and the gray curve is a polynomial fit of second order to all
data including the measurement at 100%.

over the range from 0.65 to 1.10 MHz (=604 15 m/sMHz). This negative dispersion has been
observed in several in vitro measurements in trabecular bone (Nicholson et al., 1996; Strelitzki
and Evans, 1996; Droin ef al., 1998; Wear, 2000, 2001; Waters and Hoffmeister, 2005) and also
measured in bone-mimicking phantoms (Strelitzki ef al., 1997; Wear, 2001, 2005). Wear (2001)
successfully applied the stratified model to predict the negative dispersion in human trabecular
bone, modeling it as a simple layered structure of periodically alternating bone-marrow plates.
Recently, Marutyan et al. (2006) proposed that the apparent negative dispersion in trabecular
bone can result from the interference between fast and slow waves, based on computer simula-
tions of the Biot-Johnson and stratified models. It should be noted that, in the present study,
significant negative dispersion was observed only in the phantom with the highest porosity of
65.9%. As can be observed in Fig. 3 (left), the phantoms with the lower porosities of 14.9% and
31.3% exhibited a slightly negative dispersion over the frequency range available. Although the
slope of phase velocity as a function of frequency may have clinical significance, the physical
mechanism responsible for the variation of dispersion with porosity in trabecular bone is not
well understood yet.

Figure 3 (right) shows the phase velocity at 880 kHz (the frequency at which the am-
plitude spectrum level reaches a maximum) as a function of porosity measured for four phan-
toms. The value of about 1475 m/s at a porosity of 100% represents the phase velocity mea-
sured in distilled water at 18 °C. The black line is a linear fit to the measured data on the
phantoms and the gray curve is a polynomial fit of second order to all data including the mea-
surement at 100%. It can be found that the phase velocity in the Polyacetal cuboid bone-
mimicking phantoms decreases linearly with porosity over the range from 0% to 65.9%. This is
attributed to the increase in porosity (i.e., the decrease in volume fraction of Polyacetal) result-
ing from decreases in pore spacing of the phantoms. These findings underpin the fact that SOS
in trabecular bone is highly correlated with bone mineral density over a wide range of densities
(Nicholson ef al., 1994; Han et al., 1996; Serpe and Rho, 1996). It may be worthwhile to note
previous phantom studies on the relationship between phase velocity and porosity, even if their
porosity ranges are relatively high compared to that considered in the present study. For ex-
ample, Wear (2005) observed that the phase velocity in a trabecular-bone-mimicking phantom,
consisting of two-dimensional arrays of parallel nylon wires, is a linearly decreasing function of
porosity from 88% to 98%. Meanwhile, Strelitzki et al. (1997) reported that a quadratic model
provides a more appropriate fit for a different bone phantom, consisting of small cubic gelatin
granules randomly distributed in epoxy, over a wide range of porosities from 46% to 83%. The
polynomial fit in Fig. 3 (right) also shows that the phase velocity tends to decrease nonlinearly,
but still monotonically with porosity over the entire range from 0% to 100%. Indeed, there is
some indication of nonlinearity in human trabecular bone with very high porosities (Wear et al.,
2005). This nonlinear variation of phase velocity with porosity in trabecular bone has been
predicted using the Biot model (Williams, 1992; Hosokawa and Otani, 1997, 1998;Wear ef al.,
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Fig. 4. (left) Attenuation coefficient as a function of frequency measured for four phantoms. The solid lines are linear
fits to the measured data. (right) nBUA as a function of porosity measured for four phantoms. The black line is a
linear fit to the measured data on the phantoms and the gray curve is a polynomial fit of fourth order to all data
including the mearuement at 100%.

2005; Lee and Yoon, 2006) and the modified Biot-Attenborough (MBA) model (Lee et al.,
2003). Lin et al. (2001) also demonstrated that the theoretical relationship between velocity and
porosity is not strictly linear, using the stratified model.

Figure 4 (left) shows the attenuation coefficient as a function of frequency measured
for four phantoms. The solid lines are linear fits to the measured data. As seen in Fig. 4 (left), the
attenuation coefficients in all the phantoms increase linearly with frequency over the range from
0.65 to 1.10 MHz. These results are consistent with the fact that the attenuation is a linear
function of frequency over the chosen range in trabecular bone. The slope of the linear fit to the
frequency-dependent attenuation over the bandwidth of interest, typically from 200 to 600 kHz,
which is referred to as nBUA, has been shown to be useful to indicate bone health (Langton et
al., 1984). Nevertheless, the nBUA approach, implying a simple linear relationship between
attenuation coefficient and frequency, does not rely upon any physical bases.

Figure 4 (right) shows the nBUA as a function of porosity measured for four phan-
toms. The value of about 0 dB/cm at a porosity of 100% represents the nBUA measured in
distilled water at 18 °C. The nBUA was determined by the linear regression of attenuation
coefficient over the frequency bandwidth from 0.65 to 1.10 MHz. The black line is a linear fit to
the measured data on the phantoms and the gray curve is a polynomial fit of fourth order to all
data including the measurement at 100%. It can be found that the nBUA in the Polyacetal
cuboid bone-mimicking phantoms increases linearly with porosity over the range from 0% to
65.9%. The increasing nBUA with porosity at porosities lower than 70% seems to be consistent
with those previously observed in trabecular bone by several authors (Han et al., 1996;
Hodgkinson et al., 1996; Serpe and Rho, 1996). They found that the nBUA increased slowly
with porosity, showing a peak at the porosity of roughly 70%, and decreased rapidly thereafter.
Similar nonlinear relationships between nBUA and porosity have been reported in a trabecular
bone phantom material (the Leeds Bone Phantom), with a peak at the porosity of about 50%
(Clarke et al., 1994; Strelitzki et al., 1997). Some theoretical models, such as the scattering
model (Nicholson ef al., 2000) and the stratified model (Lin et al., 2001), successfully predicted
such nonlinear trends experimentally observed in trabecular bone and bone-mimicking phan-
toms. One of our previous works employing the MBA model also predicted the nonlinear de-
pendence of nBUA on porosity in bovine trabecular bone (Lee et al., 2003).

In summary, the variations of phase velocity and nBUA with porosity were investi-
gated in Polyacetal cuboid bone-mimicking phantoms with circular cylindrical pores running
normal to the surface along the three orthogonal axes. The results showed that the phase veloc-
ity at 880 kHz decreased linearly with porosity over the range from 0% to 65.9%, whereas the
nBUA increased linearly with porosity. The dependencies of phase velocity and nBUA on po-
rosity in the phantoms were consistent with those previously observed in trabecular bone and
bone-mimicking phantoms. This study provides a useful insight into the relationships between
ultrasonic properties and porosity in bone at porosities lower than 70%.
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Editor’s Note: Readers of the journal are encouraged to submit news items on awards, appointments, and other activities about
themselves or their colleagues. Deadline dates for news items and notices are 2 months prior to publication.

2007 Medwin Prize in Acoustical Oceanography

Awarded to Brian Dushaw

Brian D. Dushaw was named the re-
cipient of the 2007 Medwin Prize in
Acoustical Oceanography. “For con-
tributions to the acoustic measure-
ment of climate change.” Dr.
Dushaw is Senior Oceanographer,
Applied Physics Laboratory, Univer-
sity of Washington, Seattle. He re-
ceived an A.B. degree in Physics
from Occidental College, an M.A. in
Physics from the University of Cali-
fornia, Davis, and a Ph.D. from the
University of Callifornia, San Diego,
in Physical Oceanography.

The prize was awarded to Dr.
Dushaw at the meeting of the Acous-
tical Society of America held in Salt
Lake City, UT, 4-8 June 2007. During the meeting he presented the Acous-
tical Oceanography Prize Lecture titled “The recent history of our under-
standing of low-mode internal tides in the ocean.”

The Medwin Prize in Acoustical Oceanography was established in
2000 through a grant made to the Acoustical Society Foundation by Herman
and Eileen Medwin to recognize a person for the effective use of sound in
the discovery and understanding of physical and biological parameters and
processes in the sea. Previous recipients have been Timothy G. Leighton,
Bruce D. Cornuelle, Jeffrey A. Nystuen, Stan E. Dosso, Svein Vagle, and
John K. Horne.

Applications and/or nominations for the award are due in September
each year. For further information about the award, please contact the
Acoustical Society of America, Suite 1INOI, 2 Huntington Quadrangle,
Melville, NY 11747-4502, Tel: 516-576-2360; Fax: 516-576-2377; E-mail:
asa@aip.org. Application information can also be found on the ASA Home

Page at http:// asa.aip.org/fellowships.html.

USA 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

Revolutionary Aircraft for Quiet Communities, Hampton,
VA [A NASA workshop hosted by the National Institute
of Aerospace and co-sponsored by the Joint Planning and
Development Office and the Council of European Aero-
space Societies; Web: www.nianet.net].

24-26 July

5-8 Oct. 123rd Audio Engineering Society Convention, New
York, NY [Audio Engineering Society, 60 E. 42 St., Rm.
2520, New York, NY 10165-2520, Tel: 212-661-8528;

Fax: 212-682-0477; Web: www.aes.org].

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.
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27 Nov.-2 154th Meeting of the Acoustical Society of America,

Dec. New Orleans, LA (note Tuesday through Saturday)
[Acoustical Society of America, Suite 1NO1, 2 Hunting-
ton Quadrangle, Melville, NY 11747-4502; Tel.: 516-
576-2360; Fax: 516-576-2377; E-mail: asa@aip.org;
Web: http://asa.aip.org].

2008

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

July America (ASA), European Acoustics Association (EAA),
and the Acoustical Society of France (SFA), Paris,
France [Acoustical Society of America, Suite 1NO1, 2
Huntington Quadrangle, Melville, NY 11747-4502; Tel.:
516-576-2360; Fax: 516-576-2377; E-mail: asa@aip.org;
Web: http://asa.aip.org/meetings.html].

NOISE-CON 2008, Dearborn, MI [Institute of Noise
Control Engineering, INCE Business Office, 210 Mar-
ston Hall, Ames, IA 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, P.O. Box 1609, Groton CT 06340-1609; Tel.:
860-572-0680; Web: 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 1NOI, 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 sub-
ject 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).
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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
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;
Nonmembers $90 (paperbound).
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Edwards, Joseph R., VASA Associates, Inc., 1 Charles St. S., Unit 6F, Bos-
ton, MA 02116

Evers, Laeslo G., KNMI, Seismology Division, P.O. Box 201, De Bilt, 3730
AE, The Netherlands

Eidsvik, Paul, 733 Coolidge, Westfield, NJ 07090

Farina, Angelo, Viale Duca Alessandro 8, Parma 43100, Italy

Fernandez, Andres, The ARcane Paradigm, Parque Arturo Leon D-2 11-f,
Valladolid 47008, Spain

Fiebig, Andre, Schildstr. 20, 52062 Aachen, Germany

Field, Chris D., Arup Acoustics, 901 Market St., Ste. 260, San Francisco,
CA 94103

Fine, Michael L., Biology, Virginia Commonwealth Univ., 1000 W. Cary St.,
Richmond, VA 23129

Foulk, Aaron M., 2738 Denise St., Newbury Park, CA 91320

Guzman, Sandra J., Motorola, CXD Design Research, 600 N. US Hwy. 45,
MD S1-46M, Libertyville, IL 60048

Hall, Deborah A., MRC Inst. of Hearing Research, University Park, Not-
tingham NG7 2RD, UK

Hargrove, James V., Manufacturing Dept., Sabian Cymbal Makers, 219
Main St., Meductic, NB E6H 2L5, Canada
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Hayes, Donald, Unitron Hearing Ltd., 20 Beasley Dr., Kitchener, ON N2G
4X1, Canada

Hedlin, Michael A. H., Scripps Inst. of Oceanography, Univ. of California,
San Diego, 9500 Gilman Dr., La Jolla, CA 92093-0225

Hickey, Rich, Sente Software, LLC, 2172 White Birch Dr., Yorktown
Heights, NY 10598

Hill, Bernard R., Collins & Aikman, Product Development, 1506 E. Main
St., P.O. Box 669, Old Fort, NC 28762

Hopkins, Jonathan K., 10974 Rose Ave., #2, Los Angeles, CA 90034

Jaramillo, Ana M., calle 41 # 63 C-49, Medellin, Colombia

Jeng, Fuh-Cherng, School of Hearing, Speech and Lang. Sci., Ohio Univ.,
Grover Center W218, Athens, OH 45701

Kalapinski, Erik J., 17 Lyman St., Southborough, MA 01772

Kantti, Timo-Pekka, Sepantie 12A, Uotila, Satakunta 26510, Finland

Katz, J. Lawrence, 22100 Shaker Blvd., Shaker Heights, OH 44122-2646

Kawashima, Takayuki, Dept. of Cognitive and Behavioral Sciences, Univ. of
Tokyo, 3-8-1 Komaba, Meguro-ku, Tokyo 153-8901, Japan

Kennedy, E. Dale, Albion College, Biology, 611 E. Porter St., Albion, MI
49224

Khosla, Sid M., 3158 Willis, Cincinnati, OH 45208

King, Charles B., 2913 W. Walnut, Chicago, IL 60612

Krahe, Detlef, Univ. of Wuppertal, FB E, Rainer-Gruenter-Str. 21, Wupper-
tal 42119, Germany

Kuchukhidze, Giorgi, 12591 Shelley Dr., #8, Garden Grove, CA 92840

Langenberg, Lawrence A., Stoddard Silencers, Inc., Engineering, 1017
Progress Dr., Grayslake, IL 60030

Lepper, David, Optimal Engineering, 7185 Liberty Centre Dr., Ste. D, West
Chester, OH 45069

Litobarski, Stuart L. H., Flat 2, 1 Beach Rd., Southsea, PO5 2JH, UK

Lorenzi, Christian, CNRS, Ecole Normale Superieure, 29 Rue D’Ulm, Paris
75005, France

Maddux, William A., AECOM/EDAW, Inc., Environmental, 1420 Kettner
Blvd., Ste. 620, San Diego, CA 92101

Manning, Angelina V., Naval Undersea Warfare Center Div., Keyport, En-
gineering and Planning, 610 Dowell St., Keyport, WA 98345

Matchett, Noel, Information Security Incorporated, 10776 State Route 108,
Ellicott City, MD 21042-6104

Memoli, Gianluca, Chemical Engineering, Imperial College London, South
Kensington Campus, London SW7 2AZ, UK

Mercado, Miriam, Retorno Rada Edif. 86 Depto. 18, U. Patera Vallejo,
Gustavo A. Madero 07710 Mexico

Meyer, Glen E., Physical Facilities Dept., The Church of Jesus Christ of
Latter-Day Saints, 50 E. North Temple St., Rm. 1000, Salt Lake City, UT
84150-6310

Minasyan, George, 851 Hamilton Dr., Lafayette Hill, PA 19444

Morris, Adam, Piezotech LLC, 8431 Georgetown Rd., Indianapolis, IN
46268

Nilesh, Bhattad, H305, Rohan Vashantha, near Marthahalli Railway Bridge,
Bangalore, India

Norcross, Scott G., Communication Research Centre, VPBT Advanced Au-
dio Systems, 3701 Carling Ave., P.O. Box 11490, Stn. H, Ottawa, ON
K2H 8S2, Canada

Nordquist, Peter R., Southern Oregon Univ., Computer Science, 1250
Siskiyou Blvd., Ashland, OR 97520

Pantea, Cristian, 2060A 41st, Los Alamos, NM 87544

Psaras, Marios, Flat 52, Stonebridge House, 5 Cobourg St., Manchester M 1
3GB, UK

Rajaram, Shankar, 11849 Goshen Ave., Apt. 8, Los Angeles, CA 90049

Reiley, Evan S., Performance Media Industries, 9 Mono Ave., Unit A, Fair-
fax, CA 94930

Roney, Alfred B., 317 N. Broad St., Apt. 311, Philadelphia, PA 19107

Sakamoto, Shinichi, Inst. of Industrial Science, Univ. of Tokyo, Sth Dept.,
4-6-1 Komaba, Meguro-ku, Tokyo 153-8505, Japan

Sachau, Delf, Helmut-Schmidt-Univ., Mechanical Engineering, Holstenhof-
weg 85, Hamburg 22043 Germany

Scofield, William C., Kyocera Wireless Corp., Advanced Development and
Production Def., 10300 Campus Point Dr., San Diego, CA 92121

Scott, Anthony A., 25 Manchester Rd., Eastchester, NY 10709

Sieber, Arne, Austrian Research Centers GmbH, 2444 Seibersdorf, Austria

Slater, Michael, P.O. Box 364, Bremerton, WA 98337
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Smith, Justin D., Eilar Associates, Inc., 539 Encinitas Blvd., Ste. 206, En-
cinitas, CA 92024

Spulber, Tiberiu, BKL Consultants Ltd., 308-1200 Lynn Valley Rd., North
Vancouver, BC V7] 2A2, Canada

Solberg, Stephen E., Coffeen Fricke & Associates, Inc., 14827 W. 95th St.,
Lenexa, KS 66215

Terrell, Virgil E., GRAS Sound & Vibration, 23621 Lorain Rd., North Olm-
sted, OH 44070

Terry, Charles C., Eilar Associates, Inc., 539 Encinitas Blvd., Ste. 206, En-
cinitas, CA 92024

Tikriti, Walid M., 3027 Renaissance Court, Dallas, TX 75287

Wagenaars, Wil, Philips Consumer Electronics Lab, Interleuvenlaan 74-82,
Leuven B-3001, Belgium

Walker, Ian T., Audio Communications Solutions Ltd., 4 Brompton Rd.,
York YO306 NJ, UK

Wang, Tongan, 4035 Kessler Ave., Apt. 1002, Garden City, GA 31408

Webster, Jeremy, Natl. Center for Physical Acoustics, 1 Coliseum Dr., Uni-
versity, MS 38677

Wong, Galen S. W., 5-3409 Centre St., NW, Calgary, AB T2E 2X7, Canada

Xiong, Blong, Colin Gordon and Associates, 883 Sneath Ln., Ste. 150, San
Bruno, CA 94066

Yamakami, Ken, Foster Electric Co., Ltd., HP Div., Eng. Dept. 6, Design Gr.
2, Miyazawa-cho 512, Akishima, Tokyo, 196-8550 Japan

Yamamoto, Kohei, Kobayasi Inst. of Physical Research, 3-20-41 Higashi-
Motomachi Kokubunji, Tokyo 185-0022, Japan

Yasin, Ifat, Experimental Psychology, Univ. of Oxford, South Parks Rd.,
Oxford OX1 3UD, U.K.

New Students

Abbott, John Paul R., 580 N. 100 East, Apt. 17, Provo, UT 84606

Al-Wohaibi, Abdulrahman A., Badaya P.O. Box No. 502, Gassim 51951,
Saudi Arabia

Anderson, Seth, Bethel Univ., 3900 Bethel Univ., #243, St. Paul, MN 55112

Ballard, John R., Electrical and Computer Engineering, Univ. of Minnesota,
Rm. 4-174, 200 Union St., SE, Minneapolis, MN 55455

Bavu, Eric, Faculte de Genie Mecanique, Groupe d’Acoustique, Univ. de
Sherbrooke, 2500 Blvd. de [I’Universite, Sherbrooke, QC JIK 2RI,
Canada

Bok, Tae-Hoon, Oceanic Info. and Syst. Eng., Cheju National Univ., 66
Jejudaehakno, Jeju 690-756, South Korea

Boughan, C. Chaya, Rensselaer Polytechnic Inst., Applied Mathematics,
Amos Eaton Hall, 110 8th St., Troy, NY 12180

Briggs, Heather, 012 Smyth Hall, Newark, DE 19717

Brothers, Jonathan S., 2100 W. Berwyn Ave., Chicago, IL 60625

Butler, Lynnika, 215 E. Pommel St., Safford, AZ 85546

Cassidy, Matthew, 5 Ascot House, Windsor Ave. N., Belgast, Antrim, BT9
6EL, Ireland

Chevillote, Fabien, Mechanical Engineering, Univ. de Sherbrooke, 2500
Boulevard de 1’Universite, Sherbrooke, QC J1K 2R1, Canada

Choiniere, Marc, 1601 S. 64th St, Omaha, NE 68106

Crimmins, Katherine A., 1364 Geddes Ave., Apt. 4, Ann Arbor, MI 48104

Desjardins, Jamie L., Audiology, Syracuse Univ., 805 S. Crouse Ave., Syra-
cuse, NY 13244

Field, Jim P. Field, 1405 Sigur Ave., Metairie, LA 70005

Freedman, Joseph S., 458 Calhoun St., Atlanta, GA 30318

Friedman, Sarah A., 627 Muriel St., Rockville, MD 20852

Giardiello, Bradley E., 221 Massachusetts Ave., Apt. 917, Boston, MA
02115

Good, Erin, 3661 N. Campbell Ave., #352, Tucson, AZ 85719

Henry, Ryan A., 334 N 450 E, Valparaiso, IN 46383

Hickman, Tracy, 1830 W. Wilson Ave., #5, Chicago, IL 60640

Hwang, HaDong, 525 W. Brompton, #112, Chicago, IL 60657

Johann, Stefan, Ruptisch, Johannes Kepler Univ., Inst. for Measurement
Technology, Altenbergerstrasse 69, Linz 4040, Austria

John, Andrew B., Dept. of Communication Sci. & Disorders, Univ. of
Florida, P.O. Box 117420, Gainesville, FL 32611

John, Thomas K., 296 Wood St., Preston, Melbourne, VIC 3072, Australia

Johner, Stacy L., 4138 Warwick Blvd., Apt. 35, Kansas City, MO 64111

Johnsen, Eric, Mechanical Engineering, California Inst. of Tech., 1200 E.
California Blvd., Pasadena, CA 91125
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Katsika, Argyro, Linguistics, Yale Univ., 370 Temple St., Rm. 204, New
Haven, CT 06520-8366

Khalaf, Daniel G., Karen S. Khalaf, AIA, 86 Summit Ave., Summit, NJ
07901

Khoklova, Tatiana D., Vorob’yovy gory L-14, Moscow 119234, Russia

Kiel, Andrew H., 525 S. State. St., Chicago, IL 60605

Kopechek, Jonathan A., 2921 Scioto Ln., Apt. 501, Cincinnati, OH 45219

Kosherick, Barry M., 8 Boynton St., Worcester, MA 01609

Krueger, Todd M., Washington Univ., Lab. for Ultrasonics, 1 Brookings Dr.,
University City, MO 63130

Lee, Kyogu, 65 Abrams Court, #102, Stanford, CA 94305

Lefebvre, Antoine, 4595 Boul. Rosemont, App. 9, Montreal, QC HIT 2E3,
Canada

Levitte, Emmanuel E. L., 320 Rue Chartier, Sherbrooke, QC J1J 3B2,
Canada

Loughran, Roisin B., 37 Headford, Mount Ave., Dundalk, Louth, Ireland

Majdak, Piotr, Vs. Akademie d. Wissenschaften, Institut fur Schallfors-
chung, Reichsratsstrasse 17, 1010 Wien, Austria

Malik, Mashkoor A., Univ. of New Hampshire, NRESS, 24 Colovos Rd.,
Durham, NH 03824

Manning, John, Bauer Industries, 445 Dutton Dr., Waterloo, ON N2L 4C7,
Canada

Marek, Kenneth, 219 Maple St., Hapeville, GA 30354

Markel, Deborah, 7309 Diagonal Rd., Kent, OH 44240

Mazur, Ruth Anne, 343 S. Dearborn St., Apt. 1803, Chicago, IL 60604

McCartney, Nicholas P., 4205 N. Ozanam, Norridge, IL 60706

McGovern, Megan E., 3154 Forestview Trail, Crete, IL 60417

McNeill, Nathan, Engineering Education, Purdue Univ., 400 Centennial Dr.,
West Latayette, IN 47907

Mendis, Joseph J., 28 Swarkestone Dr., Littleover, Derby, Derbyshire, DE2
32PA, UK

Meyer, Justin E., 342 Dearborn St., Apt. 1604, Chicago, IL 60604

Millhouse, Thomas J., 29/215 Aspinall St., Watson, ACT 2602, Australia

Ongel, Aybike, 3800 Solano Park Circle, Apt #2124, Davis, CA 95616

Oldham, Justin J., Univ. of Alaska Southeast, 11120 Glacier Highway, Ju-
neau, AK 99801

Rasmus, Luke N., 2615 21st, Lubbock, TX 79410

Ravindran, Apoorv, 1716 N. Vassar St., Apt. 5, Wichita, KS 67208

Ringer, Ashley, 325 SE Williamsburg Dr., Lees Summit, MO 64063

Roberts, Jordan L., 1527 W. Chicago Ave., #2, Chicago, IL 60622

Roberts, Philip, 8875-1 Kephart Ln., Berrien Springs, MI 49103

Schattner, William L., 1436 W. Addison St., Apt. 3, Chicago, IL 60613

Scherrer, Nicole M., 512 E. Fairmont Dr., Tempe, AZ 85282

Sebastian, Daniel M., Columbia College Chicago, Acoustics, 600 S. Michi-
gan Ave., Chicago, IL 60605

Sirny, Dustin, 6744 15th Ave. S., Richfield, MN 55423

Smith, Jason K., CEAT, Univ. of Hartford, Box 2663, 200 Bloomfield Ave.,
West Hartford, CT 06117

Sturgis, Joe M., 1227 S. Roanoke, Springfield, MO 65807

Tanaka, Ryota, 3950 N. Lake Shore Dr., #1002, Chicago, IL 60613

Thompson, Christopher L., 301 N. 6th St., Hamilton, MT 59840

Thomson, Clint D., ATK Launch Systems, Health Management, P.O. Box
707, MS 245C, Bldg. 519-C, Brigham City, UT 84602-0707

Thornock, Brian T., Brigham Young Univ., Physics, 273 ESC, Provo, UT
84606

Walsh, Kyle P., Dept. of Psychology, Univ. of Texas at Austin, 1 University
Station A8000, Austin, TX 78712

Weinberg, Samuel N., 2442 Brentwood Rd., Bexley, OH 43209

Weirathmueller, Michelle, Ocean Engineering/CCOM, Univ. of New Hamp-
shire, 24 Colovos Rd., Durham, NH 03824-3515

Wilson, Lindsay J., Scottish Assoc. Marine Sci., Ecology Dept., Dun-
staffnage Marine Lab, Oban, PA37 1QA, United Kingdom

Wodzinski, Sylvie M., 1809 Ist St., Unit A, Indian Rocks Beach, FL 33785

Xu, Jinshan, 550 Memorial Dr., Apt. 15B4, Cambridge, MA 02139

Ying, Li, Oceanic Info. and Syst. Eng., Cheju National Univ., 66 Jejudae-
hakno, Jeju, 690-756, South Korea

Zaba, Aleksandra, Linguistics, Univ. of Utah, 255 S. Central Campus Dr.,
Rm. 2330, Salt Lake City, UT 84112

Zhang, Peng, Boston Univ., AME, 110 Cummington St., Boston, MA 02215

Zhao, Yixin, Tsinghua Univ., Inst. of Microelectronics, Rm. #913, Main
Bldg., Beijing, 100084, PR. China
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New Electronic Associates

Adachi, Jingo, 3-12-22 Shibuya Shibuya-ku, Tokyo, 150-0002, Japan

Aston, Kelly A., Artec Acoustics, 114 W. 26th St., 12th Floor, New York,
NY 10001

Atkins, Philip R., Dept. of Electronic, Electrical & Computer Eng., Univ. of
Birmingham, Birmingham B15 2TT, UK

Backer, Steven L., 6 Godeus St., San Francisco, CA 94110

Bishop, Martin J. D., 22 Herringston Rd., Dorchester DT1 2BSA, UK

Bjelica, Rajko, DaimlerChrysler Corp., Audio and Telematics Group, 800
Chrysler Dr., CIMS #482-10-08, Auburn Hills, MI 48326

Cahill, Thomas P., 215 Adams St., 15J, Brooklyn, NY 11201

Carson, Timothy M., Collins & Aikman, 47785 W. Anchor Ct., Plymouth,
MI 48170

Drioli, Carlo, Univ. of Verona, Computer Science, Ca Vignal 2, strada le
Grazie 15, Verona 37134, Italy

Gainer, Dean, Sound Progression LLC, 9728 Dayton Ave., North, Seattle,
WA 98103

Guillaume, Patrick, Vrije Universiteit Brussel, Mechanical Engineering,
VUB-MECH-AVRG, Pleinlaan 2, B-1050 Brussel, Belgium

Hakkinen, Markku, 45 Lawrencia Dr., Lawrenceville, NJ 08648

Have, Helmut, Landuse Planning & Environment, Phoenixstraat 49c, 2611
AL Delft, The Netherlands

Hopper, Clare, British Geological Survey, Kingsley Durham Centre, Key-
worth, Nottingham, NG12 5GG, UK

Hult, Vern A., Oil Lift Technology Inc., 1820 30 Ave. NE, #3, Calgary, AB
T2E 7M5, Canada

Israelsson, Hans G., 2716 27th St. NW, Washington, DC 20008

Johnsrude, Ingrid S., Queen’s Univ., Psychology, 63 Arch St., Kingston, ON
K7L 3N6, Canada

Lerin Borao, Maria Eva, Apartado de correos 2025, 29600 Marbella, Spain

Mancuso, Antonio, via Fratelli Gruppi 18, Bologna 40129, Italy

Moilanen, Petro, Makelantie 3 and 4, Saynatsalo KS 40900, Finland

Nokes, Jim R., ABOG LLC, Thumper Project, 1380 Gardner St., Stayton,
OR 97383

Norli, Petter, Det Norske Veritas AS, MTPNO366, Veritasveien 1, Hovik,
Akershus 1322 Norway

Orbelo, Diana, Mayo Clinic, Otorhinolaryngology, 200 Ist St., SW, Mayo
W35, Rochester, MN 55905

Perea, James D., 1527 E. Falkland Ln., #243, Silver Spring, MD 20910

Raake, Alexander, Ernst-Reuter-Platz 7, 10587 Berlin, Germany

Rankin, David B., Ambit Research, Development, 1834 Wake Forest Rd.,
Ste. 6116, Winston-Salem, NC 27109

Rok, Vladimir E., Tarusskaja 4-344, Moscow 117588, Russia

Stephenson, Catriona M., CREEM, Univ. of St. Andrews, The Observatory,
Buchanan Gardens, St. Andrews, Fikfe, KY16 9LZ, UK

Young, Tim, 681 Linville Falls Dr., West Melbourne, FL. 32904

Yuen, Ivan, Royal Holloway, Univ. of London, Psychology, Surrey TW20
0EX, UK

New Corresponding Electronic Associate

Alwi, Hasan A., Univ. Kebangsaan Malaysia, Pusat Fizik, Bangi, Selangor,
43600 Malaysia

Ben Jebara, Sofia, MASC, Ecole Superieure des Communications de Tunis,
MASC, Route Raoued Km. 3-5, El Ghgazala, Ariana 2088, Tunisia

Fulgencio, Leon, Calle 37 #192 col. Ampliacion Las Aguilas, Nezahualcoy-
otl 57900, Mexico

Gopinathan, Sudheer, G. V. P. College of Engineering, Madhurawada, Visa-
khapatnam, Andhra Pradesh 530041, India

Karuppiah, Jayaraj, ASA Acoustics Pvt. Ltd., 80 4th Trust Cross St., Man-
davelipakkam, Chennai, Tamilnadu 600028, India

Lopez, Samuel, Vinedos Sta Teresa 159, Aguascalientes, SN Fco de los
Romos 20364, Mexico
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Mohammadi, Nader, 4th Floor, No. 2, Ghoodarzi Al, Shenasa St., Emamze-
deh Ghasem, Tehran 19749, Iran

Ng, Yatming, 1B, Hoover Towers 2, Sau Wa Fong, Wanchai, Hong Kong,
Hong Kong

Yoon, Taeseok, Renaultsamsung Motor Company, NVH Team, 447-4
Gongse-ri, KiHueng, Kyunggido 446-796, Korea

Reinstated

R. Duraiswami—Member
D. M. Lfrederick, K. A. Legleiter, J. M. Opie—Associates

Members Elected Fellows

M. R. Bailey, D. J. Doria, J. M. Eargle, S. J. Elliott, H. E. Gockel, K. M. Li,
A. Migliori

Associates Elected Fellows

P. E. Barbone, S. 1. Finette, T. D. Mast, C. Prada

Electronic Associate Elected Fellow

K. G. Sabra

Associates Elected Members

S. E. Bard, M. M. Buret, F. P. Curra, W. P. Ko, S. M. Mukdadi, B. C. Poteet,
S. C. Renaud, D. R. Smith, K. Shanker, D. S. Woolworth, E. M. Zwerling

Students to Associates

C. Barroso, N. R. Blum, A. J. Boone, E. E. Bowden, S. Brown, M. Cap-
piello, R. C. Diaz, G. R. Dix, A. Farnetani, A. C. Faszer, M. J. Green, M.
M. Holt, K. Hoyt, J. R. Hurd, Y. Kwon, N. W. Larsen, B. Li, A. Loubeau,
J. E. Lyons, A. O. MacGillivray, J. Mahn, E. T. Miller-Klein, G. S. Mor-
rison, J. A. Mossbridge, P. G. Muzzy, S. Ortallono, C. A. Sanford, H.V.
Savitala, T. Schultz, K. R. Shank, D. E. Shub, A. Sirovic, P. Smitthakorn,
J. Songer, Y. Sun, D. F. Winker, M. S. Wochner, Y. S. Yunusova

Associate to Electronic Associate

H. R. Graf, J. Gramtorp

Resigned

T. G. Bouliane, W. E. Cooper, H. Endo, C. E. Hanson, T. F. Johnston, W.
Kinney, M. Podiesak, J. S. Ryder, G. B. Smith, M. Tohyama, D. Wellsted,
T. Yokoyama, Members

B. C. Baddorf, L. A. Challis, B. E. McClure, A. N. Hadjicostic, J. F.
Holzrichter, K. Konishi, V. Tarnow, R. L. Tubbs, G. Wittek, Associates

Z. Nagy, Z. Vavva, Students

P. Stickar, Corresponding Electronic Associate

Deceased

B. A. Becken, M. Lawrence, G. Moushegian, L. H. Sibul, W. Thompson, Jr.,
H. E. von Gierke—Fellows

A. E. Galef, G. Herman, D. K. Lewis, N. Niwa, I. C. Simpson, H.
M.Walkinshaw—Members

E. Zelnick—Associate

Fellows 891
Members 2152
Associates 2535
Students 968
Electronic Associates 628
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ACOUSTICAL NEWS—INTERNATIONAL

Walter G. Mayer

Physics Department, Georgetown University, Washington, DC 20057

International Meetings Calendar

Below are announcements of meetings and conferences to be held
. * 1 1
abroad. Entries preceded by an are new or updated listings.

June 2007

1-3 Second International Symposium on Advanced Tech-
nology of Vibration and Sound, Lanzhou, China (Web:
www.jsme.or.jp/dmc/Meeting/VSTech2007.pdf).

3-6 14th International Conference on Noise Control (noise
c01)1trol ‘07), Elblag, Poland (Web:www.ciop.pl/noise-
07).

3-7 11th International Conference on Hand-Arm Vibra-
tion, Bologna, Italy
(Web:associazioneitalianadiacustica.it/HAV2007/
index.htm).

4-6 Japan-China Joint Conference on Acoustics, Sendai,
Japan (Fax: +81 3 5256 1022; Web: www.asj.gr.jp/eng/
imdex.html).

Oceans07 Conference, Aberdeen, Scotland, UK (Web:
www.oceans(7ieeeaberdeen.org).

18-21

25-27 31st International AES Conference—New Directions
in High Resolution Audio, London, UK (Web:

www.aes.org/events/31/).

2nd International Conference on Underwater Acoustic
Measurements: Technologies and Results, Heraklion,
Crete, Greece (Web: www.uam2007.gr).

25-29

July 2007

2-6 8th International Conference on Theoretical and
Computational Acoustics, Heraklion, Crete, Greece
(Web: www.iacm.forth.gr/~ictca07).

3-5 First European Forum on Effective Solutions for
Managing Occupational Noise Risks, Lille, France
(Web: www.noiseatwork.eu).

4-7 International Clarinet Association Clarinetfest, Van-
couver, British Columbia, Canada (e-mail:
john.cipolla@wku.edu; Phone: 1 270 745 7093).

9-12 14th International Congress on Sound and Vibration
(ICSV14), Cairns, Australia (Web: www.icsv14.com).

16-21 12th International Conference on Phonon Scattering
in Condensed Matter, Paris, France (Web: www.isen.fr/
phonons2007).

August 2007

6-10 16th International Congress of Phonetic Sciences
(ICPhS2007), Saarbriicken, Germany (Web:
www.icphs2007.de).

27-31 Interspeech 2007, Antwerp, Belgium (Web:
www.interspeech2007.org).

28-31 inter-noise 2007, istanbul, Turkey (Web:
www.internoise2007.org.tr).

September 2007

2-7 19th International Congress on Acoustics (ICA2007),

Madrid, Spain (SEA, Serrano 144, 28006 Madrid Spain;
Web: www.ica2007madrid.org).

9-12 ICA Satellite Symposium on Musical Acoustics
(ISMA2007), Barcelona, Spain (SEA, Serano 144, 28006
Madrid, Spain; Web: www.ica2007madrid.org).

9-12 ICA Satellite Symposium on Room Acoustics
(ISRA2007), Sevilla, Spain (Web:
www.ica2007madrid.org).

10-13 54th Open Seminar on Acoustics (OSA2007), Prze-
mysl, Poland (Web: www.univ.rzeszow.pl/osa2007/).
17-19 3rd International Symposium on Fan Noise, Lyon,

France (Web: www.fannoise.org).
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18-19 International Conference on Detection and Classifica-
tion of Underwater Targets, Edinburgh, UK (Web: io-

a.org.uk).
19-21 Autumn Meeting of the Acoustical Society of Japan,
Kofu, Japan (Acoustical Society of Japan, Nakaura 5th-
Bldg., 2-18-20 Sotokanda, Chiyoda-ku, Tokyo 101-0021,
Japan; Fax: +81 3 5256 1022; Web: www.asj.gr.jp/
index-en.html).
Wind Turbine Noise 2007, Lyon, France (Web:
www.windturbinenoise2007.org).
XIX Session of the Russian Acoustical Society, Nizhny
Novgorod, Russia (Web: www.akin.ru).

20-22
24-28

27-29 *3rd Congress of the Alps Adria Acoustical Associa-

tion, Graz, Austria (Web: www.alpsadriaacoustics.org)
October 2007

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

9-12 2007 Canadian Acoustic Conference, Montréal,

Québec, Canada (Web: caa-aca.ca).

17-18 *Institute of Acoustics Autumn Conference 2007, Ox-
ford, UK (Web:www.ioa.org.uk/viewupcoming.asp).
25-26 Autumn Meeting of the Swiss Acoustical Society,

Bern, Switzerland (Web: www.sga-ssa.ch).
December 2007
6-9 *International Symposium on Sonochemistry and

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

June 2008

30-4 Acoustics’08 Paris: 155th ASA Meeting + S5th Forum
Acusticum (EAA) + 9th Congres Francais
d’Acoustique (SFA), Paris, France (Web:
www.acoustics08-paris.org).

July 2008

7-10 18th International Symposium on Nonlinear Acoustics

(ISNA18), Stockholm, Sweden (Web:
www.congrex.com/18th-isna).

28-1 9th International Congress on Noise as a Public
Health Problem, Mashantucket, Pequot 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:
icmpc10.typepad.jp).

September 2008

22-26 INTERSPEECH 2008—10th ICSLP, Brisbane, Austra-

lia (Web: www.interspeech2008.o0rg).
October 2008

26-29 inter-noise 2008, Shanghai, China (Web:
www.internoise2008.0rg).

November 2008

2-5 IEEE International Ultrasonics Symposium, 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/).
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7,122,801

43.20.Ye SYSTEM AND METHOD FOR
GENERATING CHAOTIC SOUND FOR SONIC
INFRARED IMAGING OF DEFECTS IN MATERIALS

Lawrence D. Favro et al., assignors to Wayne State University
17 October 2006 (Class 250/341.6); filed 14 September 2004

The pulsed output of ultrasonic transducer 14 is coupled via horn 18
and gasket 16 into a component 12, which may be a metal, ceramic, com-
posite, or another material. The pulse propagates into the material, the depth
of which is a function of the pulse frequency. Gasket 16 may be soft metal,
leather, cork, duct tape, Teflon, paper, etc., as appropriate for component 12.

/10
2
2

5 M, 2

AMPLIFIER

I %

MONITOR STORAGE

The pulses cause “acoustic chaos” in the material under test. A detection
system consists of a thermal imaging camera 22, vibrometer 28, and con-
troller 30, which capture images and process them to show defects uncov-
ered by the heat produced by the acoustic pulses.—NAS

J. Acoust. Soc. Am. 121 (6), June 2007
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7,123,725

43.20.Ye HIGH INTENSITY INFRASONIC TUNABLE
RESONANT ACOUSTIC TEST CELL

Harold E. Boesch, Jr. ef al., assignors to The United States of
America as represented by the Secretary of the Army
17 October 2006 (Class 381/58); filed 29 December 2000

By varying the cross section and/or length of port 50, limiting the
dimensions of volume 20 to less than one-half the longest wavelength of
interest (1-30 Hz) to prevent standing waves, the Helmholtz resonator
formed by 20 and 50 can be tuned to match the output of source 40 so that

0

FLOW 0
'MODULATOR ‘L}

TUNING
PORT

SOURCE OF
COMPRESSED AIR

TEST VOLUME

0
the intensity and spectral purity of the sound in 20 are amplified. Another
embodiment uses two volumes with the duct connecting one to another, with
small diameter long pipe(s), connected to at least the driving chamber, to
exhaust the dc component of the air modulator source.—NAS
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7,151,424
43.35.Pt BOUNDARY ACOUSTIC WAVE DEVICE

Hajime Kando, assignor to Murata Manufacturing Company,
Limited

19 December 2006 (Class 333/193); filed in Japan 8 November
2002

As cellular phones with multiple functions become smaller, flatter, and
lighter, further miniaturization of electronic components is required. A min-
iature (2X2mm) laminated SAW device for gigahertz frequencies is
claimed where Stonley waves propagate at the interfaces of two dielectric
materials having different density or SAW velocities and whose package
accordingly does not require voids. SAW device interdigital electrodes 2b
are laid on lithium niobate monocrystal substrate 2a and covered with a
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material 2¢ that is both piezoelectric and insulating, e.g., silicon dioxide.
The resulting Stonley wave has a propagation speed between 2000 and
10 000 m/s, resulting in a GHz SAW wavelength of about 2—10 wm. Most
SAW energy is confined in a region that is one to three wavelengths thick.
Both substrates may be about 100 wavelengths thick, so stacking Stonley
wave elements 2abc, 3abc, 4abc, etc., will not result in a significant overall
SAW system thickness.—AJC

7,154,360

43.35.Pt FILTER USING PIEZOELECTRIC
MATERIAL

Koichi Wada et al., assignors to Fujitsu Media Devices Limited
26 December 2006 (Class 333/194); filed in Japan 29 September
2003

This patent discloses a novel concept for cancelling the negative ef-

fects of electric field leakage from the tips of SAW resonator electrodes. The
100
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authors describe the problem very well and go over in detail the compensa-
tion technique given in the figure. Basically, a parallel electrode arrange-
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ment is set up so that the emissions from the tip of each pair in the main
field can be canceled by the emission from its neighboring compensation
pair. It is a neat and clean solution to a significant problem with SAW
filters.—JAH

7,145,286

43.35.Zc WEDGE SHAPED UNIFORM ENERGY
MEGASONIC TRANSDUCER

Mark J. Beck et al., assignors to Product Systems Incorporated
5 December 2006 (Class 310/367); filed 16 September 2005

In an effort to increase the throughput of chip fabrication processes,
semiconductor equipment manufacturers are looking at all sorts of process
improvements, including the cleaning of silicon wafers. This patent applies
primarily to the cleaning of wafers and disk drive platters, whose surfaces
are planar and circular. The authors describe a technique for fabricating a
high-intentsity ultrasonic transducer in a wedge shape so that the disc to be
cleaned can be rotated underneath the transducer and cleaned in the shortest
time possible by equalizing the ultrasonic energy across a radius. The ideas
involved here are quite simple and it is an implementation of the usual
techniques for matching a stiff transducer (PZT) to a compliant liquid.—
JAH

7,148,611

43.35.Zc MULTIPLE FUNCTION BULK ACOUSTIC
WAVE LIQUID PROPERTY SENSOR

James Z. T. Liu, assignor to Honeywell International Incorporated
12 December 2006 (Class 310/366); filed 11 October 2005

The author of this patent describes the various uses of electrodes
within a liquid bath. He concludes that you can attach another electrode to a
bulk acoustic wave device and measure conductivity within the liquid. This
is neither novel nor surprising. The patent then goes on to include measure-
ment of the corrosive effects of the liquid by measurement of the rate of
frequency change due to what is supposed to be the etching of the metal
electrodes in the solution. Overall there is nothing new here; these sensors
have been made and demonstrated individually before.—JAH

7,150,779

43.35.Zc MODULATED ACOUSTIC
AGGLOMERATION SYSTEM AND METHOD

George Douglas Meegan, Jr., assignor to Board of Regents,
The University of Texas System
19 December 2006 (Class 95/29); filed 27 February 2004

An airborne particle agglomerating system is claimed having multiple
sound sources 20 facing the flow in duct 12 of fluid or gas 14 to be cleaned.
The gas stream contains solids, lignite fly ash, for instance, having particle
sizes from about 1-5 um. When a 150 dB re 20 uPa sound field 22 is
induced into the flow at a frequency of about 600 Hz, the smallest particles
will readily move with the acoustic wave displacements while the larger
particles may not, resulting in collisions and, as often as not, subsequent

cohesion and agglomeration. It was found empirically that, when either the
sound frequency in range or the sound amplitude is varied at rate of about
150 Hz, agglomerated particles up to 20 um in size will result. The gas flow
is passed through the fields of several sound sources 20, through an electro-
static precipitator 40, where some particles 18 are captured, through the
sound field of another sound source 20a, and then into a bag house 44,
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where more agglomerated particles 18 are captured before the gas flow is
released into the atmosphere. Other liquids, gasses, and operating frequen-
cies are claimed.—AJC

7,157,649
43.38.Ar CONTACT SENSITIVE DEVICE

Nicholas P. R. Hill, assignor to New Transducers Limited
2 January 2007 (Class 178/18.04); filed in the United Kingdom 23
December 1999

A passive contact-sensitive screen 32 is claimed, where bending waves
produced by the impact of a tapping stylus or pen 30 propagate to three
perimeter transducers 26, whose signals are processed to determine the con-
tact point coordinates. An active version is also claimed, where the right

26 30 s/ 2
[/
24% \ \\\C}/)) 26

transducer emits bending waves while the contact at 30 perturbs the propa-
gation of those waves to the left two transducers. The signal processing
algorithms are also claimed.—AJC

7,123,738
43.38.Dv LOUDSPEAKER

Shinya Mizone et al., assignors to Matsushita Electric Industrial
Company, Limited
17 October 2006 (Class 381/406); filed in Japan 4 October 1999

Electrodynamic transducers with a single cone 5 or a single cone and
an inductively driven LED assembly 81, 82, 83 (claims 2 to 4) is made more
moisture resistant, is said to have better environmental characteristics, to be
more resistant to UV radiation, and to sound better (due to the high speed of

1 51 5 81

83 82
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sound and higher internal damping of the cone material) by using a poly-
ethylene naphthalate resin (PEN) or polyethylene terephthalate resin (PET)
with an ultramicro foam of 30 um or less in average cell size. It takes one
page of text, five figures, and four claims.—NAS

7,146,014
43.38.Fx MEMS DIRECTIONAL SENSOR SYSTEM

Eric C. Hannah, assignor to Intel Corporation
5 December 2006 (Class 381/92); filed 11 June 2002

This patent discloses a MEMS device that utilizes a discrete mechani-
cal delay line to sense direction of arrival of sound waves. Two sensors,
104A and 104B, are mechanically coupled to the set of discrete mechanical
filters represented by elements 112. It is not specified how this coupling is
achieved without destroying the sensitivity of the diaphragms 104, nor how
the mechanical filters are made to fit over the two or three orders of mag-
nitude in frequency that the device is supposed to work over. Nevertheless,
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the authors maintain that the signals from the two sensors 104 can be pro-
cessed to derive direction of arrival information from the outputs. This is
based on the research that has been done on the directivity of the Ormia fly’s
ears, but the device appears to be so general in its description that there is no
way to judge how it would really work.—JAH

02 102

7,148,608

43.38.Fx MULTI-LAYER CERAMIC ACOUSTIC
TRANSDUCER

Charles E. Baumgartner et al., assignors to General Electric
Company
12 December 2006 (Class 310/334); filed 26 January 2006

In medical ultrasound imaging at high frequencies, low-capacitance
array-element transducers are needed to match that of the signal cable (typi-
cally 50-72 Q) to the signal processing system. A laminate is made com-
prising N thin slices of typically lead zirconate titanate (PZT) piezoelectric
material, paired as 2—4 layers with metal contact interfaces 6 in between and
bonded 8 to form a stack. With alternate contacts connected to form parallel
electrical connection and the acoustical output from face 4 in series, a low
impedance transducer of high output is achieved. Outer electrodes 4 are

yARnn.

—F
125,;
¥

e e

1/;
10 L

.,

—
) T r# E
2—~ o 3 >4
34 g E

Y 1 7

1 ] I

7 \ I

14 8 6

separately connected by straps 12, also acting as a wrap-around shield and
as the acoustic output face. Inner electrodes 6 (not shown) are connected in
parallel to be the signal electrode when polarization is proper. The electrical
impedance of this laminated stack element is diminished by a factor of N? as
compared to a solid block of PZT of the same overall dimensions. Spacer
material 14 provides acoustical isolation from adjacent array elements and is
ground to a thickness that achieves the desired array spacing of such
elements.—AJC
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7,154,358

43.38.Fx FILM BULK ACOUSTIC RESONATOR
STRUCTURE AND METHOD OF MAKING

Qing Ma ef al., assignors to Intel Corporation
26 December 2006 (Class 333/187); filed 16 September 2004

This patent discloses a method of fabricating thin-film bulk acoustic
wave transducers (FBARs) that are acoustically isolated from their substrate
and, so, have high Qs. The technique involves simply turning the resonators
on their sides so that the electrodes are vertical plates 1610, 1612, bracket-
ing the piezoelectric element that sticks up vertically. This process uses

310 1630 1000 1002 1004 1006 1008 1010 310

300

1610 1622
standard semiconductor fabrication techniques and could be relatively easily
adapted to an existing process. It does not really involve any new ideas,
since the mounting of an FBAR on edge has been done and patented
before.—JAH

7,146,019

43.38.Ja PLANAR RIBBON ELECTRO-ACOUSTIC
TRANSDUCER WITH HIGH SPL CAPABILITY
AND ADJUSTABLE DIPOLE/MONOPOLE

LOW FREQUENCY RADIATION

Igor Levitsky, Richmond Hill, Ontario, Canada
5 December 2006 (Class 381/399); filed 5 September 2002

Flat-diaphragm loudspeakers using what used to be called printed cir-
cuit voice coils are now labeled planar ribbon loudspeakers. In this variant,
the array of bar magnets on one side of the diaphragm is shallower than that
on the other. Moreover, the depth of the shallow assembly is less than a
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quarter-wavelength at 10 kHz. Other refinements include heat-conducting
mesh 117, a voice coil of varying width, and an optional sealed back
chamber.—GLA
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7,118,649

43.38.Ja DEVICE AND METHOD FOR
MANUFACTURING SPEAKER DIAPHRAGM, THE
DIAPHRAGM, AND SPEAKER

Yukinori Morohoshi et al., assignors to Matsushita Electric
Industrial Company, Limited
10 October 2006 (Class 162/228); filed in Japan 1 February 2002

Although loudspeakers are only about 150 years old, the material com-
monly used for the mechanical interaction with the medium, air, is more
than two thousand years old. The invention relates to a method of better
controlling the manufacture of paper cones on an industrial scale. Plunger
21b is drawn down syringe 21a to hasten the removal of water from the tank
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21. This is said to reduce turbulence at the mesh paper mold 22. Two of the
figures in the patent are identical, although they purport to describe a loud-
speaker according to a preferred embodiment of the invention and a con-
ventional loudspeaker—NAS

7,146,021

43.38.Ja WHIZZER CONE FOR LOUDSPEAKER
FOR PRODUCING UNIFORM FREQUENCY
RESPONSE

Benny L. Danovi, assignor to Pioneer Speakers, Incorporated
5 December 2006 (Class 381/432); filed 29 December 2003

Inexpensive full-range loudspeakers often include a small whizzer
cone to reproduce high frequencies. In some designs, the outer edge of this
auxiliary cone is damped or contoured to minimize edge reflections. This
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patent asserts that scalloping the edge in a kind of sine wave pattern signifi-
cantly reduces high-frequency peaks and dips.—GLA

7,149,322

43.38.Ja MAGNETIC CIRCUIT FOR LOUDSPEAKER
AND LOUDSPEAKER COMPRISING IT

Ryo Kuribayashi et al., assignors to Matsushita Electric Industrial
Company, Limited
12 December 2006 (Class 381/412); filed in Japan 16 January 2002

If loudspeaker magnet 2 is very thin, as shown, then a conventional
magnetic pot structure may not allow sufficient clearance for long voice-coil
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excursions. Rather than add a spacer, this design saves weight and cost by
casting the back plate 10 in the form of an inverted pot—GLA

7,151,836

43.38.Ja SPEAKER APPARATUS AND SOUND
REPRODUCTION APPARATUS

Osamu Funahashi et al., assignors to Matsushita Electric
Industrial Company, Limited
19 December 2006 (Class 381/150); filed in Japan 31 March 1999

A single-ended bandpass woofer consists of a box divided into two
chambers with a loudspeaker mounted on the dividing panel. One chamber
is sealed and the other is vented to the exterior, forming a Helmholtz reso-
nator. To save space, a passive radiator can take the place of the vent tunnel.
Moreover, if the passive radiator is larger than the speaker, then it can

3259 J. Acoust. Soc. Am., Vol. 121, No. 6, June 2007
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provide access to the speaker, eliminating the need for any removable cabi-
net panels. This patent argues that mounting the speaker and the passive
radiator side-by-side somehow eliminates the divider panel and simplifies
construction. Skeptical readers may observe that the geometry includes a
front chamber, a rear chamber, and a removable panel, no matter how the
arrangement is described. —GLA

7,158,647
43.38.Ja ACOUSTIC DEVICE

Henry Azima et al., assignors to New Transducers Limited
2 January 2007 (Class 381/152); filed in United Kingdom
2 September 1995

This is a long and unusual patent. It contains more than 70 illustrations
and a ten-page summary of planar loudspeaker design, including the exten-
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sive prior work patented by New Transducers Limited. In effect, the patent
can serve as a handbook of the state of the art in this field. Anyone interested
in planar loudspeakers is advised to order a copy.—GLA

7,158,651

43.38.Ja ELECTROMAGNETIC DRIVER FOR A
PLANAR DIAPHRAGM LOUDSPEAKER

Wolfgang Bachmann et al., assignors to Harman/Becker
Automotive Systems GmbH

2 January 2007 (Class 381/412); filed in Germany 23 November
2000

This patent describes a contemporary version of the long-obsolete vi-
brating reed magnetic loudspeaker. In this case, a rocking armature rests on
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pivot 6 and is maintained in its rest position by non-magnetic springs 7. Its
seesaw motion generates bending waves in planar diaphragm 1.—GLA

7,155,019

43.38.Kb ADAPTIVE MICROPHONE MATCHING IN
MULTI-MICROPHONE DIRECTIONAL SYSTEM

Zezhang Hou, assignor to Apherma Corporation
26 December 2006 (Class 381/92); filed 14 March 2001

Directional microphones are often synthesized by using two closely-
spaced omnidirectional elements combined anti-phase and with a slight de-
lay in one element. Under conditions of normal usage, the sensitivities of the
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elements may vary, causing shifts in pickup pattern and perceived noise
levels. The patent describes a means of tracking and compensating for these
shifts.—JME
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7,149,315

43.38.Md MICROPHONE ARRAY FOR PRESERVING
SOUNDFIELD PERCEPTUAL CUES

James David Johnston and Eric R. Wagner, assignors to AT&T
Corporation
12 December 2006 (Class 381/92); filed 15 July 2004

This patent is listed as a continuation of United States Patent
6,845,163, reviewed in J. Acoust. Soc. Am. 117, 3354 (2005). Curiously, the
present document appears to use exactly the same body text as the previous
patent. Only the claims have been slightly changed, ostensibly to broaden
them somewhat.—JME

7,157,991

43.38.Rh SURFACE ACOUSTIC WAVE DEVICE
HAVING REFLECTORS WITH BOTH OPEN AND
SHORTED ELECTRODES

Osamu Kawachi et al., assignors to Fujitsu Media Devices Limited
2 January 2007 (Class 333/195); filed 29 December 2003

In constructing SAW 1f bandpass filters, the out-of-band attenuation
INPUT
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can be improved by disconnecting certain guard reflector fingers from ter-
minal pads 4, e.g., fingers 2-1, 2-2, 3-1, and 3-2.—AJC

7,148,769

43.38.Rh SURFACE ACOUSTIC WAVE DEVICE AND
PROCESS FOR FABRICATING THE SAME

Atsushi Takano, assignor to Matsushita Electric Industrial
Company, Limited
12 December 2006 (Class 333/193); filed in Japan 15 March 2004

To quell undesirable transmission modes 4 of a SAW ff filter, grooves
5 are cut into the back side of the lithium tantalate or niobate piezoelectric
substrate 1 in which all SAW waves propagate. The frequencies considered
are around 1843 MHz, where SAW wavelengths are about 2 um. A thick,
partly crystallized region 17 is formed on the substrate back side in fabri-
cation to randomize wave propagation there. Grooves 5 are cut on that

surface of depth d from 0.1 to five wavelengths. Such grooves further de-
flect and diminish waves 4 of undesirable transmission frequencies and
modes. Groove paths are somewhat parallel to one another, but the spacings
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are curved from one side of the substrate to the other so as not to be
frequency selective. The author claims these grooves, their spiral path con-
figuration, the fabrication and grinding processes to create them, and the
disturbed region 17.—AJC

7,155,025

43.38.Si SURROUND SOUND HEADPHONE
SYSTEM

Sergio W. Weffer, Salt Lake City, Utah
26 December 2006 (Class 381/370); filed 30 August 2002

In an earlier patent the inventor proposed mounting several tiny trans-
ducers in a large ear muff. A listener wearing a pair of these multisource
muffs presumably could enjoy portable surround sound. We now have a new
patent: “It is, therefore, an object of the present invention to provide a new
surround sound headphone system apparatus and method which has many of
the advantages of the headphones mentioned heretofore and many novel

/\100

121

112
120 118 10 -
-~ 119
116 17
\
" 114 125
14
106 5
80

features that result in a new surround sound headphone system which is not
anticipated, rendered obvious, suggested, or even implied by any of the prior
art headphones, either alone or in any combination thereof.” These revolu-
tionary improvements include a volume control, a plug-in connection cord,
and clip-on video screens.—GLA

7,146,010

43.38.Vk TWO METHODS AND TWO DEVICES FOR
PROCESSING AN INPUT AUDIO STEREO

SIGNAL, AND AN AUDIO STEREO SIGNAL
REPRODUCTION SYSTEM

Christer Heed and Fredrik Gunnarsson, assignors to Embracing
Sound Experience AB

5 December 2006 (Class 381/1); filed in the World Intellectual
Property Organization 25 November 1999

Over the past ten years or so a number of technical papers and patents
have described techniques for reproducing full Surround sound from two
closely-spaced loudspeakers. The processing circuitry shown here is about
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as simple as you can get. The attenuation factor alpha can range from — 3 to
—10dB.—GLA

7,155,017

43.38.Vk SYSTEM AND METHOD FOR
CONTROLLING AUDIO SIGNALS FOR PLAYBACK

Jong-Ho Kim et al., assignors to Samsung Electronics Company,
Limited

26 December 2006 (Class 381/59); filed in Republic of Korea
22 July 2003

Some 5.1 surround-sound systems provide adjustable signal delay for
each channel. This is intended to compensate for unequal distances from the
preferred listening location to individual loudspeakers. The distances can
simply be measured or a test signal can be used to determine actual transit

times. But suppose that the room temperature or humidity changes while the
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listener is engrossed in Wagner’s Ring Cycle. The timing might then be off
by a fraction of a millisecond! Not to worry—this Samsung system senses
temperature and humidity at each speaker and automatically makes the nec-
essary adjustments.—GLA
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7,158,844

43.38.Vk CONFIGURABLE SURROUND SOUND
SYSTEM

Paul Cancilla, Brampton, Ontario, Canada
2 January 2007 (Class 700/94); filed 21 July 2003

The invention is described as an improved spatial acoustic sequencer.
It allows the user to select from a number of motion paths and other param-

O
18
MONITOR
[KF:YBOARD] [ MOUSE }
20
15
oo | -
W/SURROUND
MULTI CHANNEL /s
SURROUND SOUND cPu FTWARE
2l

22

RECEIVER SURROUND

SOUND S D AIND MICROPHONES
(DIGITAL SPEAKERS)
PROCESSOR

MULTI CHANNEL
AMPLIFIER

26
DIGITAL SPEAKERS

eters, after which it generates appropriate DSP algorithms “‘based upon the
locations and orientations of the sound outputs in the playback environment
relative to the source object.”—GLA

7,158,643

43.38.Vk AUTO-CALIBRATING SURROUND
SYSTEM

Bruce S. Lavoie and William R. Michalson, assignors to Keyhold
Engineering, Incorporated
2 January 2007 (Class 381/58); filed 20 April 2001

In this digital age, any audio-frequency transfer function can theoreti-
cally be corrected perfectly, yielding flat frequency response and zero phase
distortion. This would seem to be an ideal approach to loudspeaker/room
equalization. All that is needed in a typical listening room is an accurate
impulse response measurement covering two or three seconds. In practice,
however, the technique is fraught with unintended consequences and numer-
ous schemes have been proposed for truncating, smoothing, averaging, or
otherwise processing the data. This patent describes an automated equaliza-
tion system that preferably generates a maximum length sequence (MLS)
test signal to derive the impulse response—a commonly used procedure.
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From this it determines the filter coefficients needed to produce a whitened
version of the transfer function, using procedures described at some length
in the patent text—GLA

7,118,493
43.40.Kd MULTIPLE MATERIAL GOLF CLUB HEAD

J. Andrew Galloway, assignor to Callaway Golf Company
10 October 2006 (Class 473/329); filed 2 July 2004

Sound modifying component 59, which can be a ring, washer, a cup as
shown, or may be composed of ‘““any suitable shape,” is located in the

interior of club face component 60. Titanium is the preferred material. The

110

patent discusses club design, center of gravity, coefficient of restitution,
energy transfer from club to ball, and the losses inherent in same. Oh, and
the sound of the “thwack” is modified—NAS

7,152,481

43.40.Qi CAPACITIVE MICROMACHINED
ACOUSTIC TRANSDUCER

Yunlong Wang, Fremont, California
26 December 2006 (Class 73/718); filed 13 April 2005

A micromachined miniature acoustic condenser microphone is claimed
where a conducting diaphragm 11 has low tension stress to maximize sen-
sitivity. Stress relief is claimed to result from shallow corrugation 20. Dia-
phragm 11 is anchored at one end to substrate 12, but free at the other end
22. Perforated plate 13 has holes 14 of diameter and spacing 15 that forms
an acoustic filter to optimize a certain frequency or to be a low-pass acoustic
filter. Electrode 13 in conjunction with diaphragm 11 forms a variable ca-
pacitor which, in turn, will produce a variable voltage from acoustical pres-
sure variations on 11 when a bias voltage is applied. When bias voltage is
increased, the resulting attraction causes bending of diaphragm 11 from its
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slack flat shape, increasing its tension, thus becoming less sensitive on that
count, and thereby maintaining a more constant acoustic pressure
sensitivity.—AJC

7,150,152

43.40.Tm VIBRATION LIMITER FOR COAXIAL
SHAFTS AND COMPOUND TURBOCHARGER
USING SAME

Jonathan P. Kilkenny et al., assignors to Caterpillar Incorporated
19 December 2006 (Class 60/612); filed 21 October 2004

The vibration limiters described here consist of bearings that fit around
one of the shafts with some clearance and that make contact if the shaft’s
lateral excursions exceed this clearance.—EEU

7,155,951

43.40.Tm MILL VARIATION CONTROL APPARATUS
AND METHOD

Thomas William Dashwood Farley, assignor to Novelis,
Incorporated

2 January 2007 (Class 72/205); filed in the European Patent Office
20 December 2000

In cold rolling of metal, a continuous strip of metal is passed through
a series of rolls so as to reduce its thickness or “gauge.” Gauge chatter, a
self-excited phenomenon that limits the speed at which rolling can be done
acceptably in practice, results because the entry speed of the strip into a roll
differs from its exit speed, in view of the strip’s change in thickness. In order
to overcome this chatter, the strip is made to pass over a roller that is
provided with a torsional dynamic absorber consisting of a flexible shaft
element and a flywheel —EEU

7,157,822

43.40.Tm SMALL VIBRATION MOTOR AND
METHOD OF MANUFACTURING THE SAME

Koji Yoshida ef al., assignors to Sony Corporation
2 January 2007 (Class 310/81); filed in Japan 30 July 2002.

This vibrator, intended for use in cell phones and the like, consists of
a small motor with an unbalanced weight. The motor is driven by a three-
phase voltage, converted from a dc source by means of an integrated circuit
chip—EEU

7,157,831

43.40.Tm ENERGY EFFICIENT VIBRATION DRIVEN
MOTOR

Daryoush Allaei, assignor to Quality Research, Development
& Consulting, Incorporated
2 January 2007 (Class 310/323.02); filed 30 September 2004

A vibration source, potentially consisting of piezoelectric elements, is
arranged to drive a mechanical structure at resonance. The vibrations of this
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structure are converted to rotational motion of a shaft via a mechanical
linkage. The patent gives no indication of suitable practical linkages.—EEU

7,143,682

43.40.Vh LARGE MANIPULATOR HAVING A
VIBRATION DAMPING CAPACITY

Dirk Nissing et al., assignors to Schwing GmbH
5 December 2006 (Class 91/358 R); filed in Germany 15 January
2001

Large manipulators, such as are used with truck-mounted concrete
pumps, consist of a number of hinged segments and hydraulic units that
adjust the relative positions of adjacent segments. A desired manipulator
configuration, set by an operator, is maintained in the presence of distur-
bances by means of a system that senses the unsteady pressures in the
hydraulic units and adjusts these via a controller.—EEU

7,150,257

43.40.Vn VIBRATION DAMPING ENGINE MOUNT
FOR INTERNAL COMBUSTION ENGINE

Kouji Yamada and Nobukazu Takahashi, assignors to Nissan
Motor Company, Limited

19 December 2006 (Class 123/192.1); filed in Japan 22 October
2002

An engine mount according to this patent includes two gas chambers
in which the pressures are controlled so as to oppose the motion of the
engine that the mount supports. Control of these pressures is accomplished
by means of compressors and valves that are actuated as directed by a
controller on the basis of signals corresponding to the crank angle, the fuel
injection, and the exhaust pressure.—EEU

7,158,840

43.40.Vn TUNING CONTROL PARAMETERS OF
VIBRATION REDUCTION AND MOTION CONTROL
SYSTEMS FOR FABRICATION EQUIPMENT

AND ROBOTIC SYSTEMS

Robert Jacques, assignor to Cymer, Incorporated
2 January 2007 (Class 700/28); filed 29 June 2001

This patent describes adaptive control systems in which plant identifi-
cation is accomplished from measurements made when the physical system
to be controlled is not operating. Alternatively, the plant initially is modeled
and then the model is updated on the basis of its observed behavior, which
updating may be determined by means of inducing a motion in the physical
system and measuring its frequency response. A method for deriving optimal
controllers is provided.—EEU

7,146,858
43.40.Yq VIBRATION SENSING DEVICE

Uwe L. Beckmann, assignor to Search Systems, Incorporated
12 December 2006 (Class 73/649); filed 9 July 2004

A vibration sensing transducer 22 (details not given) is aligned on the
diagonal to the x, y,and z axes of a cubical box 20. It is said that this
orientation makes the transducer sensitive to vibrations in all directions
when placed on rubble 10 in which persons may be buried after a cata-
strophic event. Signals of vibration and sound (as vibration) so sensed are
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fed over wire 23 to be amplified and fed to headphones or a speaker. The
author does not address the problem that a single axis transducer can have at
least one direction of insensitivity.—AJC

7,143,736

43.50.Gf FILTER BOX WITH RESONATOR AND
RESERVOIR

Thomas Jessberger et al., assignors to Mann & Hummel GmbH
5 December 2006 (Class 123/198 E); filed 14 June 2005

A composite engine air-intake filter-box resonator 16, second resonator
14-34, windshield washer fluid reservoir 12, and engine coolant expansion
tank is claimed. Combustion air enters inlet 18 and exits manifold 21 to the
engine. The washer fluid pump is internal, fed via electric connection 40. An

engine-coolant expansion tank (not shown) may be integrated as a second
wall inside surface 16, where the vacant volume above the fluid is vented to
the first resonator volume. The second resonator 14 communicates via tube
34 to the engine air manifold 21 where most of the intake noise exists.—
AJC

7,155,333

43.50.Gf METHOD AND APPARATUS FOR
CONTROLLING SOUND OF AN ENGINE BY SOUND
FREQUENCY ANALYSIS

Kwin Abram et al., assignors to Arvin Technologies, Incorporated
26 December 2006 (Class 701/111); filed 2 September 2005

Controller 14 comprises a processor 24 and a memory 26 that contains
information of undesired sound frequencies according to the number of
cylinders that are firing in the engine, as determined by cylinder deactivation
unit 44. Processor 24 is provided with acoustic signals from sensor 16 to
determine when the peak sound level at an undesirable frequency occurs in
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exhaust gas EG. The position of valve 18 is controlled to remove or reduce
that sound by restricting the EG flow. Cylinder deactivation is determined
by other driving parameters. A user can ‘“‘customize” the predetermined
sound levels by input 30—32 to enter into the memory 26 a sound level
different from the default value.—AJC

7,151,835

43.50.Rq PERSONAL NOISE MONITORING
APPARATUS AND METHOD

Al Yonovitz and Leslie Yonovitz, both of Marrara NT, Australia
19 December 2006 (Class 381/56); filed 28 March 2003

This dosimeter is to be permanently assigned to a worker. It incorpo-
rates a database of hearing protector ratings for devices used by the worker
who selects a device currently in use. The worker dose is calculated based
on the performance of the protector and the noise exposure. Feedback is
given when a criterion dose is exceeded, which the worker must acknowl-
edge. One wonders how the actual performance of the protector used in the
dose calculation is determined.—JE

7,144,925
43.55.Ev FIRE RESISTANCE ACOUSTIC FOAM

Sandrine Burgun ef al., assignors to Dow Global Technologies
Incorporated
5 December 2006 (Class 521/79); filed 9 May 2002

The patent asserts that by using a flame retardant adjuvant with par-
ticle size less than 1 wm, it is possible to increase the amount of retardant
used for a given foam cell size or to increase the foam cell size for a given
amount of fire retardant. These macrocellular foams with large, well-defined
cells have improved acoustic performance.—CJR

7,146,296

43.55.Mc ACOUSTIC MODELING APPARATUS AND
METHOD USING ACCELERATED BEAM
TRACING TECHNIQUES

Ingrid B. Carlbom and Thomas A. Funkhouser, assignors to Agere
Systems Incorporated
5 December 2006 (Class 703/5); filed 7 August 2000

While acousticians may debate the relative merits of physical architec-
tural modeling and computer-based ray tracing and image modeling, there is
little doubt that in the long run—and in the modern world of gaming and
interaction on the Internet—computer techniques are the only choice. Early
programs were rudimentary and assumed only specular reflections; the re-
sults were often useless and in some cases misleading. A useful program
must consider effects of diffraction as well as the variation of absorption
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coefficient as a function of angle of incidence. Above all, the program must
be capable of intelligently prioritizing the copious amounts of data gener-
ated. The authors speak with considerable authority in these areas and the
patent is essential reading for anyone involved in this specialized field.—
JME
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7,143,649

43.60.Mn SOUND CHARACTERISTIC MEASURING
DEVICE, AUTOMATIC SOUND FIELD
CORRECTING DEVICE, SOUND CHARACTERISTIC
MEASURING METHOD AND AUTOMATIC

SOUND FIELD CORRECTING METHOD

Hajime Yoshino, assignor to Pioneer Corporation
5 December 2006 (Class 73/579); filed in Japan 19 November 2003

This patent is one of many that deal with adaptive equalization of
loudspeakers in situ to achieve uniform response at a given listening posi-
tion. Typically, the adaptation cycle is determined by the lowest frequency
desired to adjust and multiple periods of that frequency may be required to
achieve a given accuracy. The patent proposes a method by which sequential
short-term analyses are carried out step-wise. These short-term differences
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ultimately converge, enabling the system to make an estimate of the rever-

berant signal level in a shorter analysis time than the traditional measuring
method.—JME

8230

8231

7,158,645

43.60.Mn ORTHOGONAL CIRCULAR MICROPHONE
ARRAY SYSTEM AND METHOD FOR
DETECTING THREE-DIMENSIONAL DIRECTION OF
SOUND SOURCE USING THE SAME

Sun-do June et al., assignors to Samsung Electronics Company,
Limited

2 January 2007 (Class 381/92); filed in Republic of Korea
27 March 2002

The patent describes a pair of circular microphone arrays mounted
orthogonally—one horizontal, the other vertical. The horizontal array iden-
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tifies the direction of a sound source in the azimuthal plane, and the entire
array rotates so that the source then lies on the plane of the vertical array.
The vertical array then takes over, identifying the elevation angle of the
source. Further rotation of the vertical array about its axis allows the sound
source to be identified and picked up with considerable acuity. It seems to
this reviewer that equivalent performance could be attained by a stationary
sphere with its surface densely covered by microphones. Which would be
more economical: relatively few microphones with considerable mechanical
complexity or more microphones with zero mechanical complexity?—JME

7,146,013
43.60.Mn MICROPHONE SYSTEM

Nozomu Saito et al., assignors to Alpine Electronics, Incorporated
5 December 2006 (Class 381/92); filed in Japan 28 April 1999

This well-written patent describes a noise-canceling system for auto-
motive communications applications. Visualize a pair of directional micro-
phones placed on a sun visor within a few centimeters of each other. Further,
splay one of these microphones so that its primary pickup axis is pointing
away from the talker. It is then clear that the on-axis microphone will have
a higher S/N ratio than the off-axis microphone, while the low- and mid-
frequency noise pickup will be roughly the same for both microphones.
Through the adaptive network, the two noise levels are adjusted so that they
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MICROPHONE SYSTEM OF THE INVENTION

are effectively equal and can be subtracted. However, the two voice signals
will be different in level and will not cancel. The authors show measured
data indicating an average increase in useful S/N ratio of about 6 dB.—JME

7,158,446

43.60.Qv DIRECTIONAL ACOUSTIC TELEMETRY
RECEIVER

Wallace R. Gardner ef al., assignors to Halliburton Energy
Services, Incorporated
2 January 2007 (Class 367/81); filed 23 July 2004

Measurement while drilling (MWD) systems collect down-hole infor-
mation from well loggers while drilling oil and gas wells. Information from
down-hole sensors 26 is telemetered via acoustic transmitter 28. A piezo-

28—
26 114

electric stack produces axial and circumferential pipe vibrations that propa-
gate up the pipe string 8 up to receiver pack 30.—AJC
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7,137,946

43.66.Ts ELECTROPHYSIOLOGICAL
MEASUREMENT METHOD AND SYSTEM FOR
POSITIONING AN IMPLANTABLE, HEARING
INSTRUMENT TRANSDUCER

Bernd Waldmann, assignor to Otologics LL.C
21 November 2006 (Class 600/25); filed 11 December 2004

This is a signal source that generates test signals to elicit an electro-
cochleographic response for positioning an implantable transducer in the
middle or inner ear of a patient. The electric potential response is measured
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in timed relation to the test signals and processed to determine the relative
desirability of possible transducer locations.—DAP

7,149,319

43.66.Ts TELECOMMUNICATION SYSTEM,
SPEECH RECOGNIZER, AND TERMINAL, AND
METHOD FOR ADJUSTING CAPACITY FOR VOCAL
COMMANDING

Hans-Ueli Roeck, assignor to Phonak AG
12 December 2006 (Class 381/314); filed 23 January 2001

The status of a hearing device is communicated to users with several
menu-selectable audio notification signals having a predetermined duration.
The notification signals selected by the user may be stored in an external
storage unit and retrieved via wireless means. Applications include acknowl-
edgment of wireless control signals produced by a remote device such as an
MP3 player—DAP

7,149,320
43.66.Ts BINAURAL ADAPTIVE HEARING AID

Simon HayKin et al., assignors to McMaster University
12 December 2006 (Class 381/320); filed 12 December 2003

Each channel of a two-channel hearing aid has a directional system
whose output drives a correlator for reducing noise by identifying and track-
ing a speech signal. Signals from the correlator are preprocessed through
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models of normal and impaired hearing, whose outputs are compared to
derive and minimize an error signal. Processing in the two hearing aid
channels is similar except that one of the channels has an adaptive delay
following the correlator. The two channels are adjusted to process synchro-
nous neural signals in the auditory cortex.—DAP

7,151,838

43.66.Ts DIGITAL HEARING AID BATTERY
CONSERVATION METHOD AND APPARATUS

Bernard A. Galler and John Sayler, both of Ann Arbor, Michigan
19 December 2006 (Class 381/312); filed 21 August 2003

A digital hearing aid system compares the magnitude of audio input
signals to a predetermined threshold and uses the result to multiplex be-
tween a power-saving mode and a high-power mode. If the audio signal
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magnitude is determined to be less than the predetermined threshold for a
period of time, the system switches at least the digital processing module or
audio amplification circuit to a power-saving mode.—DAP
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7,151,839
43.66.Ts MODULAR HEARING AID DEVICE

Torsten Niederdrank, assignor to Siemens Audiologische Technik
GmbH
19 December 2006 (Class 381/324); filed in Germany 27 June 2002

A detachable module containing at least one microphone forms a uni-
form and complete housing with a behind-the-ear or in-the-ear hearing aid
module housing. The external surface of the microphone module housing

e i

has a curvature identical to an external surface of the hearing aid module
housing. Damping is placed at appropriate locations between the two hous-
ings to suppress mechanical oscillations.—DAP

7,155,023

43.66.Ts SWITCH FOR A BODY-WORN
ELECTRONIC DEVICE

Erich Dittli, assignor to Phonak AG
26 December 2006 (Class 381/330); filed in the World Intellectual
Property Organization 16 June 1999

Although the title, abstract, and a portion of the text describe a single
element that operates in two different directions and can perform two dif-
ferent switching functions, there are no claims to support such a switch.
Rather, the claims are mostly about a one-piece housing embodiment for a

3268 J. Acoust. Soc. Am., Vol. 121, No. 6, June 2007

behind-the-ear hearing aid. A module mounted on a removable cover may
also be incorporated. —DAP

7,155,289

43.66.Ts AUTO-REFERENCING MIXED MODE
PHASE LOCKED LOOP FOR AUDIO PLAYBACK
APPLICATIONS

Lee F. Hartley, assignor to Advanced Bionics Corporation
26 December 2006 (Class 607/57); filed 13 August 2002

As a diagnostic tool, asynchronous audio streaming is available at
several address locations within the processing chain of the digital signal

45

processor in a cochlear implant. The average rate of the audio samples is
extracted and a local clock is generated to resynchronize the audio samples
to allow phase-locked playback.—DAP
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7,021,314

43.70.Dn STOMA STENT WITH INTEGRATED
SPEECH FLAP VALVE

Charles J. Lane, Duxbury, Massachusetts
4 April 2006 (Class 128/207.29); filed 19 July 2004

The word “‘stent’ has popularly been associated with a device to hold
a blood vessel open. Here, it refers to a device to hold a throat incision open.
In cases where a patient cannot breathe normally, it is sometimes necessary

to open a breathing hole directly into the trachea. This device would be
7/

20 4o

30

inserted into such an opening, primarily to hold open a passage for breath-
ing. But a one-way valve would close during exhalation, directing the air
flow through the larynx, thus permitting speech. Other such devices have
been patented. It is not clear what is new here.—DLR

7,149,682

43.70.Fq VOICE CONVERTER WITH EXTRACTION
AND MODIFICATION OF ATTRIBUTE DATA

Yasuo Yoshioka et al., assignors to Yamaha Corporation
12 December 2006 (Class 704/205); filed in Japan 15 June 1998

«

This thick document addresses the desideratum that ‘it would be
amusing to have a karaoke apparatus provide a capability of simulating not
only the voice quality but also the singing mannerism of a particular singer.”
In the pursuit of this interesting goal, methods are described for generating
a synthesized waveform from a speaker’s input voice by using what seems
to be standard additive sinusoidal synthesis. The parameters for the sine
waves are obtained from the attributes of a target voice that is supposed to
be imitated, including pitch and spectral shape. There is also an attempt at
vibrato production in the synthesized waveform.—SAF

7,128,651

43.72.Ar CARD GAME FOR DISPLAYING IMAGES
BASED ON SOUND RECOGNITION

Tomoji Miyamoto et al., assignors to Kabushiki Kaisha Sega
Enterprises
31 October 2006 (Class 463/35); filed in Japan 12 November 1997

This patent envisions a computerized card game in which the computer
plays the part of the dealer. The game’s actions, visuals, etc., can be changed
in response to certain acoustic and visible features detected from the human
participants. To mention the acoustic features, references are made to deter-
mining the pitch of the voice and its intensity in the hopes of detecting
features of elation or dejection in the participants. Beyond these vagaries,
we are left to wonder about the precise acoustic correlates of emotions that
will be employed. —SAF
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7,133,824
43.72.Dv NOISE REDUCTION METHOD

Kuo-Guan Wu and Po-Cheung Chen, assignors to Industrial
Technology Research Institute

7 November 2006 (Class 704/226); filed in Taiwan 28 September
2001

Another in a constant barrage of patents relating to speech noise re-
duction by spectral subtraction, a method is here outlined which promises to
(what else?) provide better performance than the prior art. The idea imple-
mented here involves partitioning the noisy speech signal into frequency
subbands and, in essence, performing the noise spectrum subtraction differ-
ently for each subband depending on the signal-to-noise ratio in that sub-
band. Test results are briefly reported which show that “the present method
has the potential of achieving 40% improvement over the conventional
method.” —SAF

7,146,316

43.72.Dv NOISE REDUCTION IN SUBBANDED
SPEECH SIGNALS

Rogerio G. Alves, assignor to Clarity Technologies, Incorporated
5 December 2006 (Class 704/233); filed 17 October 2002

One of seemingly hundreds of new ways of reducing noise in a speech
signal is described here, this one focusing on two key procedures. The first
is a scheme for detecting speech so that noise floor estimation can be sus-
pended during periods of speech in the signal. The second is a subbanding
scheme that divides the frequency spectrum of the signal into a number of
bands, each of which is processed separately. Each subband has its own
noise floor estimate and variable gain function, and the subbands are then
combined, with the result being like a complicated sort of filtering.—SAF

7,149,685

43.72.Dv AUDIO SIGNAL PROCESSING FOR
SPEECH COMMUNICATION

Adoram Erell and Avi Kleinstein, assignors to Intel Corporation
12 December 2006 (Class 704/233); filed 3 September 2004

This patent looks like it will put forth a method for noise reduction in
a speech signal which can specifically cope with “intermittent” and periodic
noise like background music. In fact, only a means of detecting the presence
of such signal contamination is presented, relying on autocorrelation com-
putations to search for recurrent aspects of the signal, while the means of
dealing with it is left open-ended and is not really addressed beyond a brief
remark.—SAF

7,151,924

43.72.Ew COMMUNICATION SYSTEM, HOLD
CONTROL METHOD THEREFOR, TELEPHONE SET,
CONTROL METHOD THEREFOR AND
RECORDING MEDIUM

Keiichi Hayashi, assignor to NEC Corporation
19 December 2006 (Class 455/414.1); filed in Japan 14 August 2002

Here is a simple idea to facilitate multitasking with a mobile phone. It
is recognized that the sounds emitted by nonspeech oriented functions of a
phone can intrude on speech-sensitive modes of operation. The patent de-
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scribes a “hold control” which senses the user’s operation of the phone’s
functions and turns off the microphone as needed to prevent sound intru-
sions. During the hold period, the phone sends a signal to the network side
to “hold” the voice communication. One must surmise that a means for
recording and then replaying a signal is involved, perhaps on the network
side.—SAF

7,152,032

43.72.Ew VOICE ENHANCEMENT DEVICE BY
SEPARATE VOCAL TRACT EMPHASIS
AND SOURCE EMPHASIS

Masanao Suzuki et al., assignors to Fujitsu Limited
19 December 2006 (Class 704/262); filed 17 February 2005

Prior art techniques for voice enhancement have frequently involved
the principle of increasing the amplitude of formants higher than the first.
The authors point out that this has conventionally been implemented by the
approach of simple band-splitting followed by high-band emphasis. This is
not really an adequate way of accomplishing the goal, and this patent de-
scribes a way of enhancing higher formants by actually separating the vocal
tract filter using linear predictive analysis and then directly acting on the
LPC spectrum as, for example, by increasing the amplitude of the peaks
which presumably correspond to formants in the speech signal. Methods are
also described for enhancing the LPC residual (voice source), such as by
increasing the pitch periodicity to improve perceived clarity—SAF

7,158,933

43.72.Ew MULTI-CHANNEL SPEECH
ENHANCEMENT SYSTEM AND METHOD BASED
ON PSYCHOACOUSTIC MASKING EFFEJCTS

Radu Victor Balan and Justinian Rosca, assignors to Siemens
Corporate Research, Incorporated
2 January 2007 (Class 704/226); filed 10 May 2002

This patent involves many of the usual techniques for speech-signal
noise reduction, using a voice activity detector to aid in the measurement of
the noise spectrum. A novel twist is provided by developing a model of the
noise filtering that, first, can be constructed from any number of different
transmission channels and, second, is optimized using psychoacoustic mask-
ing thresholds to avoid cleansing the signal of more noise than necessary. A
considerably detailed presentation is provided, along with some brief results
of testing that support the advantages of a two-channel implementation over
a single-channel version.—SAF

7,136,811

43.72.Gy LOW BANDWIDTH SPEECH
COMMUNICATION USING DEFAULT AND
PERSONAL PHONEME TABLES

Thomas Michael Tirpak and Weimin Xiao, assignors to Motorola,
Incorporated
14 November 2006 (Class 704/221); filed 24 April 2002

This patent refers to prior art “phoneme-based speech communication
techniques” that have been used to accomplish extremely low bit-rate
speech transmission. Without explaining any such method, the patent pro-
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poses to improve the mechanical, impersonal voice sound resulting from
such methods by the use of a “personal phoneme table.” There is no indi-
cation of why a slight tweaking of the phoneme parameters should be ex-
pected to dramatically improve upon the mechanical and impersonal sound,
which logic dictates is largely a result of discarding the voice source infor-
mation to achieve the low bit rate.—SAF

7,146,008

43.72.Gy CONDITIONAL ACCESS TELEVISION
SOUND

Eric C. Hannah and Benjamin M. Cahilllll, assignors to Intel
California
5 December 2006 (Class 380/236); filed 16 June 2000

To control the access to certain programs, the audio signal in a video
broadcast program is encrypted with orthogonal frequency-division multi-
plexing and is then used to modulate a carrier. The resulting overlapping
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subcarriers are broadcast along with an obscured modulated video signal. A
pattern identifier enables the receiver to decode the encrypted audio
signal—DAP

7,146,324

43.72.Gy AUDIO CODING BASED ON FREQUENCY
VARIATIONS OF SINUSOIDAL COMPONENTS

Albertus Cornelis Den Brinker et al., assignors to Koninklijke
Philips Electronics N.V.

5 December 2006 (Class 704/500); filed in the European Patent
Office 26 October 2001

In a basic sinusoidal coder, the frequencies of signal components are
estimated as an average within each analysis frame. That approach was later
improved using a time-warping method. In this patent, the frequencies of
signal components are tracked and accounted for by coding the linear rate of
frequency change or by generating polynomials that estimate the next values
of frequency. The polynomial fitting approach can track several different
frequency variations that go in opposite directions within a frame.—DAP
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7,149,594

43.72.Gy DIGITAL AUDIO SIGNAL FILTERING
MECHANISM AND METHOD

Philip R. Wiser et al., assignors to Microsoft Corporation
12 December 2006 (Class 700/94); filed 29 June 2005

As a response to a received signal that specifies which transmission
medium to use, stored processing parameter data associated with one of
several mediums are used in two or more selected cascaded processing
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stages to encode audio signals to meet sound quality and delivery bandwidth
requirements. Processing stages available for selection include a format con-
verter, sample rate converter, filtering, and watermarking.—DAP

7,130,799
43.72.Ja SPEECH SYNTHESIS METHOD

Katsumi Amano et al., assignors to Pioneer Corporation
31 October 2006 (Class 704/262); filed in Japan 15 October 1999

A simple plan for a phoneme-based concatenative speech synthesizer
is outlined. Since there is nothing novel about that, it appears that the patent
claims are built upon a linear predictive frame-based method for equalizing
the sound power at the boundaries between concatenated segments.—SAF

7,139,712

43.72.Ja SPEECH SYNTHESIS APPARATUS,
CONTROL METHOD THEREFOR AND COMPUTER-
READABLE MEMORY

Masayuki Yamada, assignor to Canon Kabushiki Kaisha
21 November 2006 (Class 704/266); filed in Japan 9 March 1998

This patent proposes three different embodiments which all purport to
decrease processing time of the phoneme search process in a concatenative
speech synthesizer. The document is difficult and short on details, but the
general ideas revolve around determining suitable phoneme substitutions in
a given context where the perfect matching phoneme (with matching
prosody as well) that would be desired is not present in the recorded
database.—SAF
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7,143,029

43.72.Ja APPARATUS AND METHOD FOR
CHANGING THE PLAYBACK RATE OF RECORDED
SPEECH

Moustafa Elshafei, assignor to Mitel Networks Corporation
28 November 2006 (Class 704/211); filed in the United Kingdom
4 December 2002

A novel method is described for changing the playback rate of a digital
speech signal. The method is embodied in an arcane scheme of ad hoc
decision rules that promise to take the best possible actions to achieve a
user-entered playback speed. The decision rules somehow depend upon ex-
tracting, for each speech frame, the periodicity jitter, energy jitter, and pe-
riodicity strength jitter, and then making the right decisions accordingly. It is
not possible to determine at a glance why the given rules should work.—
SAF

7,143,038
43.72.Ja SPEECH SYNTHESIS SYSTEM

Nobuyuki Katae, assignor to Fujitsu Limited
28 November 2006 (Class 704/258); filed 3 March 2005

A method is described (using the term charitably) which employs an
arcane scheme to augment a typical concatenative speech synthesizer with
an ability to select recorded segments which are longer than those usually
employed. The use of longer segments (such as pairs of syllables or entire
words) drawn from the prerecorded speech corpus is intended to comple-
ment the usual short segment concatenation, with the aim of improving
naturalness insofar as is possible given the corpus at hand.—SAF

7,155,390

43.72.Ja SPEECH INFORMATION PROCESSING
METHOD AND APPARATUS AND STORAGE
MEDIUM USING A SEGMENT PITCH PATTERN
MODEL

Toshiaki Fukada, assignor to Canon Kabushiki Kaisha
26 December 2006 (Class 704/254); filed in Japan 31 March 2000

This patent presents a technique for generating a pitch pattern for
speech synthesis, given a segment sequence. The method involves a ““poly-
nomial segment model” which is described in some detail. It is a statistical
time series model for aligning a pitch contour with the segment sequence.—
SAF

7,020,607

43.72.Ne DIALOGUE PROCESSING SYSTEM AND
METHOD

AKkira Adachi, assignor to Fujitsu Limited
28 March 2006 (Class 704/257); filed in Japan 13 July 2000

The grammar used in this human-computer dialog system is somewhat
similar to the simple “item in position”-type of grammar, sometimes re-
ferred to as a slot grammar. What is called a “slot” 11 in this patent, how-
ever, is more abstract in that it represents items of information needing to be
satisfied as the dialog proceeds, but which need not be “filled in” by the
user in any particular sequence or grammatical structure. Details of the
application, such as plane schedules, prices, etc., are provided by a database
9, which plugs into the dialog system much as does the slot package. As a
dialog proceeds, the user may follow a relatively free-form style, while the
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dialog manager tracks progress by filling in slot information as it is pro-
vided. Finally, the dialog manager may request items of information needed
to complete the slot and finalize the transaction.—DLR

7,020,608

43.72.Ne SPEECH RECOGNITION HANDLING WITH
SYNTHESIZED MANUAL INPUT EVENTS

Sagarika A. Chavan, assignor to Delphi Technologies,
Incorporated
28 March 2006 (Class 704/270); filed 21 June 2001

This speech recognition system receives inputs from a mechanical sub-
system as well as from the speech input. Mechanical functions may then be
performed either by voice inputs or by mechanical operations. The way the
functions are performed when using voice inputs is described as a system of
simulated mechanical operations, which are then transformed into the actual
mechanical functions, thus allowing the same mechanical control system to
be used for either voice or physical commands. It all seems like a rather
elaborate way to implement a dual control system.—DLR

7,024,363

43.72.Ne METHODS AND APPARATUS FOR
CONTINGENT TRANSFER AND EXECUTION OF
SPOKEN LANGUAGE INTERFACES

Liam David Comerford and David Carl Frank, assignors to
International Business Machines Corporation
4 April 2006 (Class 704/270); filed 14 December 1999

This speech recognition system and dialog manager would centralize
the voice interface functions in a hand-held device, isolating such functions
from the various applications that would use the speech interface. It thus
moves in the direction that operating systems have been moving inexorably,
toward centralization of commonly needed capabilities and simplification of
the application software. The key issues are the same as what recognition
system builders have struggled with for many years, how to manage
application-specific speaker data, grammars, vocabulary, etc. As has always
been the case, such a move was not possible until the application builders
could agree on the details of the needed functions. To what extent those
thorny issues have yet been settled remains to be seen. Furthermore, it
seems clear that the process of reaching compromises on the corresponding
issues in dialog design has hardly begun.—DLR
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7,027,565

43.72.Ne VOICE CONTROL SYSTEM NOTIFYING
EXECUTION RESULT INCLUDING UTTERED
SPEECH CONTENT

Masahiko Tateishi and Kunio Yokoi, assignors to Denso
Corporation
11 April 2006 (Class 379/88.01); filed in Japan 25 June 2002

The essence of this patent on speech recognition system design is
simply that, as a word is recognized, it is associated with both a word code
and a command code. The word code can be sent to a synthesizer to request
confirmation of the impending action and the command code can be sent to
a control mechanism to implement the desired function.—DLR

7,027,985

43.72.Ne SPEECH RECOGNITION METHOD WITH A
REPLACE COMMAND

Heribert Wutte, assignor to Koninklijke Philips Electronics, N.V.
11 April 2006 (Class 704/235); filed in the European Patent Office
8 September 2000

This patent, concerned with the use of a speech recognition system for
dictation and editing of the resulting text, deals entirely with some low-level
details concerning how the editing operations would be performed by voice
commands and how the commanded operations are carried out in the pro-
cess of modifying the text. The author charges that previous voice editing
systems did this in a clumsy way.—DLR

7,027,991

43.72.Ne VOICE-RESPONSIVE COMMAND AND
CONTROL SYSTEM AND METHODOLOGY FOR USE
IN A SIGNAL MEASUREMENT SYSTEM

Jay A. Alexander and Michael J. Karin, assignors to Agilent
Technologies, Incorporated
11 April 2006 (Class 704/275); filed 26 March 2002

The implementation of a speech recognizer set up to operate electronic
test equipment in a circuit design or repair shop or lab is described. Text line
610 shows a sample of text which has just been entered via the voice input
and recognized. The patent includes extensive tables and flowcharts of the
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special vocabulary for this application and how such vocabulary items are
translated into control operations. In this oscilloscope example, the intent is
that no manual actions would be required. Everything can be done using
speech.—DLR
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7,031,917

43.72.Ne SPEECH RECOGNITION APPARATUS
USING DISTANCE BASED ACOUSTIC MODELS

Yasuharu Asano, assignor to Sony Corporation
18 April 2006 (Class 704/238); filed in Japan 22 October 2001

Apparently, when you build a speech recognizer into a toy robotic
animal, you have to deal with a severe case of a lack of control over the
speaker’s distance from the microphone. The patent describes several stud-
ies done to determine the spectral and amplitude effects of very close and
very far mic distances. CCD visual sensors 22L and 22R are located in the
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robot pet’s eyes. A simple stereo image analyzer performs triangulation to
measure the distance to an object in the robot’s view. An optional ultrasound
sensor 111 may be located in the pet’s nose or mouth and provides an
additional distance calculation. The recognizer includes multiple acoustic
models, each trained for best results at a particular speaking distance.—DLR

7,031,918

43.72.Ne GENERATING A TASK-ADAPTED
ACOUSTIC MODEL FROM ONE OR MORE
SUPERVISED AND/OR UNSUPERVISED CORPORA

Mei Yuh Hwang, assignor to Microsoft Corporation
18 April 2006 (Class 704/243); filed 20 March 2002

It is well known that a speech recognizer trained by a single speaker
using utterances pertaining to a specific task will perform with significantly
lower error rates than if the training situation is less well controlled. How-
ever, such training can be tedious and expensive. Vast amounts of recorded
speech data are available, but by various speakers with wide-ranging vo-
cabulary, and often with no available transcription of the content. This
patent describes methods by which the recognizer can be used in various
“bootstrap” modes to make use of such unstructured speech data. One tech-
nique is to obtain confidence measures on one pass, then to use that infor-
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mation during the model-building stage of a second recognition pass. Many
of the techniques covered here have been in use by recognition system
builders for many years and some have been described in other patents.—
DLR

7,146,319

43.72.Ne PHONETICALLY BASED SPEECH
RECOGNITION SYSTEM AND METHOD

Melvyn J. Hunt, assignor to Novauris Technologies Limited
5 December 2006 (Class 704/254); filed 31 March 2003

A method is presented for modifying the standard sort of matching
algorithm that takes the (errorful) output phone sequence from a speech
acoustic-phonetic decoder and finds the best matching reference pronuncia-
tion. Three different modifications are presented separately here, all having
the common signature of using some kind of “extra information” to aug-
ment the reference pronunciations and the match cost matrix, in the pursuit
of closer matches and fewer errors. One embodiment suggests adding stress
information, a second suggests adding syllable structure information, while
a third suggests using “combined” (disjunctive) phonetic units and freely
deletable phonetic units.—SAF

7,146,320

43.72.Ne ELECTRONIC MAIL REPLIES WITH
SPEECH RECOGNITION

Yun-cheng Ju and Peter K. L. Mau, assignors to Microsoft

Corporation
5 December 2006 (Class 704/257); filed 29 May 2002

This speech recognition system would allow the user to reply verbally
to email messages that are read to the user via a text-to-speech converter.
However, the method would be applicable only for the special case where
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the original email poses a question and, ideally, also includes a list of pos-
sible answers. The question and any proposed answers are converted to
speech and sent to the user. A response from the user is associated with a
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proposed answer via the speech recognizer and is converted from speech to
text and transmitted via email back to the sender—DAP

7,155,391

43.72.Ne SYSTEMS AND METHODS FOR SPEECH
RECOGNITION AND SEPARATE DIALECT
IDENTIFICATION

George W. Taylor, assignor to Micron Technology, Incorporated
26 December 2006 (Class 704/257); filed 24 May 2004

To reduce the time taken to reliably transcribe speech into text, a
processor queries users in an attempt to determine their dialect. The queries
include at least one of the following: user’s age, gender, educational level,
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native language, geographic origin, and current geographic residence. The
user provides non-verbal answers to the queries and the system then com-
pares the dialect parameters obtained from the user to the stored dialect
parameter data to determine the likely dialect.—DAP

7,146,321

43.72.Ne DISTRIBUTED SPEECH RECOGNITION
SYSTEM

James Cyr et al., assignors to Dictaphone Corporation
5 December 2006 (Class 704/270.1); filed 31 October 2001

Speech files from several users are stored until they can be forwarded
to a selected speech recognition engine for processing. Selection of the
speech recognition engine is based on comparing availability and turnaround
time.—DAP
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7,149,689
43.72.Ne TWO-ENGINE SPEECH RECOGNITION

Sherif Yacoub, assignor to Hewlett-Packard Development
Company, L.P.
12 December 2006 (Class 704/255); filed 30 January 2003

In voice-enabled telephony and interactive voice response applica-
tions, two speech recognition engines produce separate recognition output
hypotheses after receiving the same speech inputs. For each speech recog-
nition engine, a confusion matrix is generated and converted into an alter-
natives matrix in which every column is ordered by highest-to-lowest prior-
ity. The speech recognition engine outputs are cross-compared with the
alternatives matrices to find matches.—DAP

7,158,764

43.72.Ne SYSTEM AND METHOD FOR SENDING
HIGH FIDELITY SOUND BETWEEN WIRELESS
UNITS

Peter A. Thayer et al., assignors to Electronic Data Systems
Corporation
2 January 2007 (Class 455/90.1); filed 13 December 2001

Wireless techniques, such as Bluetooth™, typically transmit analog
audio signals using a telephone standard of 8 K samples/s. In order to
transmit a higher fidelity audio signal, the signal is sampled twice and en-
coded into two separate signals which are individually transmitted over a
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wireless synchronous channel. At the receiver, at least two samples each of
the two transmitted signals are grouped and then combined, resulting in a
sampling rate greater than eight kHz.—DAP
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7,144,370

43.80.Vj METHOD AND APPARATUS FOR IMAGING
OF TISSUE USING MULTI-WAVELENGTH
ULTRASONIC TAGGING OF LIGHT

Pavel Alexeyevich Fomitchov, assignor to General Electric
Company

5 December 2006 (Class 600/438); filed 30 November 2004

Electromagnetic radiation is emitted at two or more wavelengths and
propagates through a volume of tissue to be imaged. Ultrasonic waves are
also directed through the imaging volume and modulate the electromagnetic
radiation at the ultrasonic frequency. The modulated electromagnetic radia-
tion is detected by electromagnetic radiation detectors.—RCW

7,144,371

43.80.Vi TRANSESOPHAGEAL ULTRASOUND
PROBE HAVING A ROTATING ENDOSCOPE SHAFT

Stephen Dodge Edwardsen and Dag Jordfald, assignors to
GE Medical Systems Global Technology Company, LLC
5 December 2006 (Class 600/459); filed 22 March 2004

This probe includes an endoscope with an imaging element mounted
on the distal end of a rotating shaft. The probe also includes a mechanism in
the handle to control the imaging element and a rotatable tube that extends
through the rotating endoscope shaft into the control handle. The motion of
the shaft is relative to the rotatable tube and independent of the tube
rotation.—RCW

7,149,566

43.80.Vj SOFT TISSUE ORIENTATION AND
IMAGING GUIDE SYSTEMS AND METHODS

Roberta Lee, assignor to Manoa Medical, Incorporated
12 December 2006 (Class 600/429); filed 31 October 2002

A frame defines an opening into which tissue fits, immobilizes the
tissue, and includes means to secure the frame to the tissue.—RCW

7,150,716

43.80.Vj MEASURING TRANSDUCER MOVEMENT
METHODS AND SYSTEMS FOR MULTI-
DIMENSIONAL ULTRASOUND IMAGING

Paul H. Jones et al., assignors to Siemens Medical Solutions USA,
Incorporated
19 December 2006 (Class 600/446); filed 20 February 2003

An optical sensor in the transducer of an ultrasound imaging system
measures motion along the skin surface in a way similar to the measurement
of motion by a personal computer mouse. The motion information is used to
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position b-scan images accurately relative to one another. The image posi-
tions are angle corrected when the transducer is scanned at an angle that is
not perpendicular to the skin surface.—RCW

7,153,268

43.80.Vj MOTION ADAPTIVE FRAME AVERAGING
FOR ULTRASOUND DOPPLER COLOR FLOW
IMAGING

Yadong Li et al., assignors to General Electric Company
26 December 2006 (Class 600/455); filed 9 September 2004

Motion is determined by comparison of b-scan image frames and the
number of frames averaged is changed according to a motion factor that is
computed from the frame comparisons.—RCW

7,156,811

43.80.Vj ULTRASONIC IMAGING METHOD AND
APPARATUS

Franco Bertora, assignor to Esaote, S.p.A.
2 January 2007 (Class 600/447); filed in Italy 16 October 2002

Backpropagation is used to obtain signals that reduce the number of
channels needed to beamform received signals.—RCW

7,156,812

43.80.Vj VOLUMETRIC IMAGE ULTRASOUND
TRANSDUCER UNDERFLUID CATHETER SYSTEM

James Bernard Seward and Abdul Jamil Tajik, assignors to Mayo
Foundation for Medical Education & Research
2 January 2007 (Class 600/466); filed 27 March 2003

This catheter system contains an ultrasonic transducer array mounted
near the distal end of the catheter. A lens mounted on the array spreads the
ultrasound beam in a direction perpendicular to the axis of the array to
illuminate a volume of fluid. Alternatively, multiple rows of transducer ele-
ments are used to illuminate the volume. Features in the volumetric field of
view can be imaged, measured, or treated therapeutically,—RCW
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This Letters section is for publishing (a) brief acoustical research or applied acoustical reports, (b)
comments on articles or letters previously published in this Journal, and (c) a reply by the article author
to criticism by the Letter author in (b). Extensive reports should be submitted as articles, not in a letter
series. Letters are peer-reviewed on the same basis as articles, but usually require less review time
before acceptance. Letters cannot exceed four printed pages (approximately 3000-4000 words) in-
cluding figures, tables, references, and a required abstract of about 100 words.

Retrofocusing techniques in a waveguide for acoustic

communications (L)

H. C. Song® and S. M. Kim®

Marine Physical Laboratory, Scripps Institution of Oceanography, La Jolla, California 92093-0238
(Received 8 November 2006; revised 29 January 2007; accepted 2 March 2007)

In the paper “Retrofocusing technique for high rate acoustic communications” [M. Stojanovic, J.
Acoust. Soc. Am. 117, 1173-1185 (2005)], it is suggested that the time reversal approach requires
a large number of array elements to compete with other approaches. Here the analysis of that paper
is extended with a modified example to compare the performance of various approaches in three
respects: (1) array element distribution across the water column, (2) channel normalization, and (3)
phase delay across the array. In contrast, our results show that the time reversal approach combined
with channel equalization can offer nearly optimal performance with a very small four element
array. © 2007 Acoustical Society of America. [DOI: 10.1121/1.2721877]

PACS number(s): 43.60.Dh, 43.60.Gk, 43.60.Fg [ADP]

A recent paper by Stojanovic1 explored various possible
approaches to the acoustic communication between a single
element and a multi-element array including time reversal®’
and channel equalization,4 under the assumption that the
channel transfer function is available to the transmitter
and/or the receiver. Motivated by the limitations of the time
reversal approach (SNR;) due to residual intersymbol inter-
ference (ISI),”® optimization techniques (SNR, and SNR,)
were developed which simultaneously eliminate ISI and
maximize the output signal-to-noise ratio (SNR), while
maintaining maximal data rate in a given bandwidth subject
to a constraint on the transmitted symbol energy. In addition,
an optimal solution involving channel equalization (SNR,)
was proposed to offer the best performance at the expense of
the complexity of the overall system. The paper1 provides
theoretical bounds on the performance of various approaches
in terms of the output SNR and examines the performance
using a simple model channel.

However, the simple channel model chosen for the
analysis in Ref. 1 did not include important propagation
physics that, if included, potentially alter some of the con-
clusions in Ref. 1. In this letter, the analysis of the paper is
extended to arrays that are capable of utilizing the spatial
diversity of the model channel to compare the performance
of the various approaches. It is found that the various ap-
proaches collapse to basically four different approaches: (1)

YAuthor to whom correspondence should be addressed. Electronic mail:
hcsong@mpl.ucsd.edu
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time reversal alone, (2) time reversal with equalization, (3)
equalization with a fixed transmit array, and (4) optimal ap-
proach. Approach (3) does not use the channel information
and generally performs poorly as compared to the other ap-
proaches except approach (1). In this letter, we address the
following three components in the model channel used for
performance analysis: (i) array element spacing, (ii) channel
normalization, and (iii) phase delay across the array.

(i) The major issue is the inter-element spacing em-
ployed in the channel model. The typical requirement of the
element spacing being equal to or less than half the wave-
length (d<\/2) to avoid spatial aliasing can be relaxed for a
vertical array in an underwater waveguide since the propa-
gation angles are almost horizontal (broadside to the array)
as extensively studied in matched field processing.7 Thus, the
important question is how to distribute array elements across
the water column given the number of elements (M) where
the element spacing (d) constrains the aperture of the array
li.e., L=d(M—-1)]. Specifically, the example in the paper us-
ing M=4 elements with d=\/2 spacing has an aperture of
L=3\/2 which is not large enough to resolve the three multi-
paths propagating at low grazing angles (e.g., 6
=0°,2.7°,5.4°). Then a four-element array with this small
inter-element spacing behaves effectively as a clustered
single element. As a result, there needed to be an increase in
the number of elements until the time reversal array reached
an aperture sufficient to resolve the three multipaths, requir-
ing a large number of array elements (e.g., M=32) to com-
pete with the other approaches.

Here we use the same number of array elements, M =4,
but with an element spacing of d=4\ which provides a suf-
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FIG. 1. (a) Composite channel power spectral density y(f) when M =4 and d=4N\, and the corresponding impulse response of time-reversal ¢(7) which is the
inverse Fourier transform of y(f). (b) Performance of various techniques on the example channel: output SNR vs E/N,. The array aperture is L=1.2 m. Note
that the four curves (marked with two As, solid O, and *) collapse to each other and can be grouped simply as optimal approach (4).

ficient aperture to benefit from the spatial diversity3 of the
field as illustrated in Fig. 1. The difference between \/2 and
4N element spacing results in as many as eight times the
number of elements. The composite channel function y(f) is
shown in Fig. 1(a) (top) while the impulse response of the
overall system with time reversal ¢()* is shown in Fig. 1(a)
(bottom). The performance of time reversal communications
depends on the behavior of q-function2 whose Fourier trans-
form is y(f) defined in Eq. 12 of Ref. 1 as the summation of
autocorrelation functions of each channel impulse responses
C.(f). To minimize the ISI, it would be desirable to have a
g-function that approaches a Dirac delta function. Even with
M =4 elements, however, the ¥(f) flattens out and the overall
system obtained with time reversal ¢(f) shows much smaller
sidelobes as compared to those in Fig. 3 of Ref. 1 with d
=A/2=0.05 m. In fact, the aperture of M=4 elements with
4\ spacing is still modest with L=1.2 m in 75-m deep water.

Figure 1(b) summarizes the corresponding performance
results using M =4, L=1.2 m array. Several observations can
be made. First, Fig. 1(b) looks very similar to Fig. 4 of Ref.
1 where L=1.6 m with M=32 and d=\/2, clearly indicat-
ing the redundancy of the array elements with smaller ele-
ment spacing. Second, note that there are only four distinct
curves shown in Fig. 1(b) while there are seven different
legends. Apparently, all the optimal techniques (SNR;,
SNR,, SNR,) as well as passive time reversal with equaliza-
tion (SNRj,,) collapse onto one another, which can be
grouped as an optimal approach (4). The other three curves
represent: time reversal alone [SNR,, dashed with squares,
approach (1)], active time reversal with equalization
[SNR; ,, cross, approach (2)], and equalization with a fixed
transmit array [SNRj 4040, circle/dashed, approach (3)].
Third, approach (2) also offers performance very close to the
optimal approach (4), suggesting that time reversal alone (ei-
ther active or passive) can be optimized in conjunction with
channel equalization by removing the residual IS1.” Ap-
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proach (4) shows a linear curve proportional to the input
SNR, E/N,, which provides an upper bound to the other
approaches. Fourth, it is noticeable that time reversal ap-
proach (1) saturates eventually due to residual IST at a value
1/p (defined in Eq. 34 of Ref. 1) which is determined by the
channel function y(f). On the other hand, approach (1) is
almost identical to the optimal approach (4) at low SNR
below E/Ny=7 dB. This is because the impact of ISI
through p will be either comparable to or negligible with
respect to the noise level at low SNR and as E/Ny— 0, the
output SNR,, reduces to SNRy, =(E/Ny) [~ X(f)(f)df, lin-
early proportional to E/N,. The characteristics of the
g-function affect the point of separation from the optimal
curves. Finally, approach (3), which does not use the channel
knowledge consistently, is outperformed (about 2 dB) by the
optimal approach (4).

(ii) For convenience, the g-function is normalized such
that g(0)=1 in Fig. 1 where ¢(0) represents the total energy
of the channel impulse responses (three multipaths in our
example). However, this normalization should not be im-
posed when calculating the performance bounds since we
have a constraint on the transmitted symbol energy E inde-
pendent of M. This allows us to distinguish the impact of
varying the number of array elements from the impact of
varying the total transmitted power.8 For uplink scenarios,
one should pick up more energy by increasing the number of
receivers for a fixed transmitted power.

Performance sensitivity with respect to the number of
array elements (or, equivalently, array size) is shown in Fig.
2(a) illustrating the output SNR as a function of M for a
given symbol SNR of E/Ny=20 dB. The performance char-
acteristics are quite different from Fig. 5 of Ref. 1 where d
=\/2 with the normalization imposed. Three observations
can be made. As in Fig. 1(b), the performance of all of the
optimal focusing techniques collapse onto each other as well
as approach (2) forming a single curve, while the perfor-
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frequency-dependent such that ¢(f)=2m(d/N\)sin 6.

mance improves quite rapidly with the first few elements
where the spatial diversity is exploited maximally.3 Second,
approach (3) is outperformed by the optimal approach (4) as
in Fig. 1(b). In addition, approach (3) initially shows better
performance than approach (1) up to M=4, but is saturated
and eventually outperformed by approach (1) due to an inef-
ficient use of energy without exploiting the channel knowl-
edge. Finally, the oscillatory behavior of time reversal ap-
proach is quite peculiar with a period of AM=5,
corresponding to about 2 m in the array aperture. The period
of 2 m turns out consistent with the period shown in Fig. 6 of
Ref. 1, which is explained below.

(iii) The vertical wave number interference between two
multipaths denoted by A;; is

A= 2 3 A
Y (k)i= (k) [sin 6;—sin 6j]°

(1)

where k_ is a vertical wave number. For the three multipaths
shown in Fig. 1 of Ref. 1, the interference distances at
15 kHz are A;3=1.06 m, Ay;=2.13 m, and A;,=~2.12 m,
respectively. The least common denominator (LCD) is
then A=2.12 m, which is approximately the period of the
oscillatory characteristics.

Since we are dealing with a broadband signal of 5 kHz
bandwidth centered at 15 kHz in the example, the oscillatory
phenomenon normally would not occur if the phase delay
was frequency-dependent such that ¢(f)=2m(d/N\)sin 0
where A=c/f. This is because the interference varies with
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frequency [or \ in Eq. (1)] and smears out over the band of
frequency. It should be mentioned that the frequency depen-
dent phase across the array is a direct result of the simple
time delay relationship between the array elements. Figure
2(b) re-evaluates Fig. 2(a) using the frequency-dependent
phase &(f). As expected, the oscillatory behavior of time
reversal approach (1) clearly has diminished.
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This Letter presents an extension of a previous equation for the phonation threshold pressure by
Titze [I. R. Titze, J. Acoust. Soc. Am. 83, 1536-1552 (1988)]. The extended equation contains the
vocal-fold oscillation frequency as an explicit factor. It is derived from the mucosal wave model of
the vocal folds by considering the general case of an arbitrary time delay for the mucosal wave to
travel the glottal height. The results are illustrated with a numerical example, which shows good
qualitative agreement with experimental measures. © 2007 Acoustical Society of America.
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I. INTRODUCTION

Almost two decades ago, Titze (1988) set forth the dy-
namical principles of the vocal-fold oscillation. He proposed
a mucosal wave model in which motion of the vocal-fold
tissues is represented as a surface wave propagating in the
direction of the airflow. His model demonstrated the
aeroelastic nature of the oscillation, born from the interaction
between the airflow blowing through the glottis and the elas-
tic structure of the tissues. Since then, the original model and
its several variations have been used in further studies of
phonation dynamics (e.g., Chan and Titze, 2006; Drioli,
2005; Laje et al., 2001; Lucero, 1999), and have even been
applied to the production of sound in the avian syrinx (Laje
and Mindlin, 2005).

An important result of Titze’s work was an equation for
the phonation threshold value of lung pressure, defined as the
minimum value required to initiate the vocal-fold oscillation.
At this threshold value, the energy transferred from the air-
flow to the vocal folds is large enough to overcome the en-
ergy dissipated in the tissues, so that an oscillatory move-
ment of growing amplitude may take place. Titze’s equation
related the threshold pressure to biomechanical parameters,
namely, glottal geometry, tissue damping coefficient, and
mucosal wave velocity. It has found important applications
in studies of glottal acrodynamics (Titze, 1992), and its va-
lidity has been tested in various experimental setups (e.g.,
Chan et al., 1997; Chan and Titze, 2006; Titze et al., 1995).
The threshold pressure value has also been interpreted as a
measure of ease of phonation, and proposed as a diagnostic
tool for vocal health (Titze et al., 1995). Its clinical signifi-
cance has been explored in several studies (e.g., Fisher and
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Swank, 1997; Fisher et al., 2001; Milbrath and Solomon,
2003; Roy et al., 2003; Sivasankar and Fisher, 2002; Verdo-
lini et al., 2002).

Naturally, the mucosal wave model included several
simplifying assumptions, necessary to permit the analytical
treatment. One of those assumptions was a small time delay
for the mucosal wave to travel along the vertical dimension
of the vocal folds. This is equivalent to a small phase delay
of the oscillatory motion of the upper edge of the vocal folds
in relation to the lower edge.1 As will be shown later, a
consequence of that assumption is that the equation for the
phonation threshold pressure lacks the oscillation frequency
as a parameter. It is well-known that phonation threshold
pressure increases with frequency, as demonstrated by ex-
perimental measures (e.g., Titze, 1992). This result is consis-
tent with data suggesting that phonation onset is delayed
when speakers use higher frequencies (e.g., Koenig et al.,
2005). The data on how frequency affects phonation are
somewhat conflicting, however (cf. McCrea and Morris,
2005). Titze (1988, 1992) pointed out the lack of a frequency
factor and offered a possible solution by relating other pa-
rameters in the phonation threshold pressure expression,
such as vocal-fold thickness and mucosal wave velocity, to
the oscillation frequency.

This Letter will show that a more general analysis of the
model allowing for arbitrary time delay results in an ex-
tended equation for the phonation threshold pressure which
includes the oscillation frequency explicitly.

Il. MUCOSAL WAVE MODEL

For details on the derivation of the model’s equations,
we refer the reader to Titze’s (1988) original work. Figure 1
shows a schematic of the mucosal wave model. Complete
right-left symmetry of the folds is assumed, and motion of
tissues is allowed only in the horizontal direction. A surface
wave propagates through the superficial tissues, in the direc-
tion of the airflow (upward).

© 2007 Acoustical Society of America
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FIG. 1. Vocal-fold model (after Titze, 1988).

The equation of motion of the vocal-fold tissues is ob-
tained by lumping their biomechanical properties at the mid-
point of the glottis, and assuming that they are forced by the
mean glottal pressure P,, which yields

Mé+BéE+KE=P,, 1)

where £ is the tissue displacement at the midpoint, and M, B,
K are the mass, damping, and stiffness, respectively, per unit
area of the medial surface of the vocal folds.

The glottal aerodynamics is modeled by assuming that
the flow is frictionless, stationary, and incompressible. Under
such conditions, the mean glottal air pressure P, may be
expressed by

Pg=Pi+(Px_Pi)(1_aZ/al_ke)/kt, (2)

where P, is the subglottal pressure, P; is the supraglottal
pressure (at the entry of the vocal tract), k, is a pressure
recovery coefficient for the turbulent region at the glottal exit
(0<k,=<0.2, depending on the relation of the vocal-tract
input area to the glottal area), k, is a transglottal pressure
coefficient (k,=k.—k,, where k, is a pressure loss coeffi-
cient for the region upstream the glottal exit, with values
1.0<k,<1.4 depending on the glottal channel shape), and
a,, a, are the glottal areas at the lower and upper edges of
the glottal channel, respectively. The time-varying glottal
areas are given by

ay(t) =2L(&, + &(t+ 7)), (3)

a)(t) =2L(&p + £(t - 7)), (4)

where &) and &j, are the lower and upper prephonatory
glottal half-widths, respectively, 7is the time delay for the
mucosal wave to travel half the glottal height (7/2 in Fig.
1), and L is the vocal-fold length. The delay 7 depends on
the velocity of the mucosal wave, which is related to the
compliance of superficial tissues (Titze, 1992).

Following Titze, we assume that the subglottal pressure
P, is equal to a constant lung pressure P;, the vocal-tract
pressure is atmospheric (P;=0), and the vocal-tract input
area is much larger than the glottal area so that k,~ 0. Fur-
ther, and for simplicity of the present analysis, we consider
only the case in which the prephonatory glottal channel is
rectangular, i.e., the glottal half-width has a constant value
&o=E&y1=&np along the glottal height. Under such conditions,
the mean glottal pressure simplifies to
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pg=ﬁ(1-@). (5)

Substituting into Eq. (1), we obtain the final equation for the
vocal-fold oscillation

g)gm - i)

Mf*Bf*Kg:(k; Eor £+ 7)

(6)

lll. STABILITY ANALYSIS
A. Small 7 approximation

Equation (6) is a functional differential equation with
advance and delay arguments (r+7 and 7— 7, respectively).
First, let us assume that the time delay 7 is small enough so
that the advanced-delay terms may be approximated by the
linearization

&+ 1) = &) £ 7é(0), (7

which reduces Eq. (6) to an ordinary differential equation
s
o+ &+ £

The above equation may now be analyzed by standard
qualitative methods for dynamical systems. It has a unique
fixed point at é&=0 (the prephonatory position). This position
is stable for low values of P;, and becomes unstable when
P; reaches the threshold value

_ ki&B
th 27

ME+Bé+ Ké= (ﬁ> (8)

k;

)

At this threshold value, the vocal-fold oscillation is gener-
ated. The oscillation threshold constitutes a Hopf bifurcation
of the subcritical type, where the prephonatory position be-
comes unstable and at the same time absorbs an unstable
limit cycle (Lucero, 1999).

B. General case for arbitrary =

Let us consider now the general case, given by Eq. (6).
The stability of the prephonatory position at £=0 is deter-
mined by the roots of the characteristic equation associated
with the linearization (variational equation) around that po-
sition (see, e.g., Hale, 1977). The linearization may be ob-
tained by replacing the right side of Eq. (6) by the linear
terms of a Taylor expansion around £=0, which produces

P
kfg()

The characteristic equation may be obtained by the standard
technique of proposing a solution &(f)=Ce», where C and \
are constants, and seeking nonzero solutions, which yields

M$+Bg+1(§=< )[g(t+7')—§(t—7')]. (10)

2P
MN?+ B\ + K — —= sinh(A7) = 0. (11)
k&

For P;=0, Eq. (11) has the roots
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B B\ K
N=——x [l ] -, (12)
2M 2M M

which have negative real parts. For P;>0, Eq. (11) may
have an indefinite number of roots. Let us assume a pair of
imaginary roots A=iw. Substituting into Eq. (11), using the
identity sinh(ix)=i sin(x), and separating real and imagi-
nary parts, we obtain

—0*M+K=0, (13)
2P

wB — =% sin(w7) = 0. (14)
k&

The first equation produces the oscillation angular frequency
w=\K/M. The value of P; given by the second equation
is the oscillation threshold pressure

ki&Bw

=2 sin(w7)’ (13)

th
with 0 <(w7) <.

According to Rouché’s theorem (Dieudonné, 1960), the
roots of the characteristic equation depend continuously on
the parameter P;. Hence, for 0<P; <Py, all roots have
negative real parts, and at P; =Py, a pair of roots becomes
imaginary. We verify next that those roots cross the imagi-
nary axis from left to right. Implicit differentiation of Eq.
(11) produces

2TPL

COSh()\T):| A = 2 sinh(A7). (16)

[ZM)\ +B -
dPL szo

150
Substituting A=iw, P, =Py, given by Eq. (15), and separat-
ing the real part, we obtain finally
dRe(N\) B 4wM sin(w7)
dP; P,=P, T kB - wrcot(wn) ] + 4e* M%)

>0, (17)

for 0 <(w7) <. This is the transversatility condition, which
proves that the roots cross the imaginary axis and therefore
their real parts become positive.

The above results imply that the equilibrium position at
&=0 is stable for P; < Py, and unstable for P; > Py,. Further,
by the Hopf bifurcation theorem for functional differential
equations (Hale, 1977), a limit cycle is generated at P,
=Py

IV. PHONATION THRESHOLD PRESSURE

The phonation threshold pressure is then given by Eq.
(15). Note that it now contains the oscillation frequency  as
an explicit factor. Rewriting it in the form

ké&B ot
th=

- , 0<(ow7n) <, (18)
27 sin(w7)
and considering that sin(x)/x is a monotonically decreasing
function in (0, 7r), then we have that P, increases with the
oscillation frequency w, if all other factors are fixed. Note
also that, for 7—0, sin(w7) — w7, it simplifies to Titze’s
result [Eq. (9)].
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FIG. 2. Phonation threshold pressure vs oscillation frequency. (a) Value
given by our extended expression Eq. (15); (b) Titze’s (1988) theoretical
expression, (c) Titze’s (1992) empirical model.

Let us consider a numerical example, with k,=1.1, &,
=1 mm, B=1000 Pas/m, c=1m/s, K=2X10°Pa/m, T
=3 mm, 7=T/(2¢)=1.5 ms (Titze, 1988). Figure 2 shows the
phonation threshold pressure computed from Eq. (15), as a
function of the frequency f=w/(2). For comparison, the
figure also shows values from Titze’s (1988) Eq. (9). That
equation produces a horizontal line, since it is independent of
the frequency f, and coincides with Eq. (15) at f=0. Finally,
it also shows results from an empirical model by Titze
(1992), expressed by P,,=0.14+0.60(f/120)>. This equation
was obtained by fitting a quadratic polynomial to experimen-
tal measures of phonation pressures. As the example illus-
trates, Eq. (15) provides a good qualitative prediction of the
relation of phonation threshold pressure with oscillation
frequency.

V. CONCLUSION

We have presented an equation for the phonation thresh-
old pressure as a function of vocal-fold biomechanical pa-
rameters, which extends a previous result by Titze (1988). It
contains the vocal-fold oscillation frequency as an explicit
factor, and provides a good prediction for the observed in-
crease of the threshold pressure with oscillation frequency.

The analysis was based on Titze’s mucosal wave model,
and considering the general case of an arbitrary time delay
for the the mucosal wave to travel the glottal height. Several
interesting questions appear now for further research, such
as: (1) In the case of small time delay, the Hopf bifurcation at
threshold is of the subcritical type (Lucero, 1999). Is it still
subcritical at large time delays? (2) Titze (1992) built an
empirical model of the relation between phonation threshold
pressure vs frequency by fitting a quadratic polynomial to
empirical data. Could a better model be obtained by fitting a
function with the factor x/sin(x)? (3) Our analysis assumed a
rectangular prephonatory glottis, but it may be extended to a
convergent-divergent shaped glottis, as in Titze’s (1988)
work. (4) The mucosal wave model has been used to study
many aspects of phonation, including the following: the bal-
ance between the energy transferred from the airflow to the
tissues and the energy dissipated (Lucero, 1999); the optimal
glottal geometry for ease of phonation (Lucero, 1998); the
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influence of vocal-tract acoustics on phonation threshold
pressure (Chan and Titze, 2006); and characteristics of labial
oscillation in the avian syrinx (Laje and Mindlin, 2005).
Those and other similar studies could be improved by ex-
tending them to the general case of arbitrary time delay.

Finally, let us note that the two-mass model of the vocal
folds predicts a linear increase of phonation threshold pres-
sure when the natural frequencies of the model are increased
(e.g., Lucero and Koenig, 2005; Mergell et al., 1999), instead
of the above nonlinear relation. The consequences of that
difference, and a possible way to reconcile both models is
also a good subject for further analysis.
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This letter presents a modified diffusion model using an Eyring absorption coefficient to predict the
reverberation time and sound pressure distributions in enclosures. While the original diffusion
model [Ollendorff, Acustica 21, 236-245 (1969); J. Picaut et al., Acustica 83, 614—621 (1997);
Valeau et al., J. Acoust. Soc. Am. 119, 1504-1513 (2006)] usually has good performance for low
absorption, the modified diffusion model yields more satisfactory results for both low and high
absorption. Comparisons among the modified model, the original model, a geometrical-acoustics
model, and several well-established theories in terms of reverberation times and sound pressure
level distributions, indicate significantly improved prediction accuracy by the modification. © 2007

Acoustical Society of America. [DOI: 10.1121/1.2727331]

PACS number(s): 43.55.Br, 43.55.Ka [EJS]

I. INTRODUCTION

Recently, a diffusion equation has drawn attention in
room-acoustic predictions. Ollendorff" first proposed the dif-
fusion equation to describe diffuse sound fields in enclo-
sures. More recently, Picaut® and his co-workers®™ have ex-
tended the application of the diffusion equation model based
on the concept of acoustic particles6’7 to a variety of space
types, including elongated space, such as street canyons,3
single-space enclosures,” and coupled-volume spac:es.5 The
previous work, however, shows that the diffusion model is
only suitable for low absorption coefficients.** The subject
of this work is to present a modification to the diffusion
model, as already applied in room acoustics,”” using an im-
proved absorption coefficient from Eyring’s equation,8 which
suggests a better prediction of the sound fields in enclosures
with both low and high absorption coefficients.

Predicted reverberation times and sound pressure levels
(SPLs) are compared among the modified diffusion model,
the original diffusion model, and other classical theories for
cubic rooms with both uniformly and nonuniformly distrib-
uted absorbing surfaces of varied absorption coefficients. For
flat and long rooms, a geometrical-acoustics model is used
for comparisons of the SPL distributions. The results show
that the modified diffusion model improves the room acous-
tic prediction. Experimental work of SPL distributions for
various room types to verify the modified diffusion model is
being undertaken.

In Sec. II, the modified diffusion equations are formu-
lated based on the original diffusion equations. Section III
briefly discusses simulation results for different kinds of
spaces in terms of comparisons among the modified, the
original diffusion model, and other approaches. Section IV
concludes the paper.

Y Author to whom correspondence should be addressed; electronic mail:
xiangn@rpi.edu
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Il. DIFFUSION EQUATION MODIFICATION

The energy balance for a room of volume V containing a
sound source of power output F(r,7) can be written by a
diffusion equation,zf

w(r,1) 5 cSa
o DV w(r,1) + v w(r,7) = F(r,t), (1)
where F(r,t) is an acoustic source term and D is termed
diffusion coefficient for introducing a term of Laplace opera-
tor V2 on sound energy density w(r,) for a nonuniform dis-
tribution of the sound energy.l’2 @ is the average absorption
coefficient of the room, and S is the surface area of the room.
The original diffusion equation is only valid when the
absorption is very weak since it is the first-order approxima-
tion of an integral equation.9 In fact, the absorption term
(cSa/4V) in Eq. (1) is the probability rate of a particle to be
absorbed during 1 s when the average absorption coefficient
is small.>® However, in room acoustics, the absorption coef-
ficient can be very large, for instance, the audience in a con-
cert hall. In the statistical theory of room acoustics, a similar
case is that Sabine equation is usually only valid for low
absorption because it essentially represents the first-order ap-
proximation of Eyring equation. The later is valid for both
low and high absorptions. Reducing Eq. (1) to the classical
statistical model* by dropping the term with the diffusion
coefficient D, a sound energy decay equation is written as

ow(t) caS
7 + Ww(t) =0, (2)

the solution of this equation is

W(t) — Woe—(c&S/AW)t’ (3)
where wy is the initial sound energy density of the sound
source. The solution leads to the well-know Sabine’s for-

mula. Changing Eq. (2) to
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ow(t) cIn(l-a)S
ot 4V v

(=0, 4)

its solution leads to the Erying’s formula.

In similar fashion, a substitution of @ by —In(1-a) ac-
cording to Eyring’s formula modifies the original diffusion
equation in Eq. (1) to

In(1 — @)cS

—&W(r’t)—DWw(r,t) v w(r,f)=F(r,1).  (5)

ot 4

Solutions of this equation require certain boundary con-

ditions. For rooms with uniformly absorbing surfaces, a ho-
mogenous Neumann boundary condition”

ow
—=0 ondV, (6)
on

can be used with dV being the surface of the room. For
nonuniformly distributed surface properties, a mixed bound-
ary condition can be derived using an exchange coefficient
h.* The term h is chosen so that the energy flux through the
room boundaries equals the absorption over the whole room
due to the absorption term from Eq. (5),

J _InQ=@eS o av= f h(S)w(r,1)dS, (7)
) 4v v

while the sound field is diffusive, which means the sound
energy density is quite uniform in the room, w(r,?) can be
treated as a constant and taken out of the integral, thus

- @: f h(S)dsS. (8)
A%

For a room with N walls, an £; can be attributed to each wall
S; with different absorption coefficient «; in terms of

In(1 - a;
e R 9)

since

N

s\ & s
In(1 —&):ln<1 -> “—) ~> In(l-a)=. (10
S i=1 S

i=1

The equation to describe the energy exchanges at bound-
aries is written as

aw
—D— =hw(r,t) on dV, (11)
an

where dw/dn is the gradient of w(r,f) along the boundary
normal.

Overall, the local diffusion equation and the mixed
boundary condition can be written as

ow(r,t)

— DV?w(r,t) = F(r,1)
ot

inV, (12)
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D&w(r,t) cln(l - a)
on 4

w(r,t)=0 on gV, (13)

which is more practical than Eq. (5) along with Eq. (6) be-
cause it defines the boundary condition to each specific sur-
face with specific absorption coefficients. Moreover, this
boundary condition is also an appropriate approximation
when applied to flat rooms or long rooms.>* To solve the
diffusion equations, a volume sound source is used.*

The difference between the modified diffusion equation
and the original form lies in a substitution of the logarithmic
absorption term to the absorption term. Section III discusses
simulation results indicating that this modified model im-
proves predictions of SPL distributions and sound energy
decays in rooms with varied shapes not only for low, but also
for high absorption coefficients.

lll. SIMULATION RESULTS

This section investigates three basic room shape varia-
tions with varying absorption coefficients on interior wall
surfaces. For cubic rooms with uniformly distributed absorp-
tion properties of wall surfaces, several classic theories are
used, since the sound energy density is assumed uniform for
totally diffusive sound field. For flat or long rooms, the
geometrical-acoustics model is considered because the sound
energy density is known to be not uniform.

The original and modified diffusion model are imple-
mented by a finite element modeling software with
1500 mesh elements for cubic rooms and 3000 mesh ele-
ments for flat and long rooms. The size of the elements is
chosen to be on order of or smaller than one mean free path
4v/S.* Equation (5) along with Eq. (6) and Eq. (12) along
with Eq. (13) are solved for different initial conditions,

w(r,0)=0 inV, (14)

w(r,0)=w, in V; (15)
in the room under acoustic excitations by the volume sound
source to obtain the reverberation time (RT), V; is the vol-
ume occupied by the sound source.

With a time dependent solution w(r,f), the SPL can be
expressed as'”

w(r,t)pcz> ’ (16)

L,(r,t)=10 log< s

ref

where P, is equal to 2X 107> Pa. The sound energy decay
functions can then be obtained.

To calculate the steady state sound field, Eq. (5) along
with Eq. (6) and Eq. (12) along with Eq. (13) are solved for
a given sound power W, of the source, and then F(r,?) is set
to be equal to W/V,. With a stationary solution w(r), the
total SPL can be expressed as’

LyY'(r) = 10 log{pc[ W,/(4%) + w(r)c)/Prg}, (17)
where the time variable ¢ is omitted here.
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FIG. 1. Deviations of the reverberation times calculated by Kuttruff’s for-
mula and other classical methods, along with the original and the modified
diffusion models. (1) Homogeneous Neumann boundary condition, and (2)
the mixed boundary condition.

A. Cubic rooms with uniformly distributed absorption
coefficients

A cubic room (<25 m<x<25m, -25m<y<25m,
-2.5 m=<z<2.5 m) is modeled. The source is in the middle
of the room with coordinate (0, 0, 0) m. The absorption
coefficient is assigned uniformly for all room surfaces. RT is
estimated over sound energy level range from -5 to
—35 dB." RTs are determined from results of both diffusion
models with two kinds of boundary conditions, Sabine’s for-
mula, Eyring’s formula, and Kuttruff’s formula.® To compare
these different methods in terms of predicted RTs, Fig. 1
illustrates the difference between the results from Kuttruff’s
formula and other methods. In Fig. 1, the original model with
homogeneous Neumann boundary condition agrees more
with Sabine’s formula, the modified model with this bound-
ary condition agrees more with Eyring’s formula. The modi-
fied model with mixed boundary condition is very close to
the prediction of Kuttruff’s formula even when the absorp-
tion coefficient is relatively high, and thus has the best per-
formance.

The SPLs are calculated using Eq. (17) along a line hav-
ing a distance V2 m to the source (y=1m, x is from
-2.5t02.5m, zis 1 m) by two diffusion models with the
mixed boundary condition, and are compared to the results
of Barron-Lee’s equation which has been verified by the
measurements of “reasonably diffusive hall.”"? Figure 2 il-
lustrates comparison results for two different cases. For case
(a), the power of the source is 0.01 W and the absorption

96
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91 L o O Barron’s model =] . 1
. o — Original model o S
P a O Barron’s model o ~
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FIG. 2. Comparison of sound pressure level distributions along y=1 m (x
=-2.5-2.5m, z=1 m), by three different models in a cubic room with two
configurations of absorption coefficients: 0.1 for each wall (a) and 0.5 for
each wall (b).

coefficient of each wall is 0.1. In case (b), the power of the
source is 0.02 W and the absorption coefficient of each wall
is 0.5. As shown in Fig. 2 the modified diffusion model
shows predicted values closer to those determined by Ref.
12.

B. Cubic rooms with nonuniformly distributed
absorption coefficients

Again, a cubic room with dimension 5 m X5 m X5 m,
but interior surfaces are featured with two different absorp-
tion coefficients. The source is in the middle of the room. In
this case, only the mixed boundary condition is used because
each wall can be assigned to a specific absorption coefficient.
Results of RTs are compared to Kuttruff’s formula and
Kuttruff-Embleton’s forrnula,B’14 the latter one deals with a
room having only two distinct types of surfaces. The results
listed in Table I indicate that the modified diffusion model
agrees more with Kuttruff-Embleton’s formula.

C. Flat rooms

The modified diffusion model and the original diffusion
model are compared with a geometrical-acoustics model
(CATT Acoustics®). For a flat room with dimension 15 m
X 15 m X2 m, the source is at (2,5,1) m, the sound power
level W, is 100 dB. The total SPL is obtained using Eq. (17).
Figure 3(a) illustrates SPL distributions along the line x
=2.5 (y is from 0 to 15 m) and at the height 1 m. Figure 3(b)
illustrates a sketch of the configuration. The absorption co-

TABLE I. Reverberation times [s] for nonuniformly distributed absorptions in a room predicted by Kuttruff’s
formula, Kuttruff-Embleton formula, the original diffusion model and the modified one.

Distribution of absorption Kuttruff Kuttruff-Embleton Original Modified
One wall with 0.9, others with 0 0.8491 0.7148 1.2134 0.6826
One wall with 0.5, others with 0 1.5652 1.4311 1.9232 1.4774
One wall with 0.5, others with 0.1 0.7596 0.7346 0.8716 0.7441
One wall with 0.5, others with 0.2 0.4905 0.4835 0.5723 0.4869
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FIG. 3. (a) Comparison of sound pressure level distribution along x
=2.5 m line in a flat room by the original, modified diffusion model and the
geometrical-acoustics (ray tracing) model in a flat room. One wall surface is
featured with absorption coefficient 0.8 while the other wall surfaces with
absorption coefficient 0.3. (b) Top view of the flat room with dimension
15 m X 15 m X2 m, the sound source is at (2,5,1).

efficient of one wall is 0.8, other walls are 0.3. CATT Acous-
tics software is used, the number of rays and the ray trunca-
tion time are chosen as 5X 10* and 1000 ms, respectively.
These numbers are assumed to be big enough to achieve
well-converged results. The reflections are set to be com-
pletely diffusive. The modified model agrees better with the
geometrical-acoustics model.

D. Long rooms

For a long room with dimension 4 m X 4 m X 40 m, the
source is at (3,2,3) m, the sound power level is 100 dB.
Figure 4(b) illustrates a sketch of the room configuration.
The SPL distribution is calculated in the same way as the flat
room and is plotted in Fig. 4(a) along the line y=0.5 m (x is
from O to 40 m) and at the height 1 m. The absorption coef-
ficient of one wall is 0.4, other walls are 0.9. CATT Acous-
tics software is again used. The modified model still agrees
more with the geometrical-acoustics model.

IV. CONCLUSIONS

This work introduces a modification into a diffusion
equation recently applied in room-acoustic predictions, the
substitution of Eyring coefficient for Sabine coefficient in the
diffusion equation results in more accurate results, especially
for high absorption coefficients. Examples of cubic rooms
are first given and compared with several well-established
classical room-acoustic theories. For uniformly distributed
absorption coefficients, the modified diffusion model shows
a good agreement with Kuttruff’s formula® and Barron-Lee’s
equation,12 for nonuniformly distributed absorption coeffi-
cients, the results of the modified diffusion model are more
close to Kuttruff-Embleton’s formula.>'* At last, the sound
pressure distributions of a flat and a long room are simulated.
The modified diffusion model yields more similar results to
those estimated by the geometrical-acoustics method. Com-
parisons carried out in this work among the modified model,
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FIG. 4. (a) Comparison of sound pressure level distribution along y
=0.5 m in a long room by the original, modified diffusion model and the
geometrical-acoustics (ray-tracing) model in a long room. One wall surface
is featured with absorption coefficient 0.9 while the other wall surfaces with
absorption coefficient 0.4. (b) Top view for the long room with dimension
4 m X4 mX40 m, the sound source is at (3,2,3) m, the sound pressure level
is calculated along y=0.5 m line.

the original model, the geometrical-acoustics model, and
several classical theories indicate that a slight modification
of the diffusion equation, as already applied in room acous-
tics, results in significant improvement in the prediction ac-
curacy.
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The propagation of a normally incident plane acoustic wave through a three-dimensional rigid slab
with periodically placed holes is modeled and analyzed. The spacing of the holes A and B, the
wavelength N\, and the thickness of the slab L are order one parameters compared to the
characteristic size D of the holes, which is a small quantity. Scattering matrix techniques are used
to derive expressions for the transmission and reflection coefficients of the lowest mode. These
expressions depend only on the transmission coefficient, 7, of an infinitely long slab with the same
configuration. The determination of 7, requires the solution of an infinite set of algebraic equations.
These equations are approximately solved by exploiting the small parameter D/\AB. Remarkably,
this structure is transparent at certain frequencies and opaque for all others. Such a structure may be
useful in constructing narrow-band filters and resonators. © 2007 Acoustical Society of

America. [DOI: 10.1121/1.2721878]

PACS number(s): 43.20.El, 43.20.Myv, 43.20.Bi [RMW]

I. INTRODUCTION

The propagation of acoustic and elastic waves through
periodic structures with different mechanical properties has
received considerable study.'_9 These phenomena are similar
to the propagation of electromagnetic waves in photonic
crystals. The existence of pass and stop bands is a common
feature shared by all. These are observed both
theoreticallyl’3’7 and experimentally.5’6’8’9 In electromagnetic
applications these photonic structures are used to construct
frequency selective filters. Similarly, their acoustic counter-
parts are used in constructing vibrationless environments,”
building ultrasonic transducers and filters, and designing new
acousto-optical devices.’”

In this paper, the propagation of acoustic waves is inves-
tigated for a particular periodic structure. It is a rigid slab
with periodically perforated holes. The motivation for this
research partly comes from the analogy between the periodic
elastic composites and periodic dielectrics. Recently consid-
erable attention has been focused on the propagation of elec-
tromagnetic waves through a particular two-dimensional,
metallic grating.lo"12 This grating is a perfectly conducting
metallic slab of finite thickness in which slits are periodically
cut through it. It was found that at certain frequencies there is
complete electromagnetic transmission through the structure
although the width of the slits is much smaller than the inci-
dent wavelength and the spatial period of the structure. Sev-
eral explanations of this phenomenon are given.13’14 The
acoustic analog of this problem consists of a rigid material,
which plays the role of the metal slab, and an incident plane,
acoustic wave, which takes the role of a properly polarized

YElectronic mail: zhoulin@math.udel.edu
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electromagnetic wave. Since the two-dimensional electro-
magnetic and acoustic problems are mathematically equiva-
lent, the phenomenon will be the same. This is true when the
grating is composed of a periodic array of closely space hard
cylinders.'5 The purpose of this paper is to show that our
three-dimensional structure has the same feature of complete
transmission at certain discrete frequencies.

Our structure has been studied'® for a slab of infinite
length, with circular holes; it was used as a model of a
simple porous medium. Reflection coefficients over a wide
range of frequencies were investigated in detail to the first
cutoff frequency by using perturbation analyses.

In this paper, we apply a scattering matrix technique to
theoretically find the acoustic transmission properties of a
rigid slab with periodically arranged air holes. Specifically,
the scattering matrix of the structure is derived for arbitrarily
shaped holes. It is found that this matrix depends on only one
parameter. Under the assumption that the incident wave-
length is of the same order as the spacing of the holes and is
much bigger than the hole size, the total transmission and
total reflection properties of the structure at certain frequen-
cies are obtained for circular holes. In constructing the scat-
tering matrices to show this interesting phenomena we revisit
the problem considered in Ref. 16 and re-derive some of the
results contained therein. However, the derivations in this
paper are more straightforward and the results are obtained
for general hole shapes. In this paper we show that our pe-
riodic structure possesses very sharp pass bands and very
broad stop bands. That is, only certain discrete frequencies
pass through the slab. This feature may be exploited to build
filters and Fabry Perot resonators, the latter being con-
structed by placing two parallel slabs a few wavelengths
apart.

© 2007 Acoustical Society of America



FIG. 1. Schematic diagram of the periodic structure
considered in this problem.

N

The remainder of this paper is organized as follows. In
Sec. II we present the mathematical formulation of the prob-
lem and our assumptions. This is followed by presenting
modal solutions for each part of the structure. The form of
the solution outside the slab is explicit. The solution inside
the holes depends on their shape. However, the lowest eigen-
value and the eigenfunction for different shapes are found to
be the same. In Sec. III we present and discuss two auxiliary
problems, which are to construct the scattering matrix S for
the structure. This allows both the transmission and the re-
flection coefficients to be obtained using S. We find remark-
ably that the transmission and reflection coefficients of our
structure only depend upon one parameter, 7,. This param-
eter is the transmission coefficient of the first auxiliary prob-
lem. In Sec. IV we present a Green’s function argument in
conjunction with a modal analysis to derive an infinite sys-
tem of algebraic equations whose solution gives 7,. In Sec.
V, we exploit the small parameter D/S to obtain an approxi-
mation of 7 for the circular holes. In Sec. VI, we show that
our structure possesses the complete transmission property
described above. Finally, we present our conclusions in Sec.
VIL

Il. MATHEMATICAL FORMULATION

A schematic diagram of the structure is shown in Fig. 1.
It is a rigid slab, infinitely long in both X and Y directions. In
the Z direction the thickness of the slab is L. Holes are ar-
ranged periodically in the XY plane, and the cross section of
the hole is uniform along the Z direction. All the holes are of
the same shape. Since the structure is periodic, we consider a
fundamental cell, which is also shown in Fig. 1. The length
and the width of the fundamental cell are A and B, respec-
tively. For an arbitrarily shaped hole, we define D, the square
root of the hole’s area, as the characteristic size of the hole.

A plane acoustic wave with frequency w is normally
incident on the perforated slab. The incident wavelength A is
of the same order as A and B. We assume that the viscosity of
air is small enough so that the boundary layer on the surface
of the hole channel can be neglected. Then the acoustic pres-
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sure U satisfies Helmholtz equation, V2U+K*U=0 both in-
side the pores and outside the slab. The constant K in the
Helmbholtz equation is the wave number defined by K
=2m/N\. The boundary condition is dU/dn=0 on the rigid
portions of the slab, where n denotes the normal direction to
the rigid surfaces.

We assume that the hole is small compared to the size of
the fundamental cell, that is, D<<VAB. Under this assump-
tion, it is intuitive that most of the incident wave will be
reflected from the slab and only a small remnant of the wave
will be able to reach the region Z>L. However, as men-
tioned above, we shall show that complete transmission is
achieved at certain frequencies and slab thicknesses.

All upper case letters used so far represent dimensional
parameters and variables. We will use lower case letters to
denote the corresponding dimensionless quantities. We scale
all lengths by VAB. Therefore, the fundamental cell has
length a and width b, and ab=1. The slab thlckness /
=L/ \AB and the dimensionless wave number k=K \'AB are
both order one parameters in our problem. The dimension-
less size of the hole is d=D/ VAB <1 by our assumption that
D<AB. The pressure U is scaled by the amplitude of the
incident wave. After nondimensionalization, the governing
equation and the boundary conditions become

Viu+kKu=0,

(1

du

—=0.

on

Since the structure is periodic and the incident wave
strikes it normally, it is expected that in regions z<<0 and z
> [, both u and its normal derivative are periodic functions of
x and y with period a and b, respectively. By applying the
boundary conditions, the solutions in regions z<<0 and z>/
can be written as eigenfunction expansions,

z<0,

M(X,y,z) = eikz¢00 + E E Rmn wnzn(xay)e_iﬁmnz7

m=0 n=0
(2a)
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u(x,y,2) = 2 2 Tpythn(x,y)ePri, 2> 1, (2b)

m=0 n=0

where we have suppressed a time dependence of e~'’. In the
region z<<0, the solution consists of the incident wave u;
=e* and reflected waves. The unknowns R,,, are the ampli-
tudes of the mnth reflected modes and f,,, are the corre-
sponding propagation constants. In the region z >/, the mnth
mode of the transmitted wave has an unknown amplitude
T, In (2a) and (2b) ¢,,, are normalized eigenfunctions of
the periodic structure. If we choose the origin of the coordi-
nate system to be at the center of the fundamental cell, these
eigenfunctions can be written explicitly as

Po=1, (3a)

2ny

= 2marx
Yon = V2 cos . Wa0=1V2cos P (3b)

2marx 2niy

Yy = 2 COS cos , mmn=123,..., (3¢)
a b
and the propagation constants are
) dm*m An*a?
Bon =\ k> — T T mn=0,1,2,.... (4)
a

In the channel where 0 <z <<[, there are waves in both z
and —z directions. If we can find the eigenvalues and eigen-
functions corresponding to a particular hole shape, we can
write down the solution of the Helmholtz equation in terms
of the eigenvalues and eigenfunctions in this region, just as
we did for the regions outside the slab. We know that for the
Laplace operator with a Neumann boundary condition, all
the eigenvalues are real and positive, therefore the eigenval-
ues can be ordered. Let A, denote the eigenvalues and ¢,

denote the corresponding eigenfunctions, where p
=0,1,2,.... Then the solution in the channel can be ex-
pressed as

oo

ux,y,2) = 2 (A,e™™ + Be) g, (x,y), 0<z<I.
p=0

(5)

In Eqg. (5) the propagation constants k, are defined as k,
:\rkz—)\;, and the amplitudes A, and B, of each mode are
unknown. Although the eigenvalues and eigenfunctions de-
pend on the shape of the hole, the smallest eigenvalue and its
corresponding normalized eigenfunction are the same for all
shapes. The smallest eigenvalue is Ay=0 and its correspond-
ing eigenfunction is ¢y=1/d. Therefore, we have

ko =k, (6a)

[

©o = 4 (6b)

All the eigenvalues \, for p=1 are greater than 0 and of
order 1/d. (The proof is given in Appendix A.) Since \,
>1, kp=i\y)\12,—k2 for any fixed k as d—0. Therefore, the
propagation constants k, can be approximated by
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S| b

FIG. 2. A typical component of microwave circuits.

k,=iNJd, p=1.2,..., (7)

with ):p being order one quantities. This means that all the
higher modes in the hole channel are highly damped.

lll. THE METHOD
A. Scattering matrix method

In Sec. II, we derived solutions of the slab problem in
terms of eigenfunction expansions. By finding the unknown
coefficients of each mode, the problem will be solved com-
pletely. One way to find the unknown coefficients is by using
the boundary conditions that connect the three regions, z
<0, 0<z<l, and z>I[. This can be attained by using
Green’s function arguments to derive two integral equations,
one at z=0 and the other at z=1/, and substituting these modal
solutions in the integral equations. Then, by exploiting the
orthonormal properties of eigenfunctions, two coupled infi-
nite systems of algebraic equations can be derived and
solved numerically to obtain the transmission coefficients
T,,, and the reflection coefficients R,,,,.

The other approach to solve the problem is by the appli-
cation of scattering matrix theory. In microwave circuit
analysis and design, the scattering matrix is widely used to
characterize a component, such as an amplifier or other cir-
cuit elements.'” As shown in Fig. 2, a two-port circuit has
two input voltages, a, and b(, and two output voltages, c,
and d,,. These are proportional to the strengths of the incident
and reflected modes, respectively. They are connected
through the scattering matrix S, which is often obtained ex-
perimentally, that is, the inputs and the outputs are related by
the following equation,

R ] S
dy Sa1 Sx JLbo by

Once the scattering matrix S of the device is known and a,
and b, are prescribed, the scattered amplitudes ¢, and d,, are
found from (8).

We are going to construct a scattering matrix for the slab
problem, which connects the lowest mode of transmitted and
reflected waves to the amplitudes of the incident waves. In
order to do so, we will divide the slab into two parts at z
=[/2. A scattering matrix for each part will be constructed
individually. Then, neglecting the evanescent modes at z
=1/2, a very good approximation by Eq. (7), we can combine
these two matrices to construct S for our slab structure.

As a consequence of neglecting the exponentially small
evanescent modes the acoustic field in the channel near z
=1/2 is given by
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FIG. 3. Schematic diagram illustrating the structure and the incident, re-
flected, and transmitted waves considered in the first auxiliary problem.

u=(Aye™™ + Bye'™) . 9)

We now assume that k<<27/a if a> b, otherwise k<2/b.
Then from Eq. (4) it follows that all the B,,, are purely
imaginary except for By, which is equal to k. Thus, at a

distance several wavelengths to the left of the aperture z=0,
the field is

u= (" + Roge™) . (10)

Similarly, the transmitted acoustic field in the region z>1 is
given by

u:TOOeikzl!foo. (11)

As we shall soon demonstrate, there exists a scattering
matrix S that connects the amplitudes of the outgoing waves
Ry and. B, with the amplitudes of the incident waves 1 and
Ay. The scattering matrix S; can be considered to character-
ize the first half of the structure (-0 <z<<[/2).

We shall also show that there exists another scattering
matrix S, that characterizes the second half of the structure
(1/2<z< ) and connects Ay, B, and Tj,. A combination of
the two scattering matrices S; and S, yields the scattering
matrix S of the slab.

B. Two auxiliary problems

In order to determine matrices S; and S,, we consider
two auxiliary problems. The structure of these two auxiliary
problems is the same as that of the fundamental cell, except
that the channel is infinitely long (/= o). This is the structure
studied in Ref. 16.

In the first auxiliary problem, the wave is incident upon
the periodic structure and is transmitted into the channel, as
shown in Fig. 3. As before, we can write a modal solution of
the problem as follows,

o

u(x,y,z) = eikzlr//()O + E 2 rmnl/fmn(x9y)e_iﬁmnz, z< O»
m=0 n=0

(12a)

u(x,y,2) = 2 1,9,(x,y)e", >0, (12b)
p=0

in which u; denotes the acoustic pressure in the first auxiliary
problem. The first transmission coefficient 7, and the first
reflection coefficient ry, in Egs. (12) are related by the
simple equation
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FIG. 4. Schematic diagram illustrating the structure and the incident, re-
flected, and transmitted waves considered in the second auxiliary problem.

1—r00=d7'0. (13)

Equation (13) is derived in the following way. To the left of
z=0 (at z=-0), we differentiate u; with respect to z, then
multiply du,/dz by ty,. After integrating it over the area of
the fundamental cell and using the orthonormality of the
eigenfunctions, we obtain

Ja/z b/2< du,
—al2 J -bl2 dz

) oo dx dy = ike™ ™ — ikryye™.

7=—0"
(14)
Similarly, to the right of z=0 (at z=6) we have
1% )
f f ( ah )(po dx dy = ikrye'™*?, (15)
H Jz =5

in which the double integral [ [} is over the area of the hole.
Letting §— 0, the region of integration in (14) will coincide
with H because du;/dz=0 outside the hole. Equation (13)
now follows from the facts that du;/dz is continuous in the
hole at z=0 and @yd= .

The second auxiliary problem has the same structure as
the first one. However, the wave is incident from the channel
and is transmitted into the air region, as shown in Fig. 4.
Therefore, the modal solution to this problem is

MZ(x’ysZ) = 2 2 '}’mnl//mn(xsy)e_iﬁmnz’ z< O’ (16&)
m=0 n=0

]

%o+ 25 pppp(x,y)e i,
p=0

uy(x,y,2) =e” z>0. (16b)

Using the same argument as in the derivation of Eq. (13), it
follows that the first transmission coefficient 1y, and the first
reflection coefficient p, in the second auxiliary problem are
related by

Yoo =d(1 = py). (17)

The two auxiliary problems are not independent. In Ap-
pendix B we prove that

Yoo = To- (18)

Equations (13), (17), and (18) form a system of three
equations in four unknowns. Thereby, we are able to express
any three parameters in terms of the fourth. We choose to
express Yoo, roo» and pg in.terms of 7,. Explicitly we have

r00=1—d7'0, (193)
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- R

00

.
po=1--", (19b)
Yoo = To- (19¢)

The above result that any three of the four fundamental re-
flection and transmission coefficients can be written in terms
of the fourth coefficient is also derived in Ref. 16, in which,
a more complicated integral representation method is in-
volved with the results holding only for circular holes.

These two auxiliary problems and their simple results
enable us to find the scattering matrix of the slab, which
depends on only one parameter.

C. Scattering matrix of the slab structure

Now we consider the slab problem. The scattering ma-
trix for the first half (-0 <z<<[/2) is derived by linearly
combining the two auxiliary problems, since both the Helm-
holtz equation and the boundary conditions are linear. From
Fig. 5 we observe that the first half of the structure can be
viewed as having incident modes with amplitudes 1 and A,
and reflected modes with amplitudes R\, and B. Hence, the
results of the two auxiliary problems imply that

Roo=r00" 1 + ¥o04o> (20a)

By =1y 1+ ppAo.

Rewriting Eq. (20) in matrix notation and using the relations
given in Eq. (19) gives

Ro| |1
{Bo}_S{Ao]’ @)

where the scattering matrix S is

S = |:1 —dTO ) :| (22)
: 70 1- To/d )

(20b)

The scattering matrix S; represents the first half of the
slab structure. In Appendix C we prove that S is unitary, i.e.,
S5 IT=I, where T denotes the transpose of the matrix, the bar
denotes the complex conjugate, and [ is the 2 X2 identity
matrix. From this relationship it follows that

d |? d \?
=<l+d2>' (23)

1+
The locus of Eq. (23) is a circle in the complex 7, plane. This
circle can be equivalently expressed by

70
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FIG. 5. Schematic diagram illustrating the structure and
) the incident, reflected, and transmitted waves consid-
ered in the slab structure.

2d

=—, 24
l+d*+ing @4

70
where —o < 7<<cc, which is just a conformal mapping of the
real line onto the circle.

We now derive the scattering matrix S,, which relates
the amplitudes of incident and reflected modes at the channel
opening z=[/. We introduce a new independent variable z=1
—z, which maps the second half of the structure into the first
half. Using the result of S;, we deduce that

|: (1 - dTo)e_zikl To

= 1, 25
2 7o (1 - T()/d)ezlkl ( )

where e?* and ¢~** take into account the physical location
of the channel at z=I. Therefore, the amplitudes of outgoing
waves T, and A, are related to the amplitudes of the incom-
ing waves By by S,, as follows,

Too 0
WM 2

One of the input wave amplitudes is 0 because there is no
incident wave in the region z>1.

To determine a scattering matrix of our perforated slab
structure, we first solve for A in terms of B, from Eq. (21).
Then we substitute A, in Eq. (26) and find B,,. The transmis-
sion coefficient T, and the reflection coefficient R, are de-
termined from (21) and (26), respectively. These results are
summarized as

R | |1
[Too} '5[0]’ @7)

where
(1 = r/d)e*™ 7
(1—dm) + o - w/d)e”™ 7
S= M M (28)
B (1= 1/d) |’

=0 (1 —dTO)eZikl+

M M

and M=1-(1-7y/d)?e**. The scattering matrix S connects
the reflected and transmitted waves of the lowest mode to the
incident wave, as long as k is restricted to ensure single
mode propagation in the regions z<<0 and z>1. It is impor-
tant to note that S only depends on 7y, which, from (24), is
completely specified by 7. Therefore, the reflection and
transmission coefficients, Ry, and T}y, only depend upon this
one real parameter. This feature arises in the two-
dimensional grating analyzed in Ref. 14. In the following
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sections, we will approximate z numerically and find the
transmission properties of the slab structure.

IV. THE DETERMINATION OF 7,

The diagram of the first auxiliary problem is shown in
Fig. 3. A part of the normally incident wave is reflected from
this structure and the rest is transmitted into the channel. The
modal solution, Eq. (12), of this problem was presented in
Sec. III B, where the reflection and transmission coefficients
are unknown. We shall now derive an expression for the field
u; in the region z<<0 using a standard Green’s function rep-

e ] o
’
E 2 cos ﬂmnz 2mmri(x—x")a 2nmi(y—y')Ib —ikz
- e e e iR
—0 —00 lﬁmn

Gx") =9 . .
E E COoS anzezmm'(x—x’)/annﬂi(y—}")/be‘ikZ’
_‘ b
—0 —00 lﬁmn

Applying standard Green’s function arguments, using the pe-
riodicity of both u#; and G, their behaviors at infinity, and
boundary conditions at z=0, we find that

uy(x,y,2) = (2 cos kz) iy

—jJ G(x',y',0”
H

du
)c,y,z)—1 (x',y",07) ds".
Jz

(31)

Equation (31) is our integral representation of u; in the re-
gion z<<0. The first term in Eq. (31) is the sum of the nor-
mally incident wave e’** and its rigid reflection e/**. It is the
field that would occur if no holes were present. In the second
term, the integration is over the surface of the hole. Since the
hole is small, the second term can be considered as a pertur-
bation to the field in the region z<<0 due to the existence of
small holes in the structure.

Setting z=0" in Eq. (31), we obtain the field at the in-
terface z=0,

ul(x’y’o_) :2'7[/00_] f G(x’,y',O‘ X,y,o_)
H

P
X%(x’,y',O_) dx' dy'. (32)
Z

Since both u; and du;/dz are continuous across z=0 on the
surface of the hole, we let z=0" and substitute the modal
expansion (12b) to obtain
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resentation. From this result we will deduce an infinite sys-
tem of algebraic equations for the 7, from which 7, will be
determined.

The Green’s function we employ satisfies

VG +kG=686x-x"), 7/ <0, (29a)
G
—=0, z=0, (29b)
Jz

which is periodic in both x and y directions and represents
outgoing, or evanescent, modes as z— +%. It is explicitly
given by

- <z<Z,
(30)
7' <z<0.
[
2 %‘Pp(x,)’)=2'ﬂoo—ff G(x',y',OX,y,O)
p=0 H
X D ik,T,0,(x",y") dx" dy’. (33)
p=0

Multiplying both sides of this equation by ¢,, integrating the
resulting equation over the surface of the hole, and using the
othonormality of the eigenfunctions yields

7,=2d8,—i 2k, 2, q=0,1,2, ..., (34)
p=0
where
qusz jJ G(x',y",0lx,y,0)¢,(x",y")
H H

X, (x,y) dx" dx dy" dy (35)

and 9, is the Kronecker delta function. We recall from Eq.
(7) and our limit d—0 that k,=i|k,| for p=1. Using this
observation we rewrite Eq. (34) as

©

To= 2d — ikTonO + E |kp|Z0pr, (363)
p=1
.= iknZyo+ 2 |k, |Z,pT, q=1.2, ... (36b)
p=1

The equations in (36) form an infinite system of algebraic
equations with unknowns 7,. The quantities Z,, are defined
in (35). If the eigenfunctions ¢, are known, Z,, can be found
either analytically or numerically for each p and g. There-
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fore, each 7, can be solved for approximately by truncating
the infinite system.

Before truncating the algebraic system (36), we simplify
it further, so as to find an explicit representation for 7, that is
comparable to (24). Setting o, =7,/ (~ik7) for =1 and sub-
stituting «a,, in (36b) gives

=Z,0+ El k)| Z,pe =12, .... (37)
.

The same change of variable applied to (36a) yields
2d
0= T~ . (38)
L+ ikZoo+ik 2 [ky|Zopa,

Thus, 7, can be found explicitly provided that Eq. (37) can
be solved for the a,.

The quantities Z,, depend upon the shape of the hole.
However, the first eigenfunction ¢,=1/d is the same for all
shapes. Therefore, we deduce from Eq. (35) that Z is given

o ] 0

1
— dx" dxdy' dy.
7 & dxdy' dy

(39)
Now, G in Eq. (30) can be rewritten for z=z'=0 as
o2 2na(y—y'
G(x' =—-> cos nly —y')
ik n=1 |B0n| b
i 2 2ma(x —x")
m=1 |Bm0| a
S 4 Zmﬂ'(x—x’)
-2 2>
m=1 n=1 |an| a
2 _ !
X cos W (40)

where we have used that fact that B,,,=i|B,,| for our re-
stricted values of k. Substituting this into the expression for
Zyo and integrating the first term implies that the first term is
d*/ik for any shape of the hole. Hence, Z, can be rewritten
as
P2
Zyy= 77 Zy, (41)
where Zy, is real. Finally, substituting this result into Eq. (38)
gives
To= — 2d = . (42)
L+ d +ik(Zog+ 2 op|Zope,)

Equations (42) and (24) are identical with
7= k(ZOO + |kp|zopap) . (43)
p=1

Thus, 7, lies on the circle given by Eq. (23) regardless of the
shape of the hole. We observe that the system (37) must be
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truncated in order to obtain an approximate solution for the
a@,. Once these are determined, then Egs. (42) and (43) can
be truncated to yield an approximation to 7, and this in turn
will be used to approximate Tjy. It is interesting to note in
closing this section that our truncated approximation of 7,
satisfies (24) regardless of either the truncation level or the
accuracy used in computing the Z,,. However, the accurate
location of 7, on this circle requires careful approximations
and truncations.

V. AN APPROXIMATION TO 7, FOR CIRCULAR
HOLES

In the expression for 7, in Eq. (42), the real number 7
needs to be computed. Since 7 is a function of Z,, and a,
[Eq. (43)], we shall first evaluate the parameters Z,, and «,
in order to determine 7 and hence determine 7. In this sec-
tion, 7 is determined for circular holes.

If the dimensional radius of the hole is R, then the char-
acteristic size of the hole is D= VR, After nondimensional-
ization, we obtain that d= 7r. Therefore, the eigenfunctions
corresponding to the circular hole can be easily obtained as
follows,

(p0=2, (44)
1 Jo(\

,,(r)=——°(%, p=1.2. ..., (45)
dJQ()\pd/\/’ﬂ')

where Jj is the zeroth order Bessel function. The correspond-
ing eigenvalues are found to be A,=j;,V [l d, where j,, is the
pth root of the first order Bessel functlon Note that only the
radial eigenfunctions are employed since the incident wave
impinges normally upon the slab. As mentioned before, for
d<<1, the propagation constants

k,= K> =\ (46)
in the channel can be approximated by

k, = iji\mld, p=1. (47)

Now, the quantities Z,, can be found explicitly using the
explicit expressions of the Green’s functions and the eigen-
functions. The integral in Eq. (35) is computed by inter-
changing the order of integration and the summation. The
results of these calculations yield

& o -8 7] i
zo(,:—ﬂzz(z lun) | 5 =8 Sy

ik m=1 |Bm0| M n=1 |BOn| Mo
-16J d
+ E E ‘(‘f)) =L LSy, (48)
m=1 n=1 |an| M3 lk
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[

-8

pili(pm)

Z,=d*>

-8

m=1 |Bm0| (/‘l’% _J%p)(/‘b% _]%q)

pad1 ()

+d2,

n=1 |ﬁ0n| (M% _.]%p)(/'l’g _j%q)

S~ 16 i)
+d2 > : S =d’S,,
m=1 n=1 |18mn| (,U«% _J%[))(/‘L_Z; _J%q) ”
p2 + qz =1, (49)

where w;, o, and usy are defined as

My = 2m\e“'77d/a, (50a)

o= 2n\mdlb, (50b)
/ [ \2 [ )2

s =\2mVwdla)® + (2n\wd/b)”. (50¢)

We observe that in Eq. (49), the quantities Z,, are symmetric
and hence §,,=S,,. Substituting the new notation in Egs.
(37) and (42), respectively, gives
a,=d*S 0+ d* 2 |k,|S g=12,..., (51)
p=1

ap%p
and
2d
To= N .0 o0 :
1+d +id (kSOO + kzpzl |kp|S0pap)

(52)

The infinite system of equations (51) cannot be solved
exactly; it must be truncated to obtain approximations to the
a,. For a fixed N we denote by &, the approximate solution
of (51), which satisfies

N
—
&, = d*S g0+ d 2 i\ TS @, (53)
p=1

where (47) has been used for simplification. The correspond-
ing approximation to 7, is denoted by 7,, which is obtained
from (52) by truncating the series at p=N. We have solved
(53) for values of d ranging from 0.01 to 0.1, for several
values of N. We have found for these values of d that the
corresponding values of 7, are accurate to four decimal
places when N=3, i.e., increasing N does not significantly
alter their values. These results are similar to the trends seen
in the related problem of Ref. 14.

We will now derive an approximate solution of (53) and
the corresponding approximation of 7, by exploting the
smallness of d. Before doing this, we first check the order of
S,p as d approaches 0. Figures 6, 7, and 8 show this behavior
for Sgg, Sop, and S, respectively. In Fig. 6 we observe that,
as d approaches 0, Sy, increases and behaves like 1/2d. In
Figs. 7 and 8 we observe that the S, and S, are very small
compared to Sgy, and both the Sy, and §,, are order one
quantities as d approaches 0.

Using the fact that both the S, and S, are of O(1) for
small values of d and the fact that d<<1, a simple approxi-
mation to Eq. (53) yields
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d

FIG. 6. The behavior of Sy, for small values of d.

b,=d’S,+O0(d®), 1=g=N. (54)

Substituting this expression into the truncated version of Eq.
(52) we obtain the approximation to 7:

, 2d (55)
7'0 = — *
1+ d* + ikd*{Spy + dZZ,L Jip\TSG)

As d approaches 0, the second term in curly brackets is much
smaller than the first term. This is because the S, are of
O(1) and Sy, is of O(1/d) for d<<1. Therefore, neglecting
the second term in (55) we obtain

L 24 (56)
O+ @+ idkSyy

This approximation satisfies the constraint (24) and, more
importantly, is remarkably accurate. It agrees to within three
decimal places of the numerical results obtained from solv-
ing (53) and the truncated version of (52).
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FIG. 7. The behavior of S, for small values of d.
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VI. TRANSMISSION PROPERTIES

Through the analysis in Sec. V, we obtained an approxi-
mation of 7, for small values of d. We are now ready to
numerically approximate Ty, From Egs. (27) and (28) we
readily solve for T, and find

_ i
T 1= (1 = pld)?e¥ M

T (57)

Substituting the approximation 7, from Eq. (56), we find

that
ENE——
» VQ2d*v)* + v%’
vy = d*kSyy sin kI + cos kl, (58)

vy = (1 +d* = d*k>S5,) sin kI — 2d%kS ¢y cos kl.

We note here that the formula (58) for T}, can be ob-
tained by carefully summing up the internal reflections
within the slit using the reflection and transmission coeffi-
cients from the two auxiliary problems and their relation-
ships to 7.

From this expression of the transmission coefficient, we
observe that if k/ is such that v, is an order one quantity, then
Ty is O(d?), which is very small and there is very little
transmission into the region z>/[. This agrees with our intu-
ition, because when the holes are small, most of the acoustic
wave reflects back into z<<0. However, there exist values of
kl such that v,=0, that is,

2d°kS

tankl=—"7F7—"5>"—"-; 59
e (1= KSyy) (59)
then, in this case,
A 1/cos ki
|Tool = 1/v = (60)

1 + d?kS tan kI

Using the fact that d<<1, the values of k/ that approximately
satisfy (59) are
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FIG. 9. Transmission coefficient T}y, versus the thickness of the slab / for
d=0.05, k=m, and a=b=1.

kil = M+ 2d*Sqo + O((d*Sg0)?), (61)

where M is any positive integer. Using the these values of &/
in Eq. (60), we deduce

Tool = 1= O((dSgp)). (62)

Therefore, for these values of kl, the slab is almost transpar-
ent. This transparency is caused by a resonance phenomenon
in the small channels. Although only a small amount of the
wave propagates into a channel, 7,=0(1), it constructively
reflects back and forth within. This reflection is almost per-
fect within the channel because py=1-7,/d~—1. The lead-
ing order approximation of kl from (61), kI~ M, would
occur if the channel openings were replaced by sound soft
surfaces. Thus, the result given by (61) shows the channels
behave as leaky resonators. The numerical results presented
in the next two paragraphs support this interpretation.

The transmission coefficient given Eq. (58) is plotted in
Fig. 9 as a function of / for k=7 and d=0.05. It shows that
Ty is almost O for all thicknesses [ of the slab except at [
~1,2,3,..., where Tn= 1. Actually, the peaks occur just to
the left of these integers. The difference agrees with our ap-
proximation for /. This agreement is also seen in Fig. 10,
where k=, Syy=—4.33, and d=0.1. In this figure, the peaks
appear some distance to the left of /=1,2,3,..., and the
difference is 0.086, which equals 2d%S. Also, Figs. 9 and 10
verify that, away from the peaks, the values of T,y are O(d?).
The resonances shown in these figures are very sharp due to
the fact that there are no losses in our model. We can relax
this idealization in a phenomenological way by making the
wave number k slightly complex. The result is shown in Fig.
11 where the dashed curve corresponds to Im(k)=0.05 and
the solid to Im(k)=0.01. In both cases Re(k)= and d=0.1.
It is clear that increasing the imaginary part of k diminishes
the resonant peaks and effectively spreads out the response
as a function of [.

Similarly, we can fix the thickness of the slab and solve
Eq. (59) for k to find the frequency at which the structure is
transparent. Since Sy is also a function of &, it is not easy to
find an explicit expression. However, it is easy to check nu-
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FIG. 10. Transmission coefficient Ty, versus the thickness of the slab [ for
d=0.1, k=, and a=b=1.

merically that, when k<2/a, S, is not a sensitive function
of k. Thus from Eq. (61), k can be approximated as

M

ke~ ———.
1-2dS,,

(63)
For these values of k, Tyo=1. The behaviors of |Ty| as a
function of k are illustrated in Figs. 12 and 13, where /=1
and 2, respectively. The peaks occur just at the position es-
timated by Eq. (63). The number of peaks increases as [
increases when the upper limit of k is fixed. Again, the reso-
nance shown in these figures is very sharp. These can be
smoothed somewhat by taking into account a small amount
of viscosity in the acoustic fluid. This amounts to letting the
imaginary part of the wave number depend quadratically on
frequency, or equivalently replacing k by k+ik’e, where € is
a small number depending upon viscosity. The results for this
case are shown in Fig. 14. The resonances become less pro-
nounced as € and the frequency are increased.

It is clear from these figures that the perforated rigid slab
behaves like a narrow-band filter, in the absence of losses.

0.7 T T T T T T
— — —Im(k)=0.05
—— Im(k)=0.01
06 1
051 d
041
8
E
03 1
[
[
0.2
I\‘
i
0.1
0 | ) 1 . | .
0 0.5 1 15 2 25 3 35

FIG. 11. Transmission coefficient Ty, versus the thickness of the slab [ for
d=0.1, Re(k)=m, and a=b=1.
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FIG. 12. Transmission coefficient Ty, versus wave number k for d=0.1, [
=1, and a=b=1.

For certain frequencies, energy is transmitted almost 100%;
for other frequency bands, almost all the energy is reflected.
Also, the widths of the pass bands depend on the dimension-
less radius of the holes. If dimensions are reintroduced, then
these widths would depend upon the porosity of the rigid
slab. However, it is also clear from our figures that the prac-
tical use of this structure, as a filter, will be limited by the
losses present in a real application.

Finally, we note that our results can be extended to non-
circular channels. The calculations become complex, even in
the case of square crossections. The reader is referred to Ref.
18 for the details of this case.

Vil. CONCLUSION

In this paper, we have analyzed the transmission prop-
erties of a periodically perforated rigid slab under normal,
plane wave incidence. We have assumed that the character-
istic size of a hole is much smaller than the spacing of the
holes, while the incident wave length is of the same order as

08 b
0.8 b
0.7 i
08} i

.51 g

E

04 1

0.2 i

o1 i

k

FIG. 13. Transmission coefficient T, versus wavenumber k for d=0.1, [
=2, and a=b=1.
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FIG. 14. Transmission coefficient T, versus Re(k) for d=0.1, /=2, and a
=b=1.

the hole spacing. We have also restricted the range of the
incident wave frequency such that only one mode propagates
outside the slab and inside the holes. The length of the slab
in our problem is long enough so that all the evanescent
modes are negligible in the middle of the hole channel. Un-
der these assumptions, we have considered two auxiliary
problems. Both of the auxiliary problems have the same
structure as the slab except that they are infinitely long. In
the first auxiliary problem, the wave is incident from the air;
in the second auxiliary problem, the wave is incident from
the hole. The relationship of the transmission and the reflec-
tion coefficients of the two problems were discussed in de-
tail. The linear combination of the two auxiliary problems
gave a scattering matrix S for the original structure. Through
this matrix, the transmission coefficient T, and the reflection
coefficient Ry, of the slab were found explicitly. We have
found that, for arbitrary shaped holes, the coefficients Ty
and R, depend only on one parameter 7, which is the trans-
mission coefficient of the first auxiliary problem. This coef-
ficient was found to lie on a circle in the complex plane.

Numerical values of 7, were found for circular holes.
Specifically, an infinite system of algebraic equations was
derived from the integral representation of the solution of the
first auxiliary problem. The coefficient 7, was explicitly ob-
tained from these algebraic equations. By using the fact that
the hole size is very small compared to the spacing of the
holes, 7, was obtained numerically. The plots of |T,,| were
given for circular holes. The plots showed that for fixed
thickness of the slab, the function |Tyo| is O(d?) quantities
except at certain frequencies, at which the wave can transmit
almost completely. On the other hand, if the frequency of the
incident wave is fixed, by adjusting the thickness of the slab,
we can have either completely transmitted or a completely
reflected wave. We have also considered the effects of losses
on the resonant behavior of our structure. If these are not too
large, then our structure may be potentially useful in con-
structing filters and resonators.

APPENDIX A

In this appendix we will find the order of eigenvalues of
a general hole shape. The characteristic size of the hole is d,
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which is defined as the square root of the area of the hole.
We assume that the eigenvalues and the eigenfunctions are
A, anq ®ps respfactively, with p=0,1,2,.... They satisfy the
following equation:

V2, (x,y) == Ng,(x,y). (A1)

Let x'=x/d and y'=y/d. Then x’' and y’ are O(1) variables.
After changing of variables, the eigenvalue problem be-
comes

Fo, Fo
P P _ 232
2 + PNE =—d°N,¢,, (A2)

where the domain is independent of d and is thus O(1). The
eigenvalues for this problem are Ap=d2)\[2, and these are O(1)
quantities, which depend upon the geometry of this scaled
domain. Hence the \,=0(1/d) as d—0.

APPENDIX B
To prove yy=17y, we consider the equation

V A{u, Vuy—u, Vb =0. (B1)

Integrating it over the cube |z| <z, |x
applying the divergence theorem, we obtain

% (9142
f f (u2 ot T ) ds=0, (B2)

where the double integral is over the six surfaces of the cube
and n is the normal direction of each surface. The integrals
over four surfaces cancel off with each other because of the
periodic boundary conditions. Therefore, only the surface in-
tegrals over the top and the bottom remain, which gives

fa/z b2 ( (9141 &uz)
U —=
al2 J-br2 ‘91 dz
[, -]

= Upy—— — U
H 0z 0z

After substituting infinite series expansions for #; and u; in
this equation, most terms cancel off. We obtain

2ik'}’00= ZikT(), (B4)

dx dy

7=—00

dx dy. (B3)

which yields the result yy,= 7.

APPENDIX C

Suppose we chose k properly such that all the higher
order modes are evanescent. Then, generally, we have u;
=age " 4+ bye’® at z=—00 and u,=cye’™+dye™** at z=o0. Con-
sidering V-{it; Vu;—u;Vir,}=0, which is equivalent to
V-{3(;Vu,)}=0, by using the same procedure as was done
in Appendix A, we obtain

[ )
J [ (n52)

Substituting the expression of u; at z=+c0 in Eq. (C1) yields

dx dy

7=—00

dx dy. (C1)

7=0%
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lagl* + [eol* = [bo|* + |do|*. (C2)

We know that ag, by, cq, and d,, are related by matrix S, that
is,

b0= (1 —dTo)ao+ ToCo>» (C3a)

do = Todgy + (1 - To/d)Co. (C3b)

Inserting them into Eq. (C2) gives
{11 = drol* + |7ol* = Wao* + {1 = 7/d]* + | 7]* = 1}|col?
+ 2%{(1 - d?o) 7'06706'0 + (1 - Told)7_'06_lQCO} =0. (C4)

Setting ayp=1, ¢y=0 and ay=0,cy=1, respectively, we have
three equations

|1 —dr* +|n|* =1, (C5a)
|1 = 7p/d]* + |m|* =1, (C5b)
To+ ?0—d|7'0|2—|7'0|2/d= 0, (CSC)

which proves that §,-ST=1.
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A complete solution is obtained for the two-dimensional diffraction of a time-harmonic acoustic
plane wave by an impenetrable elliptic cylinder in a viscous fluid. Arbitrary size, ellipticity, and
angle of incidence are considered. The linearized equations of viscous flow are used to write down
expressions for the dilatation and vorticity in terms of products of radially and angular dependent
Mathieu functions. The no-slip condition on the rigid boundary then determines the coefficients. The
resulting computations are facilitated by recently developed library routines for complex input
parameters. The solution for the circular cylinder serves as a guide and a differently constructed
solution for the strip is also given. Typical results in the “resonant” range of dimensionless wave
number, displaying the surface vorticity and the far-field scattering pattern are included, with the

latter allowing comparison with the inviscid case. © 2007 Acoustical Society of America.
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I. INTRODUCTION

The elliptic cylinder is an interesting and important two-
dimensional scatterer of finite cross section because it is
simple enough to conform to coordinate surfaces where the
wave equation is separable, and it naturally includes a degree
of geometric flexibility, i.e., the ellipticity. The two limiting
cases of the ellipse, namely the strip and the circle, are im-
portant canonical scatterers. Although a fundamental study,
the physical insight gained from this paper has important
implications for engineering systems that exploit the acoustic
signatures of elongated bodies in real fluid media: One ob-
vious application is antisubmarine warfare. The effect of a
small kinematic viscosity upon the scattered acoustic field is
analyzed, with particular attention to the vorticity of the ve-
locity field that exists in a boundary layer close to the surface
of the hard elliptic cylinder. The appropriate no-slip bound-
ary condition was first applied by Alblas' to include the ef-
fect of a small viscosity in the classic Sommerfeld half-plane
problem. A sequence of studies of viscosity effects on sound
scattering by Davis and Nagem considered the half plane,2
the circular aperture,3 and the circular disk," avoiding pos-
sible ambiguities associated with the Helmholtz representa-
tion by writing down the solution form of the pressure and
deducing expressions for the velocity components before ap-
plying the boundary conditions. This method tended to
merge the distinct contributions from the dilatation (div) and
vorticity (curl) but, in a further paper, Davis and Nagem5
constructed the scattered field due to a solid or elastic sphere
by deducing the velocity components directly from the dila-
tation and vorticity.

YElectronic mail: rscharst@bama.ua.edu
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Very few previous authors have included viscous effects
and very few have given complete solutions in terms of el-
liptic coordinates. The most notable predecessor of this paper
is by Barakat,6 who used the notation of Morse and
Feshbach’ to construct far field approximations to plane
wave inviscid diffraction by an elliptic cylinder. Without
modern computational power, the far field was necessarily
the focus of attention, yielding tables of results.® This paper
fills that computational gap and shows how to work from the
dilatation and vorticity whose governing equations, but not
boundary conditions, are independent.

Murga9 used an ad hoc combination of potential and
boundary layer theory to study the two-dimensional (2D)
half plane problem but this method did not display the
Stokes wave feature. Tsoi'’ used the Helmholtz representa-
tion and a Watson transformation to consider the high fre-
quency far field approximation. Zhuk'' retained inertia terms
to predict the time averaged force on a solid circular cylin-
der. Hinders'? studied the scattering by liquid or elastic
spheres but with rather lengthy algebra, despite his neglect of
the small damping factor in the acoustic component of the
external field. Homentkovschi ef al."” introduced the unnec-
essary complications of singular integral equations for 2D
scattering by a planar array of strips.

Elliptic geometry appears in the inviscid literature but
no serious use is made of elliptic coordinates which are often
unmentioned. Chinnery and Humphrey,14 with an impedance
boundary condition, give a solution in terms of Mathieu
functions but add only experimental results. Leon et al.”®
prefer to handle the multiple interactions in a Fourier modal
method and give an extensive reference list.

The basic theory to accommodate a small viscosity is
summarized in Sec. II and the technique of simultaneously
considering the vorticity and divergence of the acoustic ve-

© 2007 Acoustical Society of America



locity is first explained in context of the simpler circle ge-
ometry. The full treatment of the elliptic cylinder is presented
in Sec. III. Separation of variables of the relevant Helmholtz
equations in elliptic cylinder coordinates introduces the cel-
ebrated Mathieu functions. A library of Mathieu function
routines developed by Wilson and Scharstein'® facilitates the
calculations which require complex input parameters.
Mathieu functions of both the angular and radial type depend
upon a parameter that derives from the wave number in the
appropriate Helmholtz equation, as well as the physical di-
mensions of the ellipse. This parameter is complex-valued
because of the presence of viscosity, and in fact the diver-
gence (dilatation) and curl (vorticity) expansions require two
different parameters. This feature complicates the analysis
and calculations are performed that exploit the structure and
make efficient use of the Mathieu function numerics.'® Inter-
pretation of the boundary layer nature of the vorticity is
aided by a WKB(J) or LG asymptotic expansion of the radial
Mathieu functions having a large imaginary parameter.

Expressions for the far scattered field are summarized in
Sec. IV. An independent analysis of the limiting case of the
strip is the subject of Sec. V, where expansions of the normal
and tangential surface stress explicitly include the proper
edge-condition singularity dictated by viscous flow. Graphi-
cal results of the surface vorticity and far scattered field pat-
tern are discussed in Sec. VI, with due attention to the rela-
tionship between the ellipse and its degenerate (circle and
strip) forms.

Il. THEORY AND CIRCULAR CYLINDER

The standard acoustic equations for linearized flow in a
homogeneous viscous fluid medium are the equation of con-
tinuity

ap

—+pyV-v=0, 1
or Po v (1)

the momentum equation

o1
VPt V4oV (Vey), (2)
ot Po 3

and the equation of state

d

—p = C% N (3)

dp
in which v is the fluid velocity vector, p, is the ambient fluid
density, p is the density perturbation, p is the fluid pressure,
cg 1s the sound speed, and v is the kinematic viscosity. Equa-
tion (2) assumes a Stokesian fluid for which the convective
part of the acceleration is neglected. It may be deduced from
Egs. (1)—(3) that the vorticity =V X v satisfies

aQ

— =1V2Q, (4)

ot
as in unsteady creeping flow, while p and E=V-v satisfy an
acoustic wave equation with viscous damping, namely

& 4
Zip.E]= (cg+ EV%)VZ[,U,E]. (5)
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FIG. 1. Plane wave incident upon elliptic cylinder.

In the 2D disturbance of period 27/ considered here,
E=E(x,y), Q=2Q(x,y) and the time-harmonic dependence
exp(—iwt) is suppressed. Then Egs. (4) and (5) reduce to

(V2 +1)[p,E]=0, (6)

(V%’%)Q:o, (7)

where the complex acoustic wave number is

ko
k= ——, (8)
V1 —4ié/3
with
ko= wlcy, €=wvlci<1. 9)

The pressure p and dilatation E are related, according to Eqs.
(1) and (3), by
E

L= (10)

Pocy w

The geometric configuration for the elliptic cylinder dif-
fraction is illustrated in Fig. 1. The exciting plane wave (ir-
rotational) propagates in the ¢;+ 7 direction, that is, incident
from the azimuthal angle ¢;, and is given by

Vi — ﬂ \v, [e—ik(x cos ¢+y sin ¢,‘)]_ (1 1)
k

The scattered field v is determined by application of the no-
slip condition v+v'=0 at the ellipse. Two direct methods of
solution, avoiding the introduction of potentials, are avail-
able for the ellipse scattering. One involves writing down a
solution form for the pressure and using the momentum
equation to establish associated forms for the velocity com-
ponents. Alternatively, the latter can be deduced from solu-
tion forms for the dilatation E and vorticity ). The second
method is adopted here except for the limiting case of the
strip. To facilitate understanding of the ellipse analysis; the
simpler circle case is presented first.

If b— a the resulting symmetrical scatterer does not re-
quire any incidence angles other than ¢;=0. The incident
plane wave (irrotational) propagating in the —x direction is

Vo

V:=

=2V [e7], (12)

in which
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o

e = gmikreos b= g (k) +2 i, (kr)cosng.  (13)
0 n d)

n=1
On setting
V=7, + v b

the incident wave components are given by
o0

vl =vo| Jo(kr) + 2> iJ) (kr)cos ne |,

n=1

v’%: UOE ni"J,(kr)sin n¢. (14)
kr

n=1

In the inviscid case, only the normal component of the total
velocity must vanish at the circle. The vanishing of the n
=0 term in Eq. (14) shows that scattering of the axisymmet-
ric component is unaffected by the presence of viscosity. The
n#0 Fourier components in Eq. (14) generate viscosity-
driven vorticity analogous to the Stokes wave in a viscous
fluid bounded by a tangentially vibrating plame.17 However,
dependence of the vorticity on both » and ¢ means that the
acoustic diffraction has to be modified, as in reflection at a
plane. Suitable solutions of Eq. (6), constructed to display
the above-described physics, are

)

E(r,¢) =vok Jo(ka)H(l),(k : 2’121 i"[J (ka)
A (kr)
An]% cosno (, (15)
D (ker
Q(r, d) =2vok azi i ”21(1)(( ; sin ng, (16)

where

iw k01+i
=\ — =2 17
“ 14 € \E ( )

The equations

ﬁ( )+ E
—(r =Er
o a¢v¢

J Jd

vy - Zv,=0
ar(rvd,) ¢9¢Ur r

are then solved by observing that Bessel’s Equation implies
that

H(l)’(kr)ei”‘b}

. d
rHill)(kr)e’”‘b: —|--H,
or| k

d
+
IP

Thus the lamellar and solenoidal components are given by

[ 2y H(1 (kr)e’”"s} (18)
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l)/( ) o
vF=—v, J(')(ka)—gl),(k 221 i"[J! (ka)
l)/( )
+A, cos
]H(l)'(k ) ne
- H(kr)
vi: k—og ni"[J)(ka) + A, ](rll)'—(ka) sin ng,
o ZUOai g H'(kr) &
vr - =1 l ”Hf’ll)(Ka) coRnes
C B H(l)'(Kr)
Q —nnttn .
=-2 "——————sinng. 19
vy UOK(IEZ 0 H(ka) ne (19)

Evidently, A,=B, (n=
velocities cancel. Then

vg(a, P) + vg(a,dﬂ + vfj’(a,¢) =0 (-m<d=<m)

implies the coefficients are given by

1) ensures that the additional normal

2i @Hil)'(ka)ﬂHil)'(Ka) -l
mkaH\" (ka) n HY(ka) n H"(ka)

A =

n Bn=

lll. THE ELLIPTIC CYLINDER

Elliptic coordinates (&, 7) are related to the Cartesian
coordinates (x,y) through x+iy=c cosh(£+i7). Separation of
variables in the Helmholtz equation (6) allows the solution to
be written in terms of the Mathieu functions, with the param-
eter

q= }1(’“)2’ (20)

in the notation of Jones,'® except for exp(—iwr) time behavior
instead of his exp(iwt). The expansion of Eq. (I11) corre-
sponding to Eq. (13) is

exp[— ik(x cos ¢; + y sin ¢;)]
=exp[— i2¢""*(cosh & cos 7 cos ¢, + sinh &sin 7 sin ¢;)]

= 2 2 (_ i)mcem(¢i’ Q)cem( 7, CI)MC,(J)@JI)
m=0

+22 (= i)"se,(bnq)sen(n.gMsY(£,q), (1)
m=1

in which it is noted that the functions of # also depend on q.
The elliptical scatterer boundary of Fig. 1 is the surface &
=¢§, where

tanh & =bla, c*=a*-b.

The deduction of a vector field
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F(g’ 77) = éF‘f(g’ 7’) + ;an(ga 7])

defined by
V-F(&n)=E@H(n), (22)
with
25
s ;ggf) + [_ a+ %(kc)2 cosh 25} E(9=0,
d’H 1
dé;?) {a—i(kcﬂ cos 277}1‘1(7]):0 (23)

is achieved by noting that

SE OHm1 T =0 (1)
=E"(OH(n) +E(OH"(n) =—’E(HH(7n)  (24)
where the metric i(&, ) is given by

1 12
h=c(cosh? £€—cos®> p)?=¢ E(cosh 2&—cos2m)

Comparison of Eq. (24) with the component form of Eq.
(22), namely

& (9 ]
a—g(th) + %(hF,]) =h’EH, (25)
then indicates

F(&n)=— 5 ——[{E'(OH(n) + #EOH (9] (26)

k2h(§ 7)

which is irrotational. Similarly,

(VXF(& ). =E(H(n),

that is

J
—(hF,)— —(hF;) =h*EH, 27
P g( ) (977( P (27)
has the solenoidal solution

F(&n) = 5———[EE(OH (n) - 7" (OH(m].  (28)

kzh(f 7)

The incident plane wave (11) has, by substitution of Eq.
(21), the components

E( i)"ce,(dig)ce,(n.gMc (£,q)

vl = kh(§ |5

+ 2 (= )"se, (b @)sen(mMsY (Eq) [, (29)
m=1
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m (1)
kh(g - m%( iy"ce,(png)ce,(m,q)McV(£,q)

©

+ > (= )"se,(dpq)sel(n)Ms'V(Eq) . (30)

m=1

v (€)=

Equations (6) and (7) show that E and ) depend on the
parameters

g= ke = (ka1 - (b/a)),

s—ﬂc ——(koa) [1- (bla)?], (31)

respectively. Their solutions in terms of separated functions
may be written as

o]

E(&,m) =200k 2 [A,, + MY (&.9)ce ()]
m=0
McP(¢,q)

X (_ i)mcem(ﬂ, Q) Mcg),(go,q)

oo

+200k 2 [B,, + MsY' (é0,q)se,(h1nq)]

m=1

o Ms)(€,q)
X (=1) S%(Wﬂm (32)
. Mc)(&.s)
Q(f, 77) - 2v0Km2=0 Cmcem(n’S)MCS)(é:o,S)
+2v KEOC: D,,se,(n S)M (33)
0 et Msﬁ,f)(go,s)

Use of Eq. (26) shows that the irrotational (lamellar)
part of the scattered velocity has components

E [A,, + M (é0,9)ce,(biq)]

Ve == kh(f ] =

M2 (&,q)

X(=i)"ce(mqg)—n
MC}(,S) (507 Q)

+ 2 [By,+ MsiY (é0,9)5e,(#1q)]
m=1
Ms'Y'(£,q)

X(=i)"se,(n, Q)m

[l

viéEm)=- kh(g 7 mEO[A +Mc)' (&.q)ce,(d1.q)]
JYRe)
” (&.9)
X(=i)"ce (n,q) 3),@:

+ 2 [By+ Ms(V (&0.9)se,,(d1nq)]
m=1
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MsP(£,q)

X (- i)”‘sem(n,q)m

) (34)

in which the terms with inviscid structure are identified.
Similarly, use of Eq. (28) shows that the solenoidal part of
the scattered velocity has components

2v - MC(S)(g s)
Q 0 ’ m >
ve (€& m) = 2 Cucen(n.8)—
¢ Kh(€&7) | o Mc) (&)
- MsD (&)
+ D>, D, se (n,s)—a—" 1,
2 D)y B
2v - M (&5)
Q 0 m (&
v (ém) =~ 2 e, (m,s) =
7 Kh(§9 77) m=0 MC}(,’?)(g(),S)
- Msy)' (&5)
+ 2, D, se,(n,s)—5—— 35
mz=1 S€p(7 )Msg)(go,s) (35)
The no-slip boundary is now enforced by setting
vE(&, ) +0E (& m) + &, m) =0,
Uf](&()? 7]) + U%(&), 77) + Uiy](g(]» 77) = O’ (36)

over the entire elliptical surface where —7r= 7= 7. The even
(in 7) part of the & component of this boundary condition is

2[4+ M) (€.9)ce,(dng))(= D) "ce,(1.9)
m=0
- 52 Dmser,n(ﬂ’s)
Kin=1

= 2 (_ i)mcel7l(¢i’Q)Cel71(777q)MC§11),(§0’q)-

m=0

(37)
The odd (in #) part of the & component of Eq. (36) is

E [Bm + Msip’(é:o"I)Sem((ﬁi,(I)](— i)msem( 77"])
m=1

> C,ce,(1,5)

m=0

K
K

= 2 (_ i)’1lsem(¢i’q)sem( 77761)M55,i)'(§0»CI) (38)
m=1

The odd (in 7) part of the % component of Eq. (36) is

D [A, + MY (&, q)ce,(di9)]

m=0
Mc$(&.9)
Mcl(s)’(g()s C])

M (£),5)
MS;(/;:?)(gO’S)

X (_ i)mcelln( 7, 61)
k o

+ _E Dmsem(n,s)
Kmn=1
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= > (=) "ce,(dng)ce(n.)Mc' Y (€h.q).

m=0

(39)

The even (in 7) part of the 7 component of Eq. (36) is

0

> [B,+ Ms'Y (¢0,q)se,(b19)]

m=1

MSES)(SO,CI)
Ms,(qf),(fo,Q)

k Mc¥ (&5
+=2 Cmcem(ﬂ’s)%
Kn=0 MCm (§0’s)

X (=1)"se,(1.q)

= > (= i)"se, (b q)sel (1.9 Ms\) (&.q). (40)
m=1

At this stage, major difficulties associated with the ellip-
tic coordinates are encountered. The periodic functions have
the expansions19

o)

cernp(1q) = 2 AP (g)cos[ (2 + p) 7]
j=0

(m=0,1,2,..., p=0,1),

©

S€mip(1.9) = 2, BYP(q)sin (2] + p) 7] (41)
j=0
(m=0,1,2,..., p=0,1),
and have the orthogonality properties
j cen(mq)ce,(n.q)dn=76,, (m.n=0),
f se,(n.9)se,(n.q)dn=76,, (mn=1), (42)

but, in contrast to cos n7 and sin n#, the derivative of one is
not a multiple of the other, the derivatives are not orthogonal
and they depend on the parameter ¢, giving different sets of
periodic functions in E and ). Inspection of Egs. (37)—(40)
shows that the introduction of the inner products

An(g.5) = (ce,n(q),se,(s))
= fﬁ ce,(n.q)se,(n,5)dn (m=0,n=1)
(43)
suffices to exploit the orthogonality (42) because integration

by parts and the periodicity of the angular Mathieu functions
yields
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- Am,n(qss) = <Ce;n(CI)ssen(S)>

=f cep(n.q)se,(n.s)dy (m=0,n=1).

(44)

This inner product is zero if m and n are of different parity
and, although the functions are complex-valued, does not
involve any complex conjugation. In terms of the coefficients
in Eq. (41),

a
j C62m+p( 7]9Q)Se£n+r( ﬂ,s)dﬂ
-1
= 78,2 A3 (q) B3 (5)(2) + p)
Jj=0

(m,n=0,p,r=0o0r l,n+r#0). (45)

Multiplication of Egs. (37)—(40) by ce,(7,q), se,(77,q),
se,(n,s), ce,(n,s), respectively, and subsequent integration
of each from n=—m to = yields the sets of linear equa-
tions

An———ED Aun(g.s)  (n=0), (46)
m(—i)"k,,
By=-—— EcmAm,,<s 9 (=1, 7)
77'(— )" k
E _ MS(3)(§0,S)
D= o ) 2, @9
|: Mcir?)(g()’Q) 2C€m(¢i’q) :|
my (3 +° ()
MY (¢.q)  imMc (£,q)
X(n=1), (48)
k —Mc(3)(§ ,S) "
Cn= MT’(Q%,E An(s,q)(=1)
[ s (Erq)  25e,(dpg) ] n=0)
"M () imMsD (€q) -

(49)

after use of the Wronskians

2
M) (G, )M () — M) (G, )Ml () = .

2
Ms,)" (& )Ms,)(&9) = Ms,, (& )Ms,. (&0.0) = —.

(50)

The two disjoint pairs of linear systems may be written sym-
bolically as

(1 -[P1||[A]] _|[0]
{—[R] (7] M[D]}‘{m}’ (51)
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[ (1] —[Q]M[B]] B {[O]]

-[s1 [ Jilerl LG

or, if elimination of one set of coefficients from each is pre-
ferred,

{7]1-[R][PI}[D]=[F]. (52)
{t1-[sienlcl=[a]. (53)

The infinite series are truncated at suitably large indices,
such that the results exhibit satisfactory numerical or “self”
convergence.

The definition (31) indicates the need for an approxima-
tion to the modified Mathiéu function of large imaginary
parameter g=i|g| with |g|— c. The first equation of Eq. (23)
has the form

d*f(é)
d&

+(2g cosh 2&— a)f(£) =0, (54)

whose solutions are of four types, even/odd functions of
even/odd orders. McLachlan'” gives asymptotic forms for o
as |q|%00. For example, with g=i|q/,

|q|”2 iml4 (55)

y, ~ = 2ilg| + (8n +2)|g| '™, (56)

and application of the WKB(J) or LG method to Eq. (54)
eventually yields

0 ~ ﬁ expl=[(1 - i)|2g]"" sinh &

+(2n+ 1/2)i tan"'(sinh &)1}, (57)

which is a decaying solution, with f(0)=1. Evidently f’(&)
has a dominant term of O(|g|"?).

According to p. 240 of McLachlan,” the even order
modified Mathieu functions of the cosine type and the odd
order functions of the sine type have the same asymptotic
eigenvalues, and thus, as |g| — °,

Ms

M02
~ \%hf exp{—[(1 = i)|2¢|"? sinh &
+(2n + 1/2)i tan"!(sinh &)]}, (58)
and similarly,
Ms

1
exp{—[(1 = i)|2¢|""? sinh
Jeosh & p{-[(1 -1)|2¢]| &

+(2n +3/2)i tan"!(sinh &)]}. (59)

The system of linear equations (51) requires the ratios

Mc)(&ila)  Ms(Eilal)  seché (60)
M (Eilg) M5 ) (i-Df2g"

without regard for either the type or the parity of the order.
By calling the eigenvalue solver once only for a given ¢, the
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Mathieu function calculations are fast.'®

IV. FAR SCATTERED FIELD

For the circle, substitution of the asymptotic form

i elkr

Hfll)(kr) —

kr—o

imkr

in Eq. (16) demonstrates that the vorticity () is limited to a
thin boundary layer on the surface of the scatterer. Since v
and p are related by Eq. (10), the single scalar function of
interest in the far field is the divergence E, which is simply
proportional to the acoustic pressure field and given by Eq.
(15). In the far field,

E(r — ,8) = vk \| —— (), (61)
imkr

where

F(¢)= 2 i

n=—00

li_n 7' (ka) A,

+ ind, 62
HY' (ka) * HD (ka) }e ()

This separation of the radial and angular factors facilitates
the graphical display of the scattering pattern F(¢).

For the ellipse, cet/2~r—®, p— ¢ in the far field and
the required asymptotic forms, deduced from the first equa-
tion of Eq. (23), are'®

MCS)(f,Q) 2 ikr(_ »ym
M5 (Eq) J e N imhr = (03

The asymptotic forms (58) and (59) verify the exponential
decay of the vorticity. From Eq. (32), the scattering pattern is
given by

ce,(b,q)

F(¢)=2 mzzo (A +Mey," (éo,q)cen( b @)= i)mMcES)’(fo,q)

+22 [B, + MstY (&.9)se,(b1q)]

m=1

se,(é.q)

X (- iy O
Adsi? (§b74)

(64)

V. THE STRIP

The incident plane wave defined by Eq. (11) requires the
scattered field on the surface of the strip (b—0 in Fig. 1) to
satisfy

v(x,0) = ivg(% cos ¢; + ¥ sin ¢)e * s ¢ (|x]| < a).
(65)

The solution structure follows the Wiener-Hopf analysis of
Davis and Nagem2 as far as the imposition of the boundary
conditions at y=0. As in these authors’ subsequent aperture3
and disk® studies in 3D, a method suited to creeping flow is
then adopted and therefore passage to the inviscid limit is
precluded. Functional forms displaying the square root edge
singularity are posed for the pressure and tangential stress
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discontinuities across the strip and their coefficients deter-
mined by application of Eq. (65).
On defining dimensionless Fourier transforms

Ve, Pla]= [ k[Mu

}e"mdx, (66)
Uo  PoColo

the continuity equation gives
) J iw
iaV(a,y) + —V(a,y) = —P(a,y) (67)
ay Co

and the momentum equation yields

P,
& io L\ Vday) | ¢ e\ ()
Lt -« =—\|1-— d .
dy” v Vi(a.y) v 3 d—P(a,y)

y
(68)

The Helmholtz equation (6) implies

d2
<p+k2— az)P(a,y)zo, (69)
y

whose solution is
P(a,y) =[A(@) + B(a)sgn ylexp{- (@ = k) "*|y[}.  (70)
Hence the scaled Fourier transform of the velocity field is

C(a) + D(a)sgn y

V(a,y) = ia

W[C(a)Sgn y+D(a)]

Xexp{- (& — iw/v)"?|y|}

k| afA(@) + B(@)sgny]
T2l i = k) [A(a)sgn y + B(a)]

Xexp{- (o = k*)"|y[}. (71)

The continuity of V gives

D(a) + k]‘;—fB(a) =0, o
k
(a? - ;:,/V)l/zc(a) + k—g(aZ_kz)l/zA(a) _o, o)
whence
o
V(a,0)] - (o = iwlv)(a? = 1)1 Cla)
h . (2 — 2)172
i i(a? - k%) D)

(? = iwlv)'? -
(a2 _ k2)—1/2c(a)

=K(a) ; (74)

- iD(a)

where
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a2

— (P L
K(a)=( (= iwlv)?

_k2)1/2_ (75)

is the Wiener-Hopf kernel of Davis and Nagem.2 Also, the
jump in the normal derivative of V is given by

1{dV(a,y)]0+ B
2 dy i

after substitution of Egs. (72) and (73).

The discontinuity in normal stress across the strip has
square root edge singularities and is conveniently repre-
sented as

iwl/v
(a?—iw/v)'?

k> ’
- l_D(a)

C(a)
(76)

+ S 2i
[normal stress](y):o_ = pocovo[— pix.y) (1 + ?162)
PoColo
2vky d 0*
——O—vy(x,y):|
[2) y=0-
T,(x/a
=2pgcouo eninan/(=)2
n=0 V1 - (x/a)
(Jx| < a). (77)
Then the Fourier coefficient
¢ T (xla 4
f /n(=)2€_laxdx - ,n.a(_ l')"J,,(a'a) (78)
a V1 = (x/a)

enables the Fourier transform of Eq. (77) to be written as

ma, €,a,J,(aa) = D(a) (79)
n=0 a

after substitution of Egs. (8), (9), and (72). Similarly, the
representation

: o
[tangential stress] _-

2| Lo+ Lo |

= pocoko—| —v,(x, —u,(x,

Pooow &yvx y &xvy y o
- T,(x/a

= 2p0COU02 Gninbn,(——)z (|)C| < a) (80)
=0 V1 = (x/a)

has the Fourier transform
- v | d o*
WQE 6l’lb}’l‘]ﬂ(c‘{c’) = _|:_Vx(a’y):|
n=0 20

= 2_—C(a), (81)

after substitution of Egs. (76) and (78).

Equations for the coefficients {a,,b,;n=0} are now es-
tablished by enforcing the no-slip condition (65). For |x|
<a, Egs. (66) and (74) yield
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v(x,0)
Vo

|cos ;| .
il e ikx cos ¢; _
sin ¢;

27Tk0f [V(a,0)]e'“da

1 ]
= f K(a)
27Tk0 _

(a,2 _ k2)—1/2C(a)

. iaxd , 82
i [0 82
(%

whose Chebyshev coefficients are determined by applying
the operator

m a T /
" f Tl L

=0).
mal)_, \1 - (x/a)?

Thus, by using Eq. (78) and substituting Egs. (79) and (81),

- {:: :;: ]Jm(ka cos ¢;)

I GRY
2’7Tk0 f K(a)

i(az _ kZ)—I/ZC(a)
D(w)

a

J(aa)da

= Z_k()( l)mJ K(a)g) €n‘]n(aa)

—00

o —iw/v\'"?
b\ — 2
X a -k J(aa)da

ay

= Z_k(),% &[(=1)"+ (- 1)”]]: K(a)

b ( o - iw/v)”2
x| o - k2 Jm(aa)Jn(aa)da: (83)

an
since K(a) and the factor ()2 are even functions of a.
From Eq. (80), the vorticity discontinuity across the
plate is

0+

ivx(x,y)]

Qlx, ‘?ﬁ_:{—
(06 =| - 7

y=0~"

kovoz i T(x/a)

62 n=0 (-X/a)z (84)

while the continuous vorticity at the strip is the continuous
part of

Vo .
2arky J . (lav"(a’o) -

at the strip (|x|<a), which is

dv ,
—x(a,O))e"”‘da
dy

R. W. Scharstein and A. M. J. Davis: Cylinder scattering in viscous medium 3307



2.0 T T T T T T T

b4
< 50.0 B

—1.0

—2.0 T |/2 T (I) T |/2 T
-7 —T m ™
@) "
0.7 T T T T T T T
N /
0.6 1 |

dashed curve: inviscid solution
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FIG. 2. Plane wave excitation of elliptic cylinder. Case: koa=5, b/a=0.1,

€=0.1, and ¢;=0. (a) Surface vorticity (&), 7) and (b) scattering pattern.

Vo
27Tk0

fx [K(a)D(a) +(a? —iw/)"*D(a)

—00

k . -
+ O—;Y(az—kz)”zB(a)]emda= 20 (—lw)wa
k 2mky\ v

» eiaxa “
2 6nanjn(aa)da

(P =iw/v)'?
o

oo
wav ada
= f > . 1/22 6,161”]”(&0)
kov Jo (& —iwlv)'" 2

sinax  (n even)

(n odd)

after substitution of Egs. (71), (72), (75), and (79). For com-
parison with the ellipse and circle, the vorticity on either side
of the strip is deduced from Egs. (84) and (85). The normal-
ization /v« is used in the graphs.

(85)

— 1 COS ax

VI. RESULTS

The acoustical size of the cylinder characterized by
koa=5 is neither small (quasistatic regime) nor large (ray
acoustics regime) in terms of the wavelength of the exciting
plane wave, and therefore this scatterer is truly in the “reso-
nant” frequency range. The dimensionless viscosity param-
eter of Eq. (9) is fixed at €e=0.1. An extremely flattened el-
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e |00+
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FIG. 3. Plane wave excitation of elliptic cylinder. Case: kya=5, b/a=0.1,
€=0.1, and ¢;=/2. (a) Surface vorticity (&, 7) and (b) scattering pattern.

liptic cylinder having b/a=0.1 (ellipticity e=[1—(b/a)*]"?
=0.995) is selected, in Figs. 2 and 3, to demonstrate the
variations in the scattering with plane-wave incidence angle.
Figure 2 is for incidence from the +x axis, that is, from the
azimuthal angle ¢;=0, which is the “endfire” direction. Fig-
ure 3 is for incidence from the +y axis, that is, from the
azimuthal angle ¢;=m/2, which is the “broadside” direction.
Figures 2(a) and 3(a) depict the complex-valued surface vor-
ticity (&, ), whose driving mechanism is the tangential
component of the incident field. This is analogous to the
unidirectional viscous flow known as a Stokes wave. As ex-
pected, endfire incidence generates vorticity along the nar-
row ellipse but broadside incidence yields vorticity confined
near the ends. Viscosity effects on the far field are displayed
in Figs. 2(b) and 3(b), which graph, for the two cases, the
scattering pattern |F(¢)| of Eq. (64). Viscosity is clearly
more influential far from the scatterer when the incident
acoustic wave is essentially grazing to the elongated ob-
stacle. Note that in the limiting case of the hard strip (b/a
—0) in an inviscid medium, no scattered field is produced
when ¢;=0. The elongated ellipse still presents some distur-
bance to the field generated by the endfire source, but the
scattering pattern curve of Fig. 2(b) is an order-of-magnitude
less than the curve of Fig. 3(b).

As b/a—1 the ellipse degenerates to the circle, and
Figs. 4(a) and 4(b) present the companion curves for this
case. The numerical values from the analysis of Sec. III in
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FIG. 4. Plane wave excitation of circular cylinder. Case: kya=5, €=0.1. (a)
Surface vorticity Q(a, ¢) and (b) scattering pattern.

terms of Mathieu functions approach the values obtained
from the circle analysis of Sec. II. When 5/a=0.99, the re-
sulting curves for the ellipse are visually indistinguishable
from the given results for the circular scatterer. In contrast,
the convergence of the series of Mathieu functions is not so
robust as b/a—0, and for kqa=5, the numerical integrity of
the ellipse solution degrades if b/a gets as small as 0.01.
This is because viscosity plays a dominant role in the con-
struction of the field in the b/a— 0 limit, whereas the field
for 0<b/a<1 is constructed as a viscous perturbation of an
inviscid-type field. In the inviscid limit, the pressure reverts
from a normal stress to a velocity potential. The contrast is
most evident in the endfire case in which the inviscid scat-
tered field vanishes. Resultant graphs of the continuous and
discontinuous components of the surface vorticity appear in
Figs. 5(a) and 5(b), respectively, for the case when b/a
=0.05, which lies safely within the range where the solution
is numerically convergent. Dashed curves from the strip so-
lution of Sec. V are reasonably close to the solid curves for
the ellipse having 5/a=0.05 and where the representative
angle of incidence is ¢;= /4.

VIl. CONCLUSIONS

The presence of a slight medium viscosity can have a
substantial effect on the scattering pattern of an impenetrable
elliptic cylinder, even though the viscosity-induced vorticity
is confined to a narrow boundary layer on the ellipse. Unlike
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FIG. 5. Continuous and discontinuous components of vorticity across strip
surface. Case: kpa=5, €=0.1, and ¢;=m/4. Solid curve: Ellipse with b/a
=0.05 using 100 Mathieu functions. Dashed curve: Strip using six Cheby-
shev polynomials. (a) Continuous component %[Q(x,0+)+0(x,0‘)] and (b)
discontinuous component %[Q(x,O*)—Q(x,O’)].

the inviscid case, the forward scatter in a viscous medium
can be significant when a plane wave strikes an elongated
ellipse from the mostly grazing direction. The analysis and
its implementation are validated via the agreement between
the Mathieu function calculations for the elliptic cylinder and
the independent calculations for the limiting cases of the
circle and the strip. Though presented as a fundamental
study, the results provide an obvious warning that endfire
sonar detection of slender bodies can be unreliable.
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Fresnel approximations for acoustic fields of rectangularly
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A general approach is presented for determining the acoustic fields of rectangularly symmetric,
baffled, time-harmonic sources under the Fresnel approximation. This approach is applicable to a
variety of separable source configurations, including uniform, exponential, Gaussian, sinusoidal,
and error function surface velocity distributions, with and without focusing in either surface
dimension. In each case, the radiated field is given by a formula similar to that for a uniform
rectangular source, except for additional scaling of wave number and azimuthal distance parameters.
The expressions presented are generalized to three different Fresnel approximations that correspond,
respectively, to diffracted plane waves, diffracted spherical waves, or diffracted cylindrical waves.
Numerical results, for several source geometries relevant to ultrasonic applications, show that these
expressions accurately depict the radiated pressure fields, except for points very near the radiating
aperture. Highest accuracy near the source is obtained by choice of the Fresnel approximation most
suited to the source geometry, while the highest accuracy far from the source is obtained by the
approximation corresponding to diffracted spherical waves. The methods are suitable for volumetric
computations of acoustic fields including focusing, apodization, and attenuation effects. © 2007

Acoustical Society of America. [DOI: 10.1121/1.2726252]

PACS number(s): 43.20.Rz, 43.20.E1 [JIM]

I. INTRODUCTION

Radiated fields from rectangularly symmetric apertures,
and from arrays of rectangularly symmetric elements, are
important to many acoustic applications. In particular, certain
ultrasound applications require computation of diffracted
pressure fields over a large number of spatial points in two or
three dimensions. These include modeling of ultrasound-
induced heating for simulation of ultrasound therapy,lf3
simulation of ultrasound imaging systems,“_7 and compensa-
tion for diffraction effects in quantitative scattering
measurements.’ '° In such problems, individual elements of
ultrasonic linear arrays, phased arrays, or two-dimensional
arrays can be modeled as baffled rectangular sources, each of
which may be unfocused, or focused in one or both dimen-
sions, with possibly different focal lengths in each direction.
The position-dependent surface velocity of such an array el-
ement may be approximately uniform over the entire rectan-
gular aperture, or may be spatially varying (e.g., apodized to
reduce beam sidelobes)."!

A number of numerical methods are available for com-
putation of ultrasonic fields from rectangular sources. Fields
can be computed accurately using the angular spectrum
method,'*" in which the Rayleigh integral is numerically
evaluated by fast Fourier transform operations. Several nu-
merically exact methods have been based on numerical inte-
gration of the aperture’s space-time impulse response14 for
uniform, flat”™"® or spherically focused" rectangular
sources. A more general and computationally intensive
method employs numerical evaluation of the two-
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dimensional Rayleigh integra120 or the impulse response
integr2116’21 by dividing a radiating surface into many small
canonical elements. Recent work using the impulse-response
method has included a method for rapid computation of the
exact time-harmonic field for flat rectangular sources'® and
an approximate method for cylindrically focused sources.”

Approximate methods for computation of ultrasonic
fields include several based on the Fresnel approximation, in
which the phase of a wave front emanating from the radiat-
ing surface is replaced within the Rayleigh integral by a
binomial-series expansion, truncated at second (quadratic)
order.”* In contrast to available numerical methods, the
Fresnel approximation allows simple, analytic solutions for
diffracted pressure fields to be obtained for rectangularly
symmetric sources,”* including apodized radiators for which
“exact” numerical methods such as the impulse response ap-
proach may not be tractable.” In addition, the Fresnel ap-
proximation forms the basis for efficient numerical methods
such as Gaussian beam expansions.%_28 Analytic solutions
obtained from the Fresnel approximation are desirable be-
cause they are amenable to further analysis, and can provide
physical insight.

Analytic solutions for rectangularly symmetric aper-
tures, under the Fresnel approximation, have previously been
presented for a uniform, flat rectangular aperture24 as well as
for unfocused rectangularly symmetric apertures with several
apodization patterns.25 Szabo has pointed out that under the
Fresnel approximation, the effect of focusing is similar to a
scaling of the field of unfocused transducers.'" Still, several
investigators have implied that simple analytic solutions for
Fresnel diffraction from focused rectangular transducers are
not tractable outside the focal plane.4’8’29’30
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In this paper, analytic solutions are derived for the
acoustic fields of a large class of rectangularly symmetric
apertures under the Fresnel approximation. The general ap-
proach derived here for solution of the Rayleigh integral is
valid for separable surface velocity distributions under three
variations of the Fresnel approximation, respectively repre-
senting diffracted plane, spherical, and cylindrical waves.
The result of this approach is a single, compact analytic for-
mula for the fields of several focused and unfocused rectan-
gularly symmetric apertures with various apodizations, all of
which take a similar functional form except for shifting and
scaling of wave number and azimuthal coordinates. Numeri-
cal results obtained from this simple approach indicate that
each of the Fresnel approximations considered provides dif-
ferent numerical accuracy, dependent on the region of inter-
est. An appropriate choice of Fresnel approximation, based
on the aperture geometry, allows accurate field computations
to be made over a wide region including the geometric near
field. In addition, the simple form of the derived solutions,
written in terms of the complex error function or Fresnel
integral, facilitates further mathematical analysis of radiated
acoustic fields. Thus, the methods introduced here should be
useful for a wide variety of ultrasound applications that re-
quire detailed knowledge of the ultrasound field structure.

Il. THEORY

In the following, an analytic approach is given that pro-
vides closed-form solutions of the Rayleigh integral for a
variety of rectangularly symmetric apertures, under the
Fresnel approximation. Four related variants of the Fresnel
approximation are presented, which represent the radiated
acoustic field respectively as a diffracted plane wave, a dif-
fracted spherical wave, or diffracted cylindrical waves cen-
tered on either axis of symmetry. These four Fresnel approxi-
mations are generalized into a common form. Compact
analytic solutions for this generalized Fresnel approximation
are then derived for rectangularly symmetric apertures with
uniform, exponential, sinusoidal, Gaussian, or error-function
apodization, both for unfocused and focused apertures. In all
cases, the pressure field is specified by a formula similar to
that for a uniform, unfocused rectangular aperture,24 but with
complex, position-dependent shifting and scaling of the
acoustic wave number and azimuthal distance coordinates.

A. General solution

The problem geometry considered here is the classic
baffled piston, sketched in Fig. 1. A planar source at z=0,
placed within an infinite rigid baffle, oscillates with time-
harmonic surface velocity u(xy,yo)=uA(xy,ve)e™'. For
such a source, the resulting linear acoustic field pressure at
any point in a homogeneous medium is given exactly by the
Rayleigh integral:31
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FIG. 1. Problem geometry. A rectangularly symmetric source with dimen-
sions 2a in the x direction and 2b in the y direction oscillates within an
infinite rigid baffle. The origin o of the coordinate system is at the aperture
center. The pressure field at a field point r=(x,y,z) is given by the Rayleigh
integral over the surface coordinate ry=(x,,y,), with an integrand dependent
on the distance R=|r—r|.

ik i o o eik\r—ro\
p(r,n)=- 5 PcHoe A(xg,y0) T dxodyy,
ar —oo J —0 |r - r0|

(1)

where p is the medium mass density, c is the speed of sound,
k is the wave number w/c, and the distance between a field
point (x,y,z) and a surface point (xy,y,) is

Ir = 1| = V(x = x0)* + (y = yo)* + 2. (2)

This expression for the pressure field is also valid for attenu-
ating media, in which case k is complex with Im[k]>0. In
the derivations given here, the time-dependent factor et
will be suppressed and the nominal surface pressure p,
=pcu, will be assumed equal to unity.

The usual Fresnel approximati0n23’24 starts with the as-
sumption that

(x=x0)*+ (y—yo)* <2*

for the surface points that contribute significantly to the pres-
sure at a field point. This assumption, which is not required
to hold for all points on the radiating surface, is consistent
with the principle of stationary phase.23 In this case, the dis-
tance |r—ry| can be approximated by the leading terms of its
binomial expansion,

It —ro| = 2+ [(x = x0)* + (y = v0)*V/(22), 3)

so that the exponential term of Eq. (1) can be approximated
as

iklr—r)| ikz
¢ M- x9 (- 302 23) @)

r -1 z

The pressure field given by the Rayleigh integral (1) is thus
approximated as a plane wave multiplied by an integral dif-
fraction term. For this reason, the Fresnel approximation of
Eq. (4) is particularly useful for large sources in their acous-
tic near field and within the paraxial region.
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Other implementations of the Fresnel approximation re-
sult from alternate binomial expansions of the distance
|r—r,| into a position-independent distance plus a quadratic,
position-dependent perturbation term, similar to Eq. (3). The
result in each case is an expression of the radiated field as a
simple geometric wave field (e.g., a plane, spherical, or cy-
lindrical wave) multiplied by an integral diffraction term. In
a given problem, optimal choice for the form of this expan-
sion depends on the source geometry as well as the field
position, as demonstrated by the numerical results presented
later in this paper.

One alternate Fresnel approximation is more appropriate
for small acoustic sources, such as rectangular elements of a
two-dimensional ultrasonic array. For such sources, an ap-
propriate scaling is based on the assumption

x(z) + y% —2xx0—2yyy << 2,

where r=1\x?+y?+z% This assumption is valid wherever the
distance from the source center to the field point is much
larger than any source dimension, so that it also applies in
the geometric far field of any acoustic source. The most ap-
propriate Fresnel approximation for this case represents a
diffracted spherically spreading wave, so that the integrand
of the Rayleigh integral (1) is approximated as

ezk|r—r0| etk
—

~ ik(x(2)+y(2)—2xx0—2yy0)/(2r) ) (5)
Ir —r| r

A third approximation is useful for the common source
configuration where an acoustic source is small in one di-
mension and large in the other dimension, such as an element
of a typical linear or phased ultrasonic array. In the acoustic
near field of such a transducer, one may assume that

(x=x0)% +y5— 2y <y* +2°

for source points that significantly contribute to the pressure
field, where x is the direction of the longer element dimen-
sion (elevation or height) and y is the direction of the shorter
element dimension (azimuth or pitch). In this case, an ap-
proximation analogous to Egs. (4) and (5) is

ik|r—rg| ikw,,
e e y . 2,.2 |
~ o kLG = x0) +y)=2yy0l (2wy) , (6)

r — 1| w

y

where w, = \y*+z2. This represents a diffracted yz-plane cy-
lindrically spreading wave, centered on the long axis of the
source.

Similarly, for a source that is much larger in the y di-
mension than the x dimension, one may make the approxi-
mation

ik|r=rg| ikw
e e r . 2,.2
~ ezk[(y - ¥0) +x0—2xx0]/(2wx)’ (7)

|I' - r0| Wy

where w, = \x>+z2. This represents a diffracted wave cylin-
drically spreading in the xz plane, centered on the long axis
of the radiating aperture.

The Rayleigh integral can be solved in a similar manner
for any of these Fresnel approximations. For convenience,
the four approximations are generalized here so that analytic
expressions derived for the pressure field are valid under any
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of these approximations. To achieve this, a distance ¢ is de-
fined as the position-independent portion of any binomial
expansion for [r—r|, e.g., {=z for Eq. (4). Given this defi-
nition, Egs. (4)—(7) can be summarized by the compact ex-
pression

k=l eik(r2+{2)/(2§)

|r — | - 4

where one may choose {=z to represent the field as a dif-
fracted plane wave (4), {=r for a spherically spreading wave
(5), or {=w, (6) or {=w, (7) for cylindrically spreading
waves. In each case, the coordinate { can be regarded as the
nominal propagation distance from the source to a field
point.

For sources with a separable surface velocity distribu-
tion such that A(xg,yo)=A,(x)A,(y,), the Rayleigh integral
(1) can be written for any of the Fresnel approximations
represented by Eq. (8) as

ik M+ 20 foc
2wl o

2.2
e1k(x0+y0—2xx0—2yy0)/(2 ) , (8 )

p(r) =~ Alxg)e 00722020,

8 J Ay(yo)e™® e 020y, ©)

—o0

where the harmonic time dependence has been suppressed
and the surface pressure pcu is taken without loss of gener-
ality to be unity. Thus, the Fresnel approximation can allow
the pressure field to be represented by two multiplicative
integral terms, one depending on each of the azimuthal co-
ordinates x and y.

Many surface velocity distributions of practical interest
can be represented by simple exponential functions that are
conveniently expressed in the form

2
A (xg) = 2000, x| <a,

A(vo) = e’?z."é*"l]y’o’ ly| <b, (10)

where &, &, 7, and 7, may have both real parts, represent-
ing amplitude weightings such as apodization, and imaginary
parts, representing phase weightings such as used for focus-
ing. Source velocity distributions that can be represented in
this form include focused and unfocused uniform, exponen-
tially apodized, Gaussian, and sinusoidally varying apertures,
all of which are specifically considered in the following sec-
tion.

For surface velocity profiles of the form described by
Eq. (10), the pressure field defined by Eq. (9) can be then
written as

o k(P20 fa
p(r)=— ike™" T j ei(k)‘x%—ZkixO)/(zg) dx,
2mg —a
b
X f el(ky_\"o—Zky,vo)/(Z§)dy0, (11)
-b
where

ke=k=2i&0 ky=k=2in,
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TABLE I. Summary of the four instances of the Fresnel approximation considered here, including the defining
coordinates ¢, regions of greatest applicability, and forms of the multiplicative term ®(r, ).

Approximation

Most useful region

O(r,¢)

{=z

(diffracted plane wave)

{=r

(diffracted spherical wave)

L=w,=\y?+2
(diffracted yz-plane cylindrical wave)

L=w =\ + 72
(diffracted xz-plane cylindrical wave)

lx|<a, ik gLy k(P k7 (22)

lyl<b

r= a2+ b2 k7 = IKA @tk )/ (2r)

oy, eik[xz—k(lelz\,+§2/1:v)]/(2wv)

|x| =a

lyl<b P D S /0 [

& e
+lk, y y+lk. (12)

X=x

Comparison with Eq. (9) indicates that Eq. (11) represents
the pressure fields for a wide variety of rectangularly sym-
metric sources in terms of the field of an unfocused, un-
apodized rectangular source, with the introduction of scaled

and shifted wave numbers I;x, I;y and distances %, y. In gen-
eral, these scaled and shifted parameters are complex and
position-dependent.

For any source velocity distribution represented by Eq.
(10), the resulting pressure field under any of the approxima-
tions (4)—(7) is given by Eq. (11). Solutions to the integrals
appearing in Eq. (11) are obtained by completing the square
in each exponent and applying definitions of the complex
error function or the complex Fresnel integral. This results in
closed-form expressions for the pressure field under the
Fresnel approximation:

k(r.) (erf

(r)=
p\r 4\/er\/kry

kX +k.a

| K-Fa )
—€er ——
V2iNk L

k5 + kb ky — kb
X(erf y_—j— —erf y—~L )
V2iNk,¢ V2iNk L

kX +k.a

-F

ik®D(r,{) (F

_ k- k.a )
WiNE, =y

k5 + kb ky - kb
X F — = - F L ) s (13)
( \“”77 kyg \/7_7\ ky g
where the multiplicative term ®(r,{) is defined as
D(r,0) = ei[k(,2+g2)—k2(;2//};+;,~2//}'y)]/(2g) ) (14)

In Eq. (13), erf denotes the error function®® and F de-
notes the complex Fresnel integral

14
F() =C(0) +iS(0) = f ey (15)

0

These two functions are related by the idf:ntity32
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i T
F({) = \/;erf< 21[). (16)
Both of these functions have been analyzed in depth32 and
can be computed efficiently using series expansions, rational
approximations, or other available numerical methods, simi-
lar to other tabulated special functions.>**

Specific expressions for the factor ®(r,{) are given in
Table I for the cases {=z, {=r, {=w,, and {=w, correspond-
ing to the four Fresnel approximations described earlier.
Table I also lists the regions where each approximation is
most likely to be valid, based on simple geometric consider-
ations borne out by the numerical results presented in Sec.
III. Notable is that, although ®(r,{) takes the form of a
complex exponential function, this factor does not have unity
magnitude except in special cases (e.g., an unapodized rect-
angular aperture in a lossless medium).

The general expressions given by Eq. (13) for the pres-
sure field have functional form equivalent to previous results
for the field of uniform rectangular sources under the Fresnel
approximatic>n,24’25 but with scaled and shifted variables ac-
cording to Eq. (12). Thus, the same computational and ana-
Iytic formulas can be applied, with modification only to the
independent variables, to any unfocused or focused radiator
described by Eq. (10). Solutions for specific apertures are
detailed in the following section.

B. Pressure fields for specific apertures

Pressure fields for a number of practically important am-
plitude distributions can be obtained directly from the gen-

eral result of Eq. (13), using scaled wave numbers k,, Ig and
scaled coordinates X, ¥ defined by Eq. (12). Table II lists

values of the scaled wave number 1€x and the scaled distance
X for several apertures of the form given by Eq. (10), includ-
ing unfocused and focused rectangular, sinusoidal, and
Gaussian distributions, as well as the general quadratic ex-
ponential function that encompasses all these cases.

The scaled wave number and distance parameters listed
in Table II are in general complex. In the case of a Gaussian

aperture, the scaled wave number Ex has a positive imaginary
part, similar to the positive imaginary part of the physical

T. Douglas Mast: Fresnel approximations for rectangular sources



TABLE II. Complex apodization functions A,(x,), scaled wave numbers I;x;
and scaled azimuthal distances X for four unfocused and focused apertures.

Aperture type A(x) k, x
Quadratic exponential ePr0+BIx k=2ipB,¢ ci Big
k
Rectangular 1 k X
Sinusoidal el k o KL
k
Gaussian /) ke K x
o
Focused qua.dratic eBzxfz)+leoefikx(2)/(2Fk> d1- <z 2Byt X_Hﬁ_l{
exponential F, k
Focused rectangular e—ikx?/(zFx) - ks X
FX
Focused sinusoidal R0k CFy) ili- ks o K¢
F, k
Focused Gaussian o/ (207%) ik (2Fy) )i x
k(1—-—|+ ;

wave number k in an attenuating medium. This is consistent
with the spatial smoothing of the diffraction pattern caused
by amplitude apodization, which is qualitatively similar to
the smoothing observed for uniform apertures in an attenu-
ating medium.* Similarly, an exponential amplitude term of
the form A ,(xy) =eP1%0 results in a positive imaginary part for
the scaled azimuthal coordinate X, suggesting a corollary
with inhomogeneous plane waves, in which the pressure am-
plitude varies exponentially with the azimuthal position.36
However, the general solution of Eq. (13) also depends on
the unscaled wave number k and unscaled azimuthal coordi-

nates x and y, so that precise physical interpretation of the

scaled wave numbers k,, Ey and coordinates X, y is not
straightforward.

Focusing at a distance F, is represented in Table II by
phase factors of the form

—ikF (1=\1=xF?) _ —ikx2/(2F,)
Ax(xo)ze A=Y 0y =g (4 ]

A(yo) = e_,-ksv(]_\;'l_yg/pg) - e—ikyg/(sz)’ (17)

where F, and F, are focal lengths for the elevation and azi-
muth directions, respectively. Thus, the phasing associated
with geometric focusing at radii F, or F, is approximated
quadratically, consistent with the quadratic truncation of the
binomial series that results in the Fresnel approximations

4)-(7).
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To obtain the time-harmonic pressure field for any fo-
cused or unfocused aperture of a form listed in Table II, the

coordinates £, ng, k, ,» X, and y are specified based on Tables I
and II, and the pressure field is then given in terms of the
complex error function or the complex Fresnel integral by
Eq. (13). For the special case of unfocused rectangular aper-
tures, pressure fields obtained by this method are analogous
to results previously reported in the literature,”** but are
more general because they are applicable to any of the
Fresnel approximations (4)—(7). In Sec. III, it is shown that
an appropriate choice of { can substantially improve the ac-
curacy of pressure computations in the nearfield.

The definitions given in Table II for the sinusoidal aper-
ture can be employed with Eq. (13) to compute pressure
fields for a number of apodizations of interest. For example,
fields due to truncated-cosine, Hanning, or Hamming-
apodized sources can be obtained by appropriately superpos-
ing the fields from sinusoidal apertures with spatial frequen-
cies k, —«, and 0. As a specific example, the radiated field
can be computed for a velocity distribution

A(xg,y0) = A(x0)A,(¥o)

with

o
A(xg) = cos(—xo), x| <a,
2a

Ay(vo) =cos(1yo), <, (18)
2b

which corresponds to the lowest-order vibration mode of a
rectangular membrane and is similar to the “simply-
supported piston” distribution used by Greenspan.37 Using
the complex representation of the cosine, the radiated pres-
sure for this velocity distribution under the Fresnel approxi-
mation is found to be

r) 1 ( T 7T>+ ( T 77)
r)=-— ra s rs D
PRO=41P\" 20 2) "P\" 20" 20

. < m w>+ ( w 77) (19)
| r—-—,——
pS > 2a’2b pS > 2a’ 2b B

where p,(r, k., «,) is the pressure field defined by Eq. (13)
and Table II for a sinusoidal velocity distribution with spatial
frequencies k, and k.

Similarly, fields of more complex, general asymmetric
apertures can be obtained by representing their surface ve-
locity distribution as a spatial-frequency Fourier series and
superposing the fields computed for each Fourier component.
In the resulting summation, the superposed field for each
spatial-frequency component would be weighted by the com-
plex Fourier coefficient of the surface velocity distribution
for that spatial frequency.

For the source velocity distributions listed in Table II,
the pressure field defined by Eq. (11) simplifies further in
several limiting cases. One such case occurs when the qua-
dratic terms in the exponential arguments of Eq. (11) can be

neglected. This requires either that > szx(z) and > Eyyé (the
far field or Fraunhofer approximation), or Ex=Ey=0, as for
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certain focused apertures when the coordinate { is equal to
the focal distance. For the Fresnel approximation obtained by
setting {=z, the latter case results in a pressure distribution in
the focal plane that is equivalent to a scaled far-field pattern
of the same source distribution.''** For either of these con-
ditions, the pressure field resulting from Eq. (9) becomes

Dikab MY kaw\ [ kby
p(r) — - ———sinc| — |sinc| — |, (20)
™ 4 4 {

where sinc(u) =sin(u)/u. Thus, the far-field pressure (or
similarly, the focal-plane pressure) obtained for any rectan-
gularly symmetric aperture of the form given by Eq. (10) can
be written in terms of the far-field pattern of a uniform, un-
focused rectangular aperture, given appropriate scaling and
shifting of wave number and azimuthal coordinates accord-
ing to Eq. (12).

In a second limiting case, the pressure field due to an
unfocused or focused Gaussian amplitude distribution takes
the form of a Gaussian beam in the limit of an infinite aper-
ture, so that a— % and b— <. In this limit, the pressure field
becomes the Gaussian beam

p(r) — ———d(r.0)

=— j{ eik(r2+§2)/(2§)e—)‘2/(Zﬁi)e"yzl(ﬁz)’ 1)
kG ,a,
where

o (1 - iko?(1/{ = UIF,)

x ko, ’
(22)

_ Q1 -ike (/- 1IF)

y= ko

y

and the scaled parameters 1};, Ey, X, and y are those defined in
Table II for the truncated Gaussian aperture. This is consis-
tent with previous results showing that beams from Gaussian
sources remain Gaussian in shape at all ranges.%”38

C. Error function aperture

One potential apodization design uses an essentially
rectangular amplitude distribution, with tapered edges to re-
duce sidelobes."" A simple mathematical representation for
such apertures is a Gaussian function convolved with a rect-
angle, resulting in an error function amplitude distribution.
This representation has been successfully employed in mod-
eling the nonuniform amplitude distribution of conventional,
nominally nonapodized transducers, and can provide better
agreement with experiment than uniform amplitude
distributions.* The resulting apodization has an effect simi-
lar to the piecewise-continuous “‘step function with ‘smooth’
edge” introduced by Tjgtta and Tj¢tta.4o For the general case
including focusing, the error-function velocity distribution
can be written for the approximations considered here as
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o ikg/2F,)

- —(xp = x0)2/(202.)d
— e X axy
V2mo, J_a

—ikx3/(2F,) + _
=< (erf R ) (23)
2 V20, V20,

for the x direction, and similarly for the y direction in terms
of F, and oy, where o, and o, are nonzero real parameters
that determlne the sharpness of the aperture taper.

The pressure field defined by Eq. (9) can thus be written
for the error function aperture as a product of double inte-
grals,

ik 2+01(22)
p(r) - f f —(xl —xO) /( 20° )
d7o0 W

Ax(xO) =

5 =Tk CF ) pik(xG-2xx0)/(2) dx,dx,

0 b
X f f e~01=30%20})
—wo J —ph

X ¢V RE Gk 0G-2000020) gy, gy (24)

After some algebraic manipulation and exchanging the
order of integration, this can be rewritten as

ik KPP +NRY) K (o B+ )28

pr)=- 471'20'x0y§
% j lj o0 - X (20°5/) dx(,] ei(l:xx%—Zkixl)/(Zg) dx,
b % 5 -
X f J =00 = ) 1T gy, N Gk -2459 )20 gy,
_b —00
(25)
where
7= k(1 =¢F,)
Y 1+ ika?(1/F - 1/0)°
_ X
x = 9
1 +ika?(1/F, = 1/0)
x + ix, &/ (ka?

=T UF 4 ilked)

and Igy, y, and fy are similarly defined in terms of y, y;, F,,
and o,.

The integral over x, from Eq. (25) has the value
V2mo,/Vx/x, while the integral over y, similarly has the
value \’ETO'},/ \%. Equation (25) thus takes a form that is
similar, except for multiplicative terms outside the integrals,
to the integral pressure field expression of Eq. (9). Thus, the
field pressure for the focused error-function aperture is
given, in analogy to Eq. (13), by
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where the multiplicative term ®,(r, ) is defined as

Ik 24 kXl 45 2/k V+ik2(o .fx+o§i_v)/§]/(2g)
d,(r,0) = (28)
‘ \r’x/f\/yTi

and Ex, l;\ X, and y are defined by Eq. (26). For an error
function aperture that is unfocused in one or both dimen-
sions, the field pressure under the Fresnel approximation is
given by Egs. (27) and (28) with either or both of the focal
lengths set to infinity, so that F,— o or F\y— < in the defi-
nitions from Eq. (26).

Thus, the pressure field of a focused or unfocused error-
function aperture is functionally similar to that for other rect-
angularly symmetric sources, except for different scaled
wave number and azimuthal distance parameters and a
position-dependent multiplicative term. In the limit o, —0,
0,—0, Eq. (27) reduces to the pressure field of a similarly
focused or unfocused, uniform rectangular source.

lll. NUMERICAL RESULTS

Since the general field expressions described earlier are
exact, closed-form solutions of the Rayleigh integral under
the Fresnel approximation, their accuracy depends mainly on
the validity of the Fresnel approximations employed. To
characterize the accuracy of the Fresnel approximations de-
rived here, the field expressions derived earlier were com-
pared with the impulse response method for three unfocused,
uniform rectangular sources with dimensions relevant to ul-
trasonic applications. Accuracy of these field expressions, as
a function of the source geometry and field position, should
be comparable in the case of more complicated, apodized
and focused apertures, for which the impulse response
method is not applicable in general.

The computations reported here employed a wave num-
ber k=20 rad/mm, corresponding to a wavelength of
0.31 mm and a frequency of 5 MHz for radiation into water.
The three sources examined included a small element with
half-widths @=0.5 mm and 5=0.25 mm (surface area
32N X 1.6\), a linear array element with ¢=5.0 mm and
b=0.15 mm (area 32\ X 1\), and a rectangular source with
a=5.0 mm and »=2.5 mm (area 32\ X 16\). In each case,
fields for unfocused rectangular apertures were computed us-
ing Eq. (13) with X=x, y=y, and sz=lzy=k for each for the
four Fresnel approximations (4)—(7).
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For comparison, fields were computed at the same points
using direct numerical evaluation of the impulse-response
integral for time-harmonic excitation. The form used was the
pressure impulse response derived by McGough, in which
numerical conditioning is improved by subtraction of singu-
larities that appear in the usual impulse-response integral,
resulting in greater accuracy at lower computational cost.'®
The resulting field can be written for any point in space as

+sgn(|b| -
(29)

|x])sgn(|b] -

where sign is the signum function and [ is an integral term
computed numerically, defined as

I( l)_ L J<I eikdz2+o2+s2—€ikxd
U= 2w g 0 o+ s 7

s QNP+ _ ik
+1 f SEERE— - (30)
0 o+

+sgn(la| -

Both the Fresnel approximation of Eq. (13) and the nu-
merical solution of Egs. (29) and (30) were implemented
directly on a commercial software package (MATHEMATICA
5.2, Wolfram Research), using complex error function and
numerical integration routines provided in that package. The
computation time required, for MATHEMATICA 5.2 under
Linux on an AMD Athlon 64 3000+ processor running at
1.8 GHz, averaged 1.7 X 10 s per point for the Fresnel ap-
proximations and 1.2X 1072 s per point for direct numerical
evaluation of the impulse response integral. Since these com-
putation times were obtained using direct implementation of
the respective formulas in a high-level, interpreted software
language designed for high numerical precision, either
method can achieve significantly greater performance when
optimized for speed. With the Fresnel approximations de-
rived here, comparable computational efficiency will also be
obtained for any aperture with apodization and focusing
characteristics described by Eq. (10), including cases for
which the impulse response method may not be tractable.

Validity of the Fresnel approximations considered here
can be qualitatively depicted, as a function of spatial position
and transducer geometry, by representative computed fields.
Figure 2 shows fields computed with the impulse-response
integral and the four Fresnel approximations over a plane
spanning 30 X 30 mm? at a range of 10 mm, displayed with a
40 dB dynamic range. These field plots illustrate the nature
of each Fresnel approximation, with patterns corresponding
to diffracted spherically spreading waves ({=r), diffracted
plane waves ({=z), or diffracted cylindrically spreading
waves ({=w, and {=w,).

In Fig. 2(a), illustrating the field of a small element, the
Fresnel approximation based on diffracted spherical waves
(¢=r) captures the detailed field features accurately, while
the other Fresnel approximations poorly represent the field in
this case. In Fig. 2(b), showing the field of a linear array
element, the field is accurately depicted by the Fresnel ap-
proximations associated with diffracted spherically spreading
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FIG. 2. Aperture velocity distributions and computed pressure fields at a
range of 10 mm for three apertures with wave number k=20 rad/mm. Com-
puted pressure magnitudes are shown on a logarithmic grayscale with 40 dB
dynamic range. Each plot shows a region of size 30X 30 mm?. Top left:
Aperture velocity distribution. Bottom left: Reference field from numerical
solution of the impulse-response integral. Computed fields from the four
Fresnel approximations considered are arranged with {=r (diffracted spheri-
cal wave) at top middle, {=z (diffracted plane wave) at top right, {=w,
(diffracted yz-plane cylindrical wave) at bottom middle, and {=w, (dif-
fracted xz-plane cylindrical wave) at bottom right. (a) a=0.5 mm,
b=0.25 mm. (b) a=5.0 mm, »=0.15 mm. (¢) a=5.0 mm, b=2.5 mm.

waves ({=r) and with diffracted cylindrically spreading
waves around the element’s long axis ({=w,), while the
other Fresnel approximations are inaccurate for this source
geometry. It may be noted that at this range, the {=r approxi-
mation more closely resembles the low-level detail of the
linear-array element field, even though the {=w, approxima-
tion achieves better overall quantitative accuracy, as shown
in Fig. 3. Figure 2(c), which shows fields computed for a
large rectangular element, shows that all four Fresnel ap-
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FIG. 3. Computed rms error for four Fresnel approximations and three
aperture configurations, plotted as a function of range z for a wave number
k=20 rad/mm. In each panel, logarithmic plots are shown for both the rms
complex pressure error, {|p—pret)/{|prerl)> and the rms pressure magnitude
error, {|p|=|pred){|Preil)> as defined in Egs. (31) and (32). (a) a=0.5 mm,
b=0.25 mm. (b) a=5.0 mm, b=0.15 mm. (¢) a=5.0 mm, b=2.5 mm.

proximations properly depict the collimated main beam. The
low-level field details in this case are captured partially by
each of the four Fresnel approximations. In all cases, the
regions of greatest computational accuracy are consistent
with those listed in Table I for each Fresnel approximation.

The quantitative accuracy achieved by each of the four
Fresnel approximations is illustrated in Fig. 3 for the three
source configurations shown in Fig. 2. In each case, fields
were computed using the four Fresnel approximations over a
three-dimensional region spanning from 0.2 to 50 mm in
range (z) and 0—10 mm in the elevation and azimuthal di-
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rections (x and y), with a spatial step size of 0.2 mm in each
direction. The rms error for the complex pressure field in
each z plane was defined as

2 X Ip() - )
2 E |pref(r)|2
x oy

<|p _pref|> _

T : 31

where p(r) is the complex pressure wave field computed
using a Fresnel approximation and p,.(r) is the complex
pressure wave field computed using direct numerical solution
of the impulse-response integral. Similarly, the rms error for
the pressure magnitude was defined as

2 2 (pm)] = [prer(r)])?
X oy
2 2 |pref(r)|2

<|p| - |pref|> _

<|pref|> (32)

The error results shown in Fig. 3 illustrate how the ap-
plicability of each approximation varies depending on the
source configuration as well as the range of interest. For the
small source (a), the Fresnel approximation based on spheri-
cal spreading ({=r) is the most accurate at all ranges. For the
linear array element (b) and the larger rectangular source (c),
the {=r approximation provides the most accurate results at
larger ranges, but near the source more accurate results are
obtained by the Fresnel approximation corresponding to the
source geometry. For the linear array element (b), the dif-
fracted cylindrical-wave approximation ({=w,) is the most
accurate near the source, while for the rectangular source (c)
the diffracted plane-wave approximation ({=z) is the most
accurate near the source.

In all cases, choice of the most appropriate approxima-
tion yields pressure fields with complex pressure errors on
the order of 10% or less and magnitude errors of several
percent, except for points very near the transducer surface.
This performance is consistent with previous results demon-
strating amplitude and phase errors of 1% to 2% for the
Fresnel approximation applied to collimated beam propaga-
tion within the near field.*' This level of accuracy is suffi-
cient for many practical ultrasound applications. Comparable
accuracy can be expected for other, more general source dis-
tributions of the form given by Eq. (10).

The Fresnel approximation methods described here pro-
vide simple analytic expressions for pressure fields from
many aperture configurations, including various amplitude
distributions and independent azimuthal and elevation focus-
ing. These features are illustrated in Figs. 4—6, which illus-
trate the fields of 10X 10 mm? rectangular apertures with
uniform and error-function apodizations, focused at a dis-
tance of 20 mm in an attenuating medium. The wave number
employed was k=20+0.0288i rad/mm, corresponding to a
5 MHz frequency for radiation into a water-like medium
with a tissue-mimicking attenuation of 2.5 dB/cm. Figure 4
shows the on-axis pressure magnitude for the uniform, fo-
cused rectangular aperture case (o=0), computed both by the
Fresnel approximation ({=r) and by direct numerical evalu-
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FIG. 4. On-axis pressure magnitudes, computed using the Fresnel approxi-
mation and numerical evaluation of the Rayleigh integral, for a 10
X 10 mm? aperture with a focal length of 20 mm in both the x and y direc-
tions and a wave number of 20+0.0288i rad/mm.

ation of the Rayleigh integral [Eq. (1)], both with the qua-
dratic focusing phase specified by Eq. (17). In the software
package employed (MATHEMATICA 5.2, with the above-
described computer configuration), the required computation
time for this plot was 0.63 s for the Fresnel approximation
and 3.7 X 10° s for direct evaluation of the Rayleigh integral.
The Fresnel approximation predicts the peak position in this
case with less than 3% error and the peak pressure magnitude
with less than 2% error. Positions of local, diffraction-
induced peaks and nulls are less accurate for small axial
distances where the Fresnel approximation is less valid.

To illustrate use of the solutions presented here for com-
putation of source apodization effects, the focused aper-
ture configuration used for Fig. 4 can be compared to
error-function apodized sources of the same dimensions.
The four error function apodizations employed, ranging
from no apodization (=0 mm) to significant smoothing
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FIG. 5. Error function apodizations used in the test computation for a fo-
cused aperture. The parameter 0=0 mm corresponds to a rectangular aper-
ture while increasing o results in greater smoothing of the source amplitude
distribution.
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FIG. 6. Three-dimensional pressure fields for the four error function apodizations of Fig. 5, applied to a 10X 10 mm? aperture with a focal length of 20 mm
in both the x and y directions and a wave number of 20+0.0288i rad/mm. Each panel shows a rendering of the pressure magnitude isosurface at a level 36 dB
below the peak (left) as well as the xz-plane pressure magnitude, logarithmically scaled and superimposed on a half-space —36 dB isosurface rendering (right).

(0=0.75 mm), are plotted in Fig. 5. Isosurface renderings
and xz-plane cross sections of pressure magnitudes for the
four apodization conditions, computed using Eq. (27) with
{=z, are displayed in Fig. 6. As the parameter o increases,
the rectangular aperture is increasingly smoothed, causing
the sidelobes to fall markedly while the width of the main
lobe remains essentially constant.

IV. DISCUSSION

The approximations described here should be useful for
large-scale computations of radiated acoustic fields, as well
as for further analytic studies. Several aspects concerning the
practical application of these methods are discussed here.

A. Accuracy and efficiency of computations

As illustrated by Figs. 2 and 3, accuracy of computations
can be affected by the choice of Fresnel approximation em-
ployed. The numerical results reported here suggest that the
Fresnel approximation based on diffracted spherically
spreading waves ({=r) provides the most accurate results for
a variety of source configurations, if the distance of interest
is more than several source diameters from the center of the
aperture. For distances less than several source diameters, the
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appropriate choice of approximation depends on the source
configuration. For sources that are much longer in one di-
mension, the most appropriate Fresnel approximation near
the source is based on diffracted cylindrical waves centered
on the long axis of the source, e.g., {=w, for the source
configuration shown in Fig. 2(b). For sources that are large
compared to the wavelength in two dimensions, the most
appropriate Fresnel approximation near the source represents
the field as a diffracted plane wave ({=z).

The absolute accuracy achievable using the Fresnel ap-
proximations is good, with relative errors on the order of
10% near the source, and errors of less than 1% at distances
large compared to the source dimensions. Thus, these ap-
proximations should be suitable for many ultrasound appli-
cations, including characterization of beam patterns for dif-
fraction correction in  scattering and attenuation
measurements and simulation of ultrasound imaging meth-
ods. For simulation of ultrasound imaging methods,*”" accu-
rate depiction of low-level detail in ultrasound beams may be
particularly important, in which case the Fresnel approxima-
tion describing diffracted spherical waves ({=r) may be
most appropriate throughout the region of interest. The meth-
ods provide increased accuracy when only the pressure mag-
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nitude is of interest, as is the case for many applications such
as simulation of heating caused by therapeutic ultrasound
arrays.lf3

The numerical efficiency of the Fresnel approximations
shown here is excellent, although definitive optimization of
computation speed is beyond the scope of the present paper.
Since pressure fields for all the apertures considered have
been expressed in closed form in terms of the error function
and Fresnel integral, available methods for optimizing com-
putation of these special functions*** would further improve
the efficiency of the pressure computations. For example,
both the Fresnel integral and the complex error function can
be evaluated accurately using rational alpprO)girllzltions,32’43
which can be used to compute these special functions using
only a few arithmetic operations at each point.

B. Extension to other configurations

The methods described here provide explicit analytic
formulas for the time-harmonic fields of rectangularly sym-
metric, unfocused or focused apertures with a variety of sur-
face velocity distributions. These formulas can be employed
to compute fields for more complex configurations including
radiation from arrays of rectangularly symmetric elements
and from pulsed sources.

Radiation from transducer arrays composed of rectangu-
larly symmetric elements can be simulated by computing the
field from each individual element in a coordinate system
originating from the element center, and superposing the
fields with the desired amplitude and phase weighting. This
process has been described elsewhere®'” and has been shown
to result in good agreement between computed and measured
array fields.**

The Fresnel approximations described here are based on
the frequency-domain Rayleigh integral, so that they are di-
rectly applicable to continuous-wave sources. Many ultra-
sound applications, such as modeling of ultrasound
ablation,'™ continuous-wave imaging systems,5 and analysis
of scattering measurements,” ' require only computation of
continuous-wave radiated fields. Fields of narrow-band (e.g.,
tone burst) sources can also be closely approximated by
these single-frequency fields, using amplitude envelopes
specified by the source wave form and the acoustic travel
time to the field point.45 Thus, for a source wave form

u(t) =w(t)e ™,
the time-domain pressure field is given approximately by
p(r,t) =Re[p(r)w(t - {/c)e ], (33)

where p(r) is a single-frequency pressure field as given by
Egs. (9), (13), or Eq. (27), and ¢ is the nominal propagation
distance for the Fresnel approximation employed (e.g., {=z
for a diffracted plane wave, {=r for a diffracted spherical
wave, and {=w, or {=w, for a diffracted cylindrical wave).

For wideband sources such as ultrasonic array elements
excited by short pulses, time-domain pressure fields can be
obtained from the approximations derived here by computing
separate frequency components and performing an inverse
temporal Fourier transform of the field at each spatial point.
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This process is most efficient for relatively narrow-band sig-
nals, for which the field can be accurately characterized us-
ing a small number of temporal frequency components.

V. CONCLUSION

This work has provided analytic expressions for the
acoustic fields of a wide variety of baffled, rectangularly
symmetric sources, including focused and unfocused aper-
tures with various forms of amplitude apodization. All of
these analytic expressions can be expressed in a form similar
to the previously derived field of an unfocused rectangular
piston, and are valid for several different instances of the
Fresnel approximation. Given the choice of the Fresnel ap-
proximation most suited to the source geometry and field
region of interest, the analytically determined fields accu-
rately approximate the true radiated fields, allowing both
field computations and further analytic study of radiation
from rectangularly symmetric sources.
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Liquid jet response to internal modulated ultrasonic radiation

pressure and stimulated drop production
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Experimental evidence shows that a liquid jet in air is an acoustic waveguide having a cutoff
frequency inversely proportional to the jet diameter. Ultrasound applied to the jet supply liquid can
propagate within the jet when the acoustic frequency is near to or above the cutoff frequency.
Modulated radiation pressure is used to stimulate large amplitude deformations and the breakup of
the jet into drops. The jet response to the modulated internal ultrasonic radiation pressure was
monitored along the jet using (a) an optical extinction method and (b) images captured by a video
camera. The jet profile oscillates at the frequency of the radiation pressure modulation and where the
response is small, the amplitude was found to increase in proportion to the square of the acoustic
pressure amplitude as previously demonstrated for oscillating drops [P.L. Marston and R.E. Apfel,
J. Acoust. Soc. Am. 67, 27-37 (1980)]. Small amplitude deformations initially grow approximately
exponentially with axial distance along the jet. Though aspects of the perturbation growth can be
approximated from Rayleigh’s analysis of the capillary instability, some detailed features of the
observed jet response to modulated ultrasound are unexplained neglecting the effects of gravity.
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I. INTRODUCTION

The coupling of modulated ultrasonic radiation pressure
with the capillary modes of a liquid jet described in the
present paper extends earlier research on modulated radiation
pressure. Marston and Apfell’2 drove shape oscillations of
liquid drops surrounded by an immiscible host liquid using
modulated ultrasonic radiation pressure. Marston® analyzed
the coupling for the case where the ultrasonic wave has two
sidebands (with a suppressed carrier) so that the radiation
pressure oscillates at a single frequency. Modulated radiation
pressure was later used by Trinh et al* to study the decay of
oscillations following the removal of the modulated radiation
pressure and the steady-state oscillation mode spectrum of
drops. Other studies of radiation pressure induced shape os-
cillations of drops surrounded by an immiscible host liquid
include Marston and Goos.by5 and Hsu and Apfel.6 Holt et
al.” discuss observation of radiation pressure induced oscil-
lations of drops in air. Modulated radiation pressure also pro-
vides a method for controlled excitation of the capillary
modes of bubbles in water.” This was experimentally dem-
onstrated by Asaki et al.® A refined method of detecting the
free decay of shape oscillations was used by Asaki and
Marston’ to compare with a theory for boundary layer damp-
ing based on a generalization of the approach in Marston.”
Modulated radiation pressure has also been shown an effec-
tive way of selectively exciting the hydrodynamic capillary
modes of liquid bridges suspended between two fixed
supports.10 Acoustic radiation stresses have also been used to
suppress the capillary break up of slender liquid bridges in
situations where it was not previously possible to suppress
break up by other hydrodynamic means.
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The instability of a liquid jet issuing from a nozzle as a
cylinder is one of the classic problems in physics and cur-
rently has great practical and industrial importance in atomi-
zation, ink jet printing, fuel injection, particle sorting, and
polymer fiber spinning. The phenomenon of jet break up was
studied experimentally by Savart'? and studied theoretically
by Plateau,”” Maxwell,'* and Rayleigh15 and extended by
Chandrasekhar'® and others for a viscous fluid. From the
consideration of surface energy, Plateau derived the mini-
mum capillary wavelength for a disturbance to be unstable
on an infinitely long liquid cylinder as A,,;,=m7D, where D
=2a is the liquid jet cylinder diameter. For an inviscid, in-
compressible, cylindrical liquid jet sprayed into a vacuum,
Rayleigh derived the optimum wave number for a distur-
bance to be most unstable as k,,=0.697/a. Donnelly et al."
presented elaborate experiments on the instability of a liquid
jet supporting Rayleigh’s calculation. Lin'® and Pan and
Suga19 review a wide range of jet breakup processes. Unlike
the jets considered here, in high velocity jets the interaction
with the surrounding gas influences drop production.

Acoustically stimulated break up of liquid jets has been
used experimentally by various investigators to produce
droplet streams.”**" For instance, Berglund and Liu® de-
vised a system now commonly known as the Berglund-Liu
aerosol generator that produces droplets at a frequency ap-
proximately equal to the vibration frequency of a piezoelec-
tric ceramic coupled to the jet. While there are several ar-
ticles in the literature about the growth rate of the instability,
none of those actually made use of modulated ultrasonic
radiation pressure as the source of the perturbation of the jet.
In our experiment, we devise a quite different system to be
described in Sec. III that employs modulated ultrasonic ra-
diation pressure. In this system, the high frequency ultra-
sonic wave is applied and is modulated at a frequency suit-
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FIG. 1. Experimental setup for studying the instability of a water jet and
detecting the ultrasonic signal transmitted through the water jet. In studying
the jet instability, the cylindrical container is removed so that the jet is
directly impinging on the bottom tank.

able for coupling to
production rates.

Another relevant property of a liquid jet is its ability to
act as an acoustic waveguide. J acobi® analyzed the uniform
liquid cylinder waveguide with various nondissipative
boundary conditions. He calculated the field patterns, phase
velocities, and cut-off frequencies for the natural modes of
propagation in the cases of a liquid cylinder with rigid walls
and of a liquid cylinder with pressure-release boundary
walls, to mention a few. While he presented experimental
measurements of phase velocities, he did not report any di-
rect experimental verification of an acoustic cut-off fre-
quency in the liquid cylinder. Recent investigations of ultra-
sonic radiation forces within cylindrical waveguides have
emphasized the case where the waveguide had a solid elastic
wall.”

The purpose of this paper is to: (a) describe a technique
of generating drops that exploits modulation of ultrasonic
radiation pressure, (b) provide direct experimental evidence
of the acoustic cut-off frequency in a liquid jet waveguide,
(c) demonstrate the second-order effect of the drive voltage
on the amplitude of jet oscillation analogous to the case of
bubble and drop oscillation previously studied, and (d) report
other aspects of the jet response revealed using a light ex-
tinction method. A related analysis of modulated radiation
stress in Refs. 1 and 2 is generalized to the case of a liquid
cylinder in the Appendix.

relatively low-frequency drop

Il. EXPERIMENTAL SETUP

Two plastic tanks are used in this project where one is
placed directly above the other as depicted in Fig. 1. A hole
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is made at the bottom of the upper tank where a nylon plate
of 25.4 mm diameter is glued. A 3.57-mm-diam orifice is
drilled through the nylon plate. A piezoelectric PZT ring
transducer slightly smaller in diameter than the nylon plate is
glued concentrically at the top of this plate. The PZT ring
had a thickness of 0.6 cm, and outside and inside diameters
of 3.5 and 1.4 cm, respectively. The flat sides of the ring
were plated with electrodes. For most experiments, the water
jet empties from the upper tank through the orifice and im-
pinges on the lower tank. Ultrasound from the piezoelectric
ring transducer is coupled to the liquid jet through the orifice.
The volumetric flow rate is 5.1 cm®/s. The water is pumped
back up to the upper tank by way of a separate reservoir
which removes pump related fluctuations. A diagnostic
broadband transducer placed a few millimeters above the
ring transducer is used to reflect the sound beam back to the
latter creating acoustic resonance. It is also used for the pur-
pose of monitoring the signal. Additional information on the
use of these transducers and on the method of driving the
source transducer will be described subsequently.

For the purpose of demonstrating the cutoff frequency
through the jet, a 15.2-cm tall cylindrical container with
6.4-cm radius is temporarily placed inside the lower tank.
The jet impinges at the center of the filled container. A
curved broadband transducer is situated at the center of the
cylindrical container about 2 cm below the water surface. It
is facing upward to detect the transmitted signal through the
jet.

Without any applied perturbation or special preparation,
a liquid jet tapers as it falls and eventually breaks up into
drops. We achieve a longer jet by: (a) placing 6-mm-diam
glass beads in the upper tank to dampen disturbances within
the flow, (b) mounting the entire experimental setup on a
table that mechanically isolates the setup from building vi-
bration, and (c) putting a rubber sheet underneath the bottom
tank that isolates the mechanical vibration caused by the im-
pinging water jet.

The principal electronic components used to excite the
PZT transducer will now be summarized. The voltage from
an SRS DS345 function generator was attenuated and then
amplified by an EIN model A150 linear power amplifier. The
output was applied directly to the PZT transducer. Because
of the broad bandwidth of the transducers, in some of the
experiments the applied voltage was as large as 90 V peak.
The function generator was operated either in a CW mode
(as in Sec. IV) or in a double-sideband-suppressed carrier
(DSSC) mode (as in Secs. III and V). As reviewed in the
Appendix, DSSC signals consist of two sidebands. They may
be expressed as the product cos(27f.t)cos(27f,t) where the
signal at frequency f, is supplied by a separate modulation
oscillator.

lll. STIMULATED DROP PRODUCTION

A modulated radiation pressure with the ultrasonic car-
rier frequency near to or above the cutoff frequency was
found to excite varicose modes of the liquid jet. Large drive
amplitudes trigger the break up (see Fig. 2) into droplets at
the radiation pressure oscillation frequency rather than at (or
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FIG. 2. Display of jet images showing the quiescent jet (a) when no ultra-
sound is applied and the onset of break up shown in (b) when an oscillating
radiation pressure is applied and the break up 1.67 ms later shown in (c).
The frequency of the radiation pressure oscillation is 94 Hz and the carrier
frequency is 680 kHz. The distance of both image midsections from the
nozzle is 8.3 cm and the nozzle velocity is 51.2 cm/s.

near) the ultrasonic carrier frequency as in the case of
Berglund-Liu aerosol generator that produces drops through
the vibration of a piezoelectric ceramic at the orifice. This is
a significant finding because it applies to relatively low-
frequency drop production. Furthermore, by using modulated
radiation pressure it is relatively easy to alter the drop pro-
duction rate by shifting the modulation frequency. An advan-
tage of using modulated radiation pressure to drive the jet
has to do with the ability to maintain a constant forcing
amplitude as the modulation frequency is changed. For
DSSC modulation with orders of magnitude difference be-
tween the carrier and modulation frequency, the frequency at
which the electromechanical system is driven is nearly con-
stant over a broad range of modulation frequencies. This
would allow a resonant mechanical drive to be kept on reso-
nance as the drop production rate is changed. In the example
shown in Fig. 2 DSSC modulation is used with peak applied
transducer voltage of 90 V.

IV. ACOUSTIC WAVEGUIDE MODES AND CUTOFF

The treatment of a liquid cylinder as an acoustic wave-
guide has been theoretically explored.22 In the present appli-
cation, the jet radius decreases as the jet accelerates verti-
cally downward due to gravity. Nevertheless, a similar
treatment can be used to calculate the cutoff frequency f,,
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below which the ultrasonic transmission down the jet is
greatly reduced. The predicted f,, will be compared with the
experimental value.

The acoustic pressure amplitude of a single mode within
a liquid cylinder can be expressed as the real part of

Pnj = Aann(knjr)@i(anJZ)e_iwt, (1)

where A,; is a constant to be found from the boundary con-
ditions, 6 is the azimuthal angle, J, is the nth order cylindri-
cal Bessel function of the first kind, k,; is the radial wave
number associated with J,,, r is the radial coordinate, g; is the
axial wave number of the (n,7) mode, j is the radial index, z
is the axial coordinate, and w is the angular frequency. The
radial and axial wave numbers are related to each other as
shown by

® 2
(;) = (k,))*+ B;. (2)

where ¢ is the acoustic velocity in the waveguide. If the
liquid cylinder is in the air, the pressure release boundary
condition applies approximately.22 For an axisymmetric
mode n=0, this condition requires that Jy(k;a)=0 or k;
=a;/a, where a; and a are the jth root of J, and the cylinder
radius, respectively. At cutoff, this axisymmetric mode has
B;=0, and Eq. (2) is reduced to w,,/c=a;/a. Taking the first
root of J, the lowest cutoff frequency for the axisymmetric
mode is thus given by

¢ 24048

27T a

3)

co=
The preceding equation shows that the cutoff frequency is
inversely proportional to the radius of a cylindrical liquid jet
in air. Liquid jets in normal gravity are tapered. When ap-
plied to such a liquid jet, for the purpose of finding the cutoff
frequency for transmission down the jet a becomes the mini-
mum jet radius.

The validity of Eq. (3) was verified by sending an acous-
tic signal from the upper liquid reservoir down through the
jet whose minimum radius close to the water surface in the
lower reservoir was about 1.0 mm so that Eq. (3) predicts
feo=566 kHz. This radius is measured at the first trough from
the liquid surface formed by standing capillary waves cap-
tured by a video camera shown in Fig. 3(a). (Localized low
amplitude standing capillary waves are known to occur when
a jet enters a reservoir.”*) The frequency of the signal is
increased from 300 to 800 kHz in increments of 0.5 kHz.
The amplitude of the transmitted signal as a function of fre-
quency is shown in Fig. 4. This was extracted with a two-
phase lock-in amplifier (PAR model 5202). The observed
transition at 554 kHz is consistent with Eq. (3) considering
the uncertainty of 0.1 mm in the minimum diameter.

V. OPTICAL DETECTION OF THE JET RESPONSE

A. Light-extinction method

A laser beam is employed to illuminate the water jet. A
horizontal slit is used to block part of the circular beam to
produce a horizontally planar beam shown in Fig. 5. This
rectangular beam impinges on the jet and is partially scat-
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FIG. 3. (Color online) (a) An image of the jet impinging on the surface of
the bottom reservoir showing the measured local diameter used to calculate
the cutoff frequency. (b) The first of a series of 39 images of the jet showing
the selected maximum and minimum diameters. Since these diameters
change position with time as a surface wave propagates, these images are
used to calculate the wave velocity and temporal growth rate of the pertur-
bation.

tered. The unscattered light makes its way through a convex
lens and then to a photodetector. The signal collected by the
photodetector is analyzed with the aid of a two-phase lock-in
amplifier (SRS model SR530). The reduction in the power of
the detected light is approximately proportional to the instan-
taneous local radius of the jet where it is assumed that the
planar laser beam has uniform intensity. Hence, the ampli-
tude of the oscillation of the jet is proportional to the oscil-
lation in the detected optical power. This pseudoextinction
scheme was previously employed by Stroud and Marston®
to detect transient bubble oscillations. Additional discussion
of the optical principles can be found in that paper.

The ultrasound employed in this experiment is modu-
lated. The modulation is achieved by multiplying a high-
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FIG. 4. Plot of the amplitude of the transmitted acoustic signal through the
water jet as a function of the frequency. No significant acoustic signal is
picked up by the detector transducer for carrier frequencies below 554 kHz.
The jet radius at the water surface in the bottom tank is approximately
1.0 mm. “a.u.” denotes arbitrary unit.
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FIG. 5. (Color online) Schematic diagram of a light-scattering method used
to detect the jet response. The photodetector is connected to a lock-in am-
plifier that is not shown.

frequency signal (0.30—1.0 MHz, subsequently referred to as
the carrier) and a low-frequency signal f,, (10—100 Hz) re-
ferred to as the modulation. When such a signal is amplified
and applied to a linear ultrasonic transducer it has been
shown'? that the resulting radiation pressure oscillates at a
frequency 2f,, called the radiation pressure oscillation fre-
quency, and that the oscillation of radiation pressure ampli-
tude is proportional to the square of the drive amplitude. (See
also the Appendix.) Consequently, the lock-in amplifier ref-
erence signal is set to f=2f, where f, is the oscillator fre-
quency.

B. Jet response to varying drive voltage

The carrier and modulation frequencies are maintained
at 680 kHz and 47 Hz, respectively. The carrier frequency
chosen is a characteristic resonance frequency of the ring
transducer while the significance of the modulation fre-
quency selected is noted in the succeeding section. The drive
voltage V, of the SRS generator is increased by 0.1 V from
0.1 to 2.0 V while the laser beam is illuminating the water jet
at a fixed distance from the orifice. The jet response is mea-
sured as a function of the drive voltage. This enables us to
determine the dependence of the amplitude of jet oscillation
on the acoustic drive. Figure 6 shows that the amplitude of
oscillation as a function of the square of the drive voltage has
the predicted linear relationship.

C. Axial growth of the oscillation amplitude

To study the growth rate of the amplitude of jet oscilla-
tion, the laser beam is used to illuminate the jet at a distance
7.0 cm below the orifice. The nozzle velocity of the jet de-
termined from the volumetric flow rate is 51.2 cm/s. The
response of the jet is measured as a function of the modula-
tion frequency while the drive voltage V, and the carrier
frequency are kept constant at 1.5 V and 680 kHz, respec-
tively. This measurement of the jet response to the modula-
tion frequency is repeated a few times as the axial distance is
increased by 0.76 cm each time farther down the jet. The
results plotted and shown in Fig. 7 show that the response is
maximum at the same modulation frequency of 47 Hz for all
of the distances observed. This corresponds to 94 Hz radia-
tion pressure oscillations. Figure 7 also shows that the per-
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FIG. 6. Plot of the amplitude of jet oscillation as a function of the square of
the SRS generator drive voltage.

turbation grows with increasing distance from the nozzle.
Further analysis shows that this perturbation grows exponen-
tially as depicted in the semilog plot in Fig. 8 for the data
taken at 47 Hz.

D. Photography method

Another method employed to investigate the response of
the water jet is by the use of a high speed digital video
camera (Phantom v4.2, Vision Research Inc.) capable of pro-
cessing 3000 frames/s for a 512 X 128-pixel viewing screen.
The water jet is subjected to the same condition as in Sec.
V C, namely: orifice velocity 51.2 cm/s, a carrier frequency
of 680 kHz, and voltage V, of 1.5 V. In addition, the modu-
lation frequency is kept at 47 Hz. Movies with a frame rate
of 1076 frames/s taken at almost the same segment of the jet
as before are converted into a series of still images and ana-
lyzed. The top and the bottom of each frame are 6.0 and
10.5 cm from the orifice, respectively. Adjacent local maxi-
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FIG. 7. The dependence of the amplitude of jet oscillation on the oscillator
frequency. Frequency scans are shown for five different axial distances from
the orifice beginning at 70.0 mm and incremented by 7.6 mm. The symbols
used for different axial distances are identified in the box. The vertical line
is at an oscillator frequency of 47 Hz, which is the frequency used in Fig. 8.
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FIG. 8. The dependence of the local amplitude of jet oscillation on the axial
distance from the nozzle. The data are taken from the plot in Fig. 7 at an
oscillator frequency of 47 Hz (corresponding to a radiation pressure fre-

quency of 94 Hz). The slope of this semilog plot yields the spatial growth
rate of the amplitude of oscillation.

mum and minimum radii of the jet are chosen from the video
records and then measured to determine the amplitude of
oscillation.

The amplitude of jet oscillation is calculated from the
difference between the maximum and minimum radii shown
in Fig. 3(b). The growth of the amplitude is monitored by
tracking these local extrema as time progresses from a series
of 39 images. The amplitude is plotted in a semilog plot as a
function of time displayed in Fig. 9. This plot is similar to
one obtained by Donnelly and Glaberson'’ using direct low
frequency excitation of a jet. Measurement of the wave ve-
locity with respect to the laboratory frame is also performed
from this series of images by measuring the position of the
chosen local maximum radius as a function of time and re-
sults are plotted as shown in Fig. 10.
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FIG. 9. Plot of the amplitude of the jet perturbation in a convected frame vs
elapsed time determined from 39 frames of a video record of the jet similar

to the frame shown in Fig. 3(b). The camera used is adjusted to give a
resolution of 9.5 pixels/mm and a frame rate of 1076/s.

Lonzaga et al.: Jet response to modulated radiation pressure 3327



50—

401

9]
(=)
T

position, mm
ny
o

10t

20 30 40 50
time, ms

FIG. 10. Plot of the position of a chosen local maximum radius of the jet
from 39 frames of a video record as a function of time. The reference
position is taken to be the bottom of each frame. The slope yields the
velocity of the capillary wave.

VI. DISCUSSION

Figure 2 shows the effect of the applied modulated ra-
diation pressure on the liquid jet. In both frames, the nozzle
velocity is 51.2 cm/s and the distance of the image midsec-
tion from the nozzle is 8.3 cm. The jet assumes an approxi-
mately cylindrical shape without applied ultrasound as
shown in Fig. 2(a). When modulated sound with an oscillator
frequency of 47 Hz is applied, the jet perturbation oscillates
[Fig. 2(b)] at the frequency of 94 Hz, twice the oscillator
frequency. The resulting jet break up shown in Fig. 2(c) can
be enhanced by increasing the drive voltage. Shown in Fig.
6, the oscillation amplitude increases linearly with the square
of the drive voltage. This agrees with prior results for levi-
tated drops2 and with the generalization to a liquid cylinder
in air given in the Appendix.

Without modulation and with low enough acoustic am-
plitude, the jet can act as an acoustic waveguide. Figure 4
shows that there is no significant signal transmitted below a
carrier frequency of 554 kHz. The fine peaks in the ampli-
tude of the transmitted signal are caused by the acoustic reso-
nances of the water-filled cylindrical glass container in the
lower tank. The amplitude of these peaks is modulated (ap-
proximate spacing of 70 kHz) by a resonance between the
face of the detector transducer situated inside the container
and the water surface. While the pair of ring and diagnostic
transducers in the upper tank also have resonances, the width
of the resonance frequencies are so wide (about 170 kHz)
that they can hardly be noticed in the plot. The radius of the
jet close to the surface of the water in the bottom tank is
approximately 1.0 mm. Equation (3) predicts the cutoff fre-
quency to be 566 kHz at this radius. Thus, the experimental
cutoff frequency agrees well with the predicted value. The
discrepancy could be attributed to the uncertainty of mea-
surement of the jet radius. This confirms that the jet acts like
a cylindrical waveguide having a cutoff frequency that is
inversely proportional to the jet diameter.
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The curves displayed in Fig. 7 show the amplitude of jet
oscillation as a function of oscillator frequency for five dif-
ferent axial distances. This family of plots has the highest
peaks at f,=47 Hz with the corresponding radiation pressure
oscillation frequency of 94 Hz. The amplitude of oscillation
at f,, is shown in a semilog plot as a function of axial dis-
tance in Fig. 8. The amplitude of jet oscillation is seen to be
approximately an exponential function of the axial distance.
The slope of this graph yields a spatial growth rate of
0.417 cm™'.

Figure 9 shows the measured amplitude following a spe-
cific wave peak plotted versus time. According to this plot,
the amplitude grows exponentially as a function of time. The
slope of this plot gives the temporal growth rate of 52.84 s~/
The ratio of the temporal to the spatial growth rates is
129.6 cm/s.

Figure 10 is the plot of position of a selected maximum
radius of the jet (see Fig. 3) as a function of time where the
top and bottom of each frame used are about 6.0 and 10.5 cm
below the orifice. The average wave velocity u in this jet
region can be calculated from the slope of this plot and is
approximately 127.0 cm/s. This is very close to the propa-
gating wave velocity determined from the temporal-to-
spatial-growth-rate ratio.

As for the local jet velocity, using Bernoulli’s principle
and neglecting the effect of surface tension on the jet gives
the following approximation for the velocity: v
=voV1+Gz/a, where vy is the orifice velocity, a, the orifice
radius, z the distance from the orifice, and G the inverse
Froude number defined as G=2ga,/ v% where g is the accel-
eration due to gravity. With G=0.133, v(y=51.2 cm/s and
ap=0.179 cm as used in this experiment, the jet velocity at
distances 6.0, 8.3, and 10.5 cm below the orifice are 119.8,
136.9, and 152.1 cm/s, respectively. The wave velocity av-
eraged over the jet segment studied is not only well within
the local velocities of the jet at the top and at the bottom of
this segment, it is also close to the jet velocity at the middle
of this segment. This suggests that the surface wave (pertur-
bation) is approximately stationary in the jet frame.

The significance of the optimum response of the jet at
the radiation pressure frequency of 94 Hz is related to k,ya
=0.697, Rayleigh’s wave number of maximum instability of
a liquid cylinder. Following the finding in the preceding
paragraph, the wave number corresponding to this optimum
response can be expressed as ka=2mfa/u, where f is the
modulation frequency of the radiation pressure, u the wave
velocity just determined, and a the jet radius at the region of
interest measured with a video camera. Substitution of f
=94 Hz, u=127.0 cm/s, and a=0.13 c¢m (the measured local
jet radius) yields ka=0.60. Considering the simplifying as-
sumption that the wave is stationary in the jet frame and
some experimental error, it is suggestive that Rayleigh’s lin-
ear stability analysis, as far as maximum instability is con-
cerned, is relevant to local properties of the freely falling jet.

The ratio of inertia to surface tension in the jet is com-
monly expressed as the Weber number We where We
=pav*/o where o is the surface tension and p the liquid
density. The local Weber number for the jet at the axial po-
sition of the above-noted measurement is approximately 29.
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The maximum spatial growth rate for a constant velocity jet
issuing from a nozzle for this Weber number is predicted by
Keller ef al.”® to occur at a ka very close to that predicted by
Rayleigh15 for the maximum temporal growth rate of an in-
finite stationary liquid cylinder, namely ka=0.697.

Because the quiescent jet is slightly tapered, ultrasound
can propagate close to the nozzle at frequencies significantly
below the cutoff frequency f., of 554 kHz demonstrated in
Fig. 4. Using the nozzle radius of 1.78 mm in Eq. (3) gives a
local f, of 320 kHz near the nozzle. It was verified by mea-
suring the optical response of the jet to modulated ultrasound
that the jet responded with f,, as low as 370 kHz, though in
some cases the response was quite weak.

A noteworthy feature of the laser-based measurements
of the jet response shown in Fig. 7 is the superposed modu-
lation of the response. This modulation corresponds to an
increment of 9 Hz in the modulation oscillator frequency
(18 Hz in the radiation pressure frequency). The cause of
these is unknown. They appear to be outside the scope of
prior investigations because similar measurements of the re-
sponse of low velocity jets are not available.' ™"

Inspection of Fig. 2 and other video records of the
breaking jet reveal a swelling between the crests of the pri-
mary perturbations. The primary perturbation grows into the
large drop visible in Fig. 2(b). The large drops are produced
at the frequency 2f,. Just above the drop in Fig. 2(b) is a
secondary swelling which evolves to produce a smaller drop.
The characterization of the smaller “satellite” drops is out-
side the scope of the present study since Rutland and
Jameson®’ have previously studied them by direct applica-
tion of low-frequency sound in the vicinity of the jet. They
note that the secondary drops are a consequence of a nonlin-
ear hydrodynamic response not considered by Ratyleigh.15

Prior disclosure of some of these results was given at the
148th meeting of the Acoustical Society of America.”®
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APPENDIX: MODULATED RADIATION STRESS ON
JETS

The purpose of this Appendix is to demonstrate the form
of the radial component of radiation stress on a stationary
circular cylindrical liquid column resulting from an internal
axisymmetric guided acoustic wave. The notation is similar
to Sec. II B of Ref. 29. The analysis uses the Brillouin acous-
tic radiation stress tensor St based on an Eulerian description
of the fluid motion. Angular brackets { ) are used for time
averages over a period comparable to the period of the car-
rier frequency of the ultrasonic wave. Imposing DSSC ultra-
sound having a difference in the sideband frequencies (w,
—w,) small in comparison to the frequency of the suppressed
carrier, w.=(w,+;)/2, gives time averages containing a
term which oscillates at (w,—w;) and no other oscillating
terms as shown in the following in Eq. (A4). A linear analy-
sis of the acoustic fields is used in which the acoustic particle
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velocity is denoted by u and the acoustic particle pressure by
p. The Brillouin stress tensor may be written (Ref. 29 and
papers cited therein):

St =({(K) = (V)I- p(uu), (A1)

where I is the unit tensor, (K)=(p/2){u?) is the local average
of the acoustic kinetic energy density, (V)=(p?)/(2pc?) is the
local average of the potential energy density, and p and ¢ are
the density and sound speed in the liquid cylinder, respec-
tively. The radiation stress produces a radial force per area

- B == (K) = (V) + plus)).

Here and in the following, subscripts r and z are used to
denote radial and axial components of u. The external fluid
has negligible density compared with the liquid so the acous-
tic boundary condition is approximated as p=0 so that (V)
=0 and Eq. (A2) gives

r=-¢-S (A2)

= §(<u%> —Gd)). (A3)

Note that evaluation of the analogous expression for sound
internally reflected from a water surface recovers the result
for I' given by Elrod et al.*® For the special case of steady
ultrasound in the absence of gravity, the surface of the liquid
deforms so that I' is balanced by capillary stress. In the case
of a modulated ultrasonic wave considered here, low-
frequency wave motion is executed on the liquid interface.
When this wave motion is small in amplitude, the effect of
the surface motions is neglected in the approximation of the
first-order acoustic quantities # and p. A similar approach is
commonly used for approximating radiation stresses on
weakly deformed drops and bubbles. For a DSSC-modulated
wave, radial and axial components of u are the superposition
u,=u,+u,, and u,=u, +u,, respectively. These are ex-
pressed at the jet’s surface as

U= Ey{e[l]rf(z)e_iwft]’
€ =1,2.

1y =Re[U,o(z)e™"],

Let the index g denote r or z. The required time averages are

1 * —i(wr—w
<u¢21> = 5{|Uq1|2 + |l]z]2|2 + [UqIUqu ()t

+ Uy Ugpe @)}, (A4)
where the final terms are a conjugate pair. It follows that T is
modulated at the difference frequency (w,—w,;) of the ap-
plied ultrasonic waves and that I depends on the axial coor-
dinate z because of the z dependence of u,q, u,,, u,;, and u_,.
Since the quantities are each linear in the oscillator source
voltage V,, it follows that I' is predicted to increase in pro-
portion to V;.

The aforementioned z dependence may be found for the
ideal case of z directed axisymmetric waveguide modes.” In
the case for a cylinder of radius a,

Up= aAd\(@)ee, U= —iBaddy(@)e  (AS)
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2 2
<ﬂ> =(5) B =12, (A6)
c a

where A, specifies the amplitude, « is a root of Jy(a)=0, and
Jo(a) is the zeroth-order Bessel function of the first kind.
The lowest mode has a=2.4048. Since U,, vanishes I' is
non-negative, and the radiation pressure is radially outward.
Inspection of Egs. (A4) and (A5) shows that the axial depen-
dence of I' is influenced by the proximity of the w, to the
cutoff frequency w.,=ca/a. For an actual liquid jet in nor-
mal gravity, however the axial dependence of I" is compli-
cated by the taper of the walls of the falling jet. The effect of
the superposed flow velocities of the jet on the ultrasonic
field is anticipated to be small when the flow velocities are
small compared with the sound speed c.

There has been significant recent interest in medical ul-
trasonic imaging based on the response of tissue to DSSC
modulated ultrasound or to other types of modulation.’'
Some authors have noted that low frequency oscillations of
objects can be induced because of the absorption of a modu-
lated ultrasonic beam.”"** Such absorption related processes
are neglected in our analysis because the stresses resulting
from absorption should be weaker than radiation stresses for
the conditions of the experiment described here involving
pure water. The coupling described here is more closely
analogous to the radiation pressure induced responses of
tissue.> Tt is plausible, however, that for a sufficiently vis-
cous liquid jet, momentum transfer to the jet resulting from
the absorption of ultrasound could become similar in magni-
tude as the radiation pressure approximated by Eq. (A3). It is
known, however, that increasing the viscosity of the liquid
lowers the growth rate of the capillary instability.m*18

'P. L. Marston and R. E. Apfel, “Acoustically forced shape oscillations of
hydrocarbon drops levitated in water,” J. Colloid Interface Sci. 68, 280—
286 (1979).

%P, L. Marston and R. E. Apfel, “Quadrupole resonance of drops driven by
modulated acoustic radiation pressure—Experimental properties,” J.
Acoust. Soc. Am. 67, 127-137 (1980).

*P. L. Marston, “Shape oscillation and static deformation of drops and
bubbles driven by modulated radiation stresses—Theory,” J. Acoust. Soc.
Am. 67, 15-26 (1980); erratum 71, 511 (1982).

“E. Trinh, A. Zwern, and T. G. Wang, “An experimental study of small-
amplitude drop oscillations in immiscible liquid systems,” J. Fluid Mech.
115, 453-474 (1982).

5P, L. Marston and S. G. Goosby, “Ultrasonically stimulated low-frequency
oscillation and breakup of immiscible liquid drops: Photographs,” Phys.
Fluids 28, 1233-1242 (1985).

°C.J. Hsu and R. E. Apfel, “Model for the quadrupole oscillations of drops
for determining interfacial tension,” J. Acoust. Soc. Am. 82, 2135-2144
(1987).

'R. G. Holt, Y. Tian, J. Jankovsky, and R. E. Apfel, “Surface-controlled
drop oscillations in space,” J. Acoust. Soc. Am. 102, 3802-3805 (1997).

8T. J. Asaki, P. L. Marston, and E. H. Trinh, “Shape oscillations of bubbles
in water driven by modulated ultrasonic radiation pressure: Observations
and detection with scattered laser light,” J. Acoust. Soc. Am. 93, 706-713
(1993).

°T. J. Asaki and P. L. Marston, “Free decay of shape oscillations of bubbles
acoustically trapped in water and sea water,” J. Fluid Mech. 300, 149-167

3330 J. Acoust. Soc. Am., Vol. 121, No. 6, June 2007

(1995).

05 F. Morse, D. B. Thiessen, and P. L. Marston, “Capillary bridge modes
driven with modulated ultrasonic radiation pressure,” Phys. Fluids 8, 3-5
(1996).

M. J. Marr-Lyon, D. B. Thiessen, and P. L. Marston, “Stabilization of a
cylindrical capillary bridge far beyond the Rayleigh-Plateau limit using
acoustic radiation pressure and active feedback,” J. Fluid Mech. 351, 345—
357 (1997).

12F. Savart, “Memoire sur la constitution des veines liquides lancees par des
orifices circulaires en mince paroi” (“Report on the constitution of liquid
veins launched by circular openings in a thin wall”’), Ann. Chim. Phys. 53,
337-386 (1833).

137, Plateau, Statique Experimentale et Theoretique des Liquides Soumis aux
Seules Forces Moleculaires (Experimental and Theoretical Statics of Liq-
uids Subject to Molecular Forces Only) (Gauthier-Villars, Paris, 1873).

7. C. Maxwell to W. Thomson, Letter dated August 24, 1857 reproduced in
S. G. Brush, C. W. F. Everitt, and E. Garber, Maxwell on Saturn’s Rings
(MIT, Cambridge, MA, 1983), pp. 44-48. See also The Scientific Letters
and Papers of James Clerk Maxwell: Volume 1, 1846-1862, edited by P.
M. Harman (Cambridge University Press, Cambridge, 1990), pp. 533-537.

SLord Rayleigh, “On the instability of jets,” Proc. London Math. Soc. 10,
4-13 (1879).

1S, Chandrasekhar, Hydrodynamic and Hydromagnetic Stability (Claren-
don, Oxford, 1961).

R. 1. Donnelly and W. Glaberson, “Experiments on the capillary instability
of a liquid jet,” Proc. R. Soc. London, Ser. A 290, 547-556 (1966).

18S. P. Lin, Breakup of Liquid Sheets and Jets (Cambridge University Press,
Cambridge, 2003).

Y. Pan and K. Suga, “A numerical study on the breakup process of laminar
liquid jets into a gas,” Phys. Fluids 18, 052101 (2006).

R, N. Berglund and B. Y. H. Liu, “Generation of monodisperse aerosol
standards,” Environ. Sci. Technol. 7, 147-153 (1973).

2K, C. Chaudhary and T. Maxworthy, “The nonlinear capillary instability
of a liquid jet. 2. Experiments on jet behaviour before droplet formation,”
J. Fluid Mech. 96, 275-286 (1980).

2W. 1. Jacobi, “Propagation of sound waves along liquid cylinders,” J.
Acoust. Soc. Am. 21, 120-127 (1949).

2G. Goddard and G. Kaduchak, “Ultrasonic particle concentration in a line-
driven cylindrical tube,” J. Acoust. Soc. Am. 117, 3440-3447 (2005).

K. M. Awati and T. Howes, “Stationary waves on cylindrical fluid jets,”
Am. J. Phys. 64, 808-811 (1996).

1. S. Stroud and P. L. Marston, “Optical detection of transient bubble
oscillations associated with the underwater noise of rain,” J. Acoust. Soc.
Am. 94, 2788-2792 (1993).

%], B. Keller, S. I. Rubinow, and Y. O. Tu, “Spatial instability of a jet,”
Phys. Fluids 16, 2052-2055 (1973).

YD, F. Rutland and G. J. Jameson, “A non-linear effect in the capillary
instability of liquid jets,” J. Fluid Mech. 46, 267-271 (1971).

25 B. Lonzaga, C. F. Osterhoudt, D. B. Thiessen, and P. L. Marston, “Op-
tical detection of the response of liquid jets to internal modulated ultra-
sonic radiation pressure,” J. Acoust. Soc. Am. 116, 2598(A) (2004).

Pw. Wei, D. B. Theissen, and P. L. Marston, “Acoustic radiation force on a
compressible cylinder in a standing wave,” J. Acoust. Soc. Am. 116, 201-
208 (2004).

0. A. Elrod, B. Hadimioglu, B. T. Khuri-Yakub, E. G. Rawson, E. Richley,
C. F. Quate, N. N. Mansour, and T. S. Lundgren, “Nozzleless droplet
formation with focused acoustic beams,” J. Appl. Phys. 65, 3441-3447
(1989).

K. Nightingale, M. L. Palmeri, R. W. Nightingale, and G. E. Trahey, “On
the feasibility of remote palpation using acoustic radiation force,” J.
Acoust. Soc. Am. 110, 625-634 (2001).

. Callé, J. P. Remenieras, O. B. Matar, M. E. Hachemi, and F. Patat,
“Temporal analysis of tissue displacement induced by a transient ultra-
sound radiation force,” J. Acoust. Soc. Am. 118, 2829-2840 (2005).

BM. W Urban, R. R. Kinnick, and J. F. Greenleaf, “Measuring the phase of
vibration of spheres in a viscoelastic medium as an image contrast modal-
ity,” J. Acoust. Soc. Am. 118, 3465-3472 (2005).

Lonzaga et al.: Jet response to modulated radiation pressure



Maxwell rheological model for lipid-shelled ultrasound
microbubble contrast agents

Alexander A. Doinikov®
Institute of Nuclear Problems, Belarus State University, 11 Bobruiskaya Street, Minsk 220050, Belarus

Paul A. Dayton
Department of Biomedical Engineering, University of California, 451 East Health Sciences Dr.,
Davis, California 95616

(Received 20 June 2006; revised 13 March 2007; accepted 13 March 2007)

The present paper proposes a model that describes the encapsulation of microbubble contrast agents
by the linear Maxwell constitutive equation. The model also incorporates the translational motion of
contrast agent microbubbles and takes into account radiation losses due to the compressibility of the
surrounding liquid. To establish physical features of the proposed model, comparative analysis is
performed between this model and two existing models, one of which treats the encapsulation as a
viscoelastic solid following the Kelvin-Voigt constitutive equation and the other assumes that the
encapsulating layer behaves as a viscous Newtonian fluid. Resonance frequencies, damping
coefficients, and scattering cross sections for the three shell models are compared in the regime of
linear oscillation. Translational displacements predicted by the three shell models are examined by
numerically calculating the general, nonlinearized equations of motion for weakly nonlinear
excitation. Analogous results for free bubbles are also presented as a basis to which calculations
made for encapsulated bubbles can be related. It is shown that the Maxwell shell model possesses
specific physical features that are unavailable in the two other models. © 2007 Acoustical Society

of America. [DOI: 10.1121/1.2722233]
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I. INTRODUCTION

Encapsulated microbubbles, known as ultrasound con-
trast agents, are effectively used in ultrasound medical diag-
nostics for increasing blood-tissue contrast during an ultra-
sonic examination. They are also employed in therapy as a
vehicle for targeted drug delivery. Ultrasound contrast agents
typically consist of a gas core surrounded by a shell of albu-
min, lipid, or a polymer material. A number of theoretical
models have been proposed for different types of contrast
agents.l_l(’ Most of them assume that the encapsulating layer
behaves as a viscoelastic solid following the Kelvin-Voigt
constitutive equation. There are also models that treat the
encapsulation as a viscous Newtonian fluid. "1 A vis-
coelastic solid appears to be an adequate model for polymer
and albumin microbubble shells. For lipid shells, however,
analysis of experimental data available in the literature sug-
gests that a better approximation may be achieved by treating
a lipid coating as a viscoelastic fluid. To substantiate this
observation, let us analyze some experimental results ob-
tained for lipid-shelled contrast agents.

An interesting observation as to resonance frequencies
of lipid-shelled bubbles can be made from a paper by Day-
ton, Allen, and Ferrara.'" The paper presents experimental
measurements of translational displacement for the contrast
agent MP1950. MP1950 is a phospholipid-shelled mi-
crobubble with a decafluorobutane core. Figure 4 of this pa-
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per shows that at the excitation frequency 2.25 MHz the
maximum displacement is observed for a bubble with a rest-
ing radius of about 1.5 um. It is reasonable to assume that
the maximum displacement is reached by a resonant bubble.
Hence it turns out that a 1.5 wm radius lipid-shelled bubble
has a resonance frequency of 2.25 MHz. For comparison, the
linear damped resonance frequency of a free bubble of the
same size is about 2.45 MHz. It is well known that a vis-
coelastic solid shell increases considerably the resonance fre-
quency as compared with a free bubble.” Therefore the fact
that such a low resonance frequency is observed experimen-
tally for lipid-shelled bubbles appears strange if the lipid
shell is treated as a viscoelastic solid.

Another demonstrative work bringing to light the differ-
ence between lipid- and polymer-shelled contrast agents is
that by Bloch er al.'” Figures 1(a) and 1(b) of their paper
show the behavior of two contrast agents, BR14 and
BG1135, in response to increasing acoustic forcing. BR14 is
a perfluorobutane-filled microbubble, stabilized by a phos-
pholipid shell a few nanometers thick. BG1135 is an air-
filled microsphere with a 100-nm-thick polymer shell. Figure
1(b) shows that up to very high acoustic pressures, as long as
the shell of the polymer-shelled agent BG1135 remains in-
tact, its oscillation is very insignificant. This is a typical be-
havior of an elastic solid in response to a destructive action.
The response of the lipid-shelled agent BR14 to increasing
acoustic forcing, shown in Fig. 1(a), is much smoother, as if
its shell were much more yielding. The destruction mecha-
nisms of the two agents are also different. The polymer-
shelled agent BG1135 appears to acquire a shell defect, al-
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lowing gas to stream out and form a new gas bubble, but
leaving the original shell intact. Whereas the formation of a
shell defect has never been observed for the lipid-shelled
agent BR14. Instead, its shell fragmented along with its gas
contents, forming a set of smaller bubbles. The impression
arises that the breakdown of the lipid shell occurs as if its
volume were insufficient to cover the entire bubble surface
when the expansion of the bubble becomes large, in contrast
to the polymer shell which breaks up in the traditional man-
ner for elastic solid materials. Similar distinctions in destruc-
tion mechanisms were also observed between albumin-
shelled agents and the lipid-shelled agent MP1950."8 They
become explainable if we assume that the lipid shell has
some fluid properties similar to the properties of Maxwell
media. Indeed, a discontinuity in a solid shell, if once ap-
peared, never vanishes completely, resulting in gas escape,
while a discontinuity in a Maxwell material can close.

It is well known that the Maxwell constitutive equation
has been proposed to describe complex materials that at fast
effects behave as a solid, that is, they can deform, buckle,
fold, etc., while at slow effects, they behave as a fluid. In
particular, stresses in such media can relax in time, which is
behavior impossible in traditional elastic solids. Among ma-
terials which are modeled by the Maxwell constitutive equa-
tion are such different substances as rosin, asphalt, glass,
etc.'” In experimental papers on lipid shells,”> % it is re-
ported that these consist of condensed phase (polycrystalline
or gel-like) domains surrounded by regions which are ob-
served to have glassy or in some cases fluid-like properties.
It is reasonable to assume that, when considered as a single
whole, such a structure can have some properties of a Max-
well material. Note also that in biomedical ultrasound appli-
cations we deal with fast, MHz effects. Therefore, the buck-
ling of lipid shells in response to compression at such high
frequencies is not contradictory to the Maxwell model.

It should be noted that good agreement between experi-
mental and simulated radius-time curves for lipid-shelled
contrast agents has been reported recently by Marmottant et
al.,” even though they treated a lipid coating as a viscoelas-
tic solid. A possible explanation for this result is as follows.
The elastic regime is only a part of a compound model ap-
plied by Marmottant et al. This part appears not to be of
decisive importance. The entire model of Marmottant ef al.
assumes that, when the bubble oscillates, the elastic regime
holds only in a narrow range of radii. Outside this range, the
dynamics of the bubble is governed by an ad hoc law for
surface tension that is introduced by Marmottant er al. Ac-
cording to their law, if in the course of expansion the radius
of the bubble exceeds a threshold value, the shell breaks up,
the surface tension becomes equal to that for free bubbles,
and the elastic term becomes zero. A second threshold value
is set for compression and if the radius of the bubble goes
below it, both the surface tension term and the elastic term
vanish. As a result, the effect of the shell in these two cases
reduces to the shell viscosity term alone. We suppose that
bubbles in the simulation carried out by Marmottant et al.
were mostly in this regime of lacking elasticity. Thus their
results do not necessarily refute the arguments presented
above.
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Shell

FIG. 1. Schematic sketch of an encapsulated bubble.

The present paper proposes a model that approximates
the rheological behavior of the lipid shell by the linear Max-
well constitutive equation. The model also takes into account
the effect of translation on the radial motion of an encapsu-
lated microbubble and acoustic radiation losses due to the
compressibility of the surrounding liquid. For comparison,
parallel with the Maxwell shell model, two existing models
are considered. One of them treats the encapsulation as a
viscoelastic solid following the Kelvin-Voigt constitutive
equation and the other assumes that the encapsulating layer
behaves as a viscous Newtonian fluid. To demonstrate physi-
cal differences between the three models, they are examined
in the regime of linear oscillation.

Il. THEORY

Let us consider a spherical encapsulated gas bubble sur-
rounded by a liquid and undergoing radial oscillations in
response to an imposed acoustic field. The geometry of the
system is shown in Fig. 1. Assuming the surrounding liquid
and the encapsulating layer to be incompressible, from the
continuity equation it follows that both the velocity of the
surrounding liquid and the velocity inside the bubble shell
are subject to the equation

V-v=0, (1)

where v stands for both of the above velocities. From this it
follows further that

n
o(r,) = ORI @

r

where v(r,t) is the radial component of v,R,(f) is the inner
radius of the bubble shell, and the over-dot denotes the time
derivative. If R, <r<R,, where R,(r) denotes the outer ra-
dius of the bubble, v is the velocity inside the encapsulating
layer; if r>R,, v is the velocity of the surrounding liquid.
Note also that the assumption of incompressible shell gives
the following equations:

Ry = R=R—Riy. RiR =Rk, (3)
where Ry and R, are, respectively, the inner and the outer
radii of the bubble shell at rest. These equations will be used

in further calculations.
Conservation of radial momentum yields24
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where p is equal to pg or p;, ps and p;, are respectively, the
equilibrium densities of the shell and the liquid, p is the
pressure, and 7, is the stress deviator in the shell or the
liquid.

The boundary conditions at the two interfaces are given
by

20
R0+ =, (5a)
R,

Py(Ry,1) = ps(Ry,t) =

Ps(Ras1) = 79(Ry,1) = pr(Ry,1) — <L>(R2,t>+R—

2
+ Py(1), (5b)

where P,(R;,?) is the pressure of the gas inside the bubble,
o, and o, are the surface tension coefficients for the corre-
sponding interfaces, and P,(¢) is the driving acoustic pres-
sure at the location of the bubble. Integrating Eq. (4) over r
from R; to R, using the parameters appropriate for the en-
capsulating layer and from R, to % using those appropriate
for the surrounding liquid, assuming that the liquid pressure
at infinity is equal to the hydrostatic pressure P,, and com-
bining the resulting equation with Egs. (5), one obtains

. - R 13 -
R1R1[1+<u)_1}+,g{_+(u>
ps /Ry 2 Ps

4R} -R}\R 1 200 20
x( = )—1 =—| PR -—-—2-P,
2R2 R2 ps Rl R2

R, (S) r
P()+3 f ( t)

L)
f 7 (1) dr] . 6)
R, r

This equation is very convenient to test various rheological
models for the shell material and the surrounding liquid.
Testing can be done by just substituting respective rheologi-
cal laws for 7' (r t) and TL)(V 1). Equatlon (6) was used
previously by Roy, Church, and Calabrese' who treated the
encapsulating shell as a viscous Newtonian fluid, and by
Church® who treated the encapsulating shell as a viscoelastic
solid. In the present study, we will apply it to model a lipid
coating by a viscoelastic fluid following the Maxwell consti-
tutive equation.

Pursuing our calculation further and assuming that the
behavior of the gas core is adiabatic, one has

R\
P(R,1)=P, (R”) : (7)

1

where P, is the equilibrium gas pressure in the bubble and y
is the ratio of specific heats. Assuming that the surrounding
liquid is a viscous Newtonian fluid, TE,I;)(V,Z‘) is written as'®

Trr =2 /) (8)

where 7, is the shear viscosity of the liquid. By using Eqgs.
(2) and (8), the second integral term in Eq. (6) is found to be
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© (L) 25
r,t RiR
3f Md =_477L 1' (9)
R

§ r R2

The behavior of the shell will be approximated by the linear
Maxwell constitutive equation which can be expressed as"

g7y
)N = 2, (10)
r

where A is the relaxation time and 7 is the shear viscosity of
the shell. Equation (10) deserves further comment. The Max-
well model is known to be an interpolation equation for in-
termediate cases between an elastic solid and a viscous fluid.
To demonstrate this, let us assume that Tf:j)(r,l‘) and v(r,1)
depend on time as exp(iwt), where o is the angular fre-
quency of the driving field. Then Eq. (10) gives

[9_ _2mN ou
T (1—ilw\) dr’

where u is the radial displacement, du/dt=v. For w\>1
(fast effects), this equation reduces to Hooke’s law for solids,

—2,u,S<9u/&r with the shear modulus wg= 7s/N. While for
w)\< 1 (slow effects), one obtains T( )—Zzan/sau/ or
=2mngdv/dr, which is Newton’s viscous law for fluids. These
properties of the Maxwell model allow us to suppose that Eq.
(10) may be an appropriate approximation for the specific
structure of lipid shells as described in the Introduction.

By using Eq. (10), the first integral term in Eq. (6) can
be worked out in the following way. Substituting Eq. (2) into
Eq. (10), one has

(S) 27
(97' R Rl
R s T (11)
ot P

Equation (11) suggests that 7 )(r f) can be written as

D(1)
1) = - dy—~ 5 (12)

Substituting Eq. (12) into Eq. (11) shows that the function
D(t) obeys the equation
D(t) + \D(t) = R’R,.. (13)

Using Egs. (12) and (3), the first integral term in Eq. (6) is
calculated as

. J‘Rz (D) g gy PORD Rl

n (14)
R, RiR;

Substitution of Egs. (7), (9), and (14) into Eq. (6) yields

.. R, L3 -
R1R1{1+(pL Ps) :|+R%|:_+<pL Ps)
ps /Ry 2 Ps

X(M)&]_L{P (a7 220
P 200
2R} Ry ps| F\R Ry Ry

RiR, D(t)(R3, - R}y
-4 - -Py-P. 0|, (5
7L R; 7s R?R; 0 ac(?) (15)

where the function D(r) is calculated from Eq. (13).
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Equation (15) can be modified to take account of the
translation motion of the bubble and radiation losses due to
the compressibility of the surrounding liquid. The modifica-
tion can be performed by directly adopting necessary correc-
tions from the equations of motion obtained in Ref. 16. The
result is

i} o \R, ] [3 -
R]Rl|:1+<pL pS)_1:|+R%|:_+(pL Ps)
ps /Ry 2 Ps

4R - R} \R 1 21 R\
X<%>_1 A Pl 20
2Ry, JRy| cps  ps4  ps R,

_200 20, , Rk, DOR,-RY)
R R PRTTYORER '
Pac(x’t):| > (16)

where c is the speed of sound in the surrounding liquid, the
function H is defined by

—ps\R, dG
H=[1+(M)R] {Rld +2R,R\R,

Ps 2

X[l (pL ps>R4}
ps /R,

. - ps\RIQR: - R}
+2R§[1+<pL ps) i 2 1)]}, (17)
Ps R,

x(t) is the position of the center of the bubble in an inertial
frame, and G denotes the right-hand side of Eq. (16). Note
also that the acoustic pressure is now written as P,.(x,?),
where the spatial argument x explicitly indicates that P,(x,7)
is the value of the driving pressure at the location of the
bubble. The compressibility correction is given by the last
term on the left-hand side of Eq. (16), while the first term on
the right-hand side of Eq. (16) provides the coupling with the
translational equation. This latter is given by

L 2@ d . 47 0
myi + ?pLE(R%x) =— ?RgaPac(x,t) +F,, (18)

where m,, is the mass of the bubble, the second term on the
left-hand side of Eq. (18) is the added mass force, the first
term on the right-hand side is the acoustic radiation force,
and F, is the viscous drag force which can be taken, for
example, in the form of Oseen’s law**

1 . .
Fy=- ZWWLR2X(24 +9p,Ro|x|/ 7). (19)

Oseen’s formula is known to be more relevant than the
Stokes law when the Reynolds number is close to unity. The
Reynolds numbers in experiments on contrast agents are just
on this order.

For D(0)=0, from Eq. (16) it follows that
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2 2
Pg0=P0+ﬂ+ﬂ~ (20)
R
10 20

It is also worth noting that in the general case x in Egs. (16)
and (18) should be considered as the velocity of the bubble
with respect to the velocity of the surrounding liquid. That is,
if there is a stream in the bulk liquid, due to the propagation
of the acoustic wave, acoustic streaming and so forth, x
should be replaced with x—v.,, where v, denotes the liquid
velocity unrelated to the presence of the bubble.

Thus, we have the set of three ordinary differential equa-
tions: radial Eq. (16), translational Eq. (18), and Eq. (13) for
D(7). The set is supplemented with the first of Egs. (3) and
Eqgs. (17), (19), and (20). The initial conditions can be speci-
fied by R(0)=Ryo, R,(0)=Rz, R,(0)=R,(0)=0, x(0)=x,,
x(0)=0, and D(0)=0. Simultaneous numerical solution of all
these equations yields the time-varying radius of the bubble
and its translational displacement.

For comparison, parallel with the Maxwell shell model,
we will examine two other existing models that treat the
encapsulation as a viscoelastic solid or a viscous Newtonian
fluid. For the first of them, which assumes that the shell
material follows the Kelvin-Voigt constitutive equation,

Jv
= ZMS_+277S , (21)

with u the radial displacement in the shell and wg the shear
modulus of the shell, the radial equation takes the form™>'®

. —p\R, | |3 -

R1R1|:1+<pL pS>_1:|+R%|:_+<pL ps)
ps /Ry 2 Ps
X(M)&]_zﬂ,{:mﬁ
2Ry JRy| cps  ps4

Py—P,.(x,t
R] R2 0 d(,( ):|

4R, 3 33
- LR} + ms(Ry — Ryp)]
psRR; 1
_ 4,U«S(R20 - R?o) (1 _ &)
psR; R,

3 3
ed(o- )02 | @

where the equilibrium gas pressure in the bubble, pgKOV , 18
now given by

200 20 R} R
PgKOV=P0+—'+—2+4,uS(1 —%)(1 —i)
10 20 R, Ry

{ 1( R, )( 3R3, )]
X[ 1+=(1==¢)1-=2 (23)
2\ Ry R3,

The function H in Eq. (22) is defined by Eq. (17) as before
but G in Eq. (17) is now the right-hand side of Eq. (22), not
Eq. (16). R, denotes the unstrained equilibrium position of
the gas-shell interface and is given by16
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1 20, \R3
Rleleo{l——(Pﬁﬂ)%]. (24)
Adpg Ry / Ry

For the viscous shell model, which assumes that the
shell behaves as a viscous Newtonian fluid, one has'

. - R 13 -
R]Rl[l+<pL Ps)_l} +R%{_+(PL Ps)
ps /Ry 2 Ps

4R3-R3\R 1 21 R\
X<2_31>_1 A Pl 20
2R, JRy| cps  ps4  ps R,

_@_&_ R%Rl_ Rl(Rgo_R?o)_P
R, R 7L R% s Rle 0
- Pac(x,t)} : (25)

where H is calculated from Eq. (17) with G being the right-
hand side of Eq. (25).

The translational equation for the Kelvin-Voigt and vis-
cous models remains the same as defined by Eq. (18).

lll. LINEAR ANALYSIS

In this section, we will compare predictions of the three
shell models in the regime of linear oscillation. The purpose
of this analysis is to reveal physical differences between the
models which result from the fact that the models are based
on different rheological laws.

Let us assume that the incident field is weak so the am-
plitude of the radial oscillation is small. Then one can write

R2
R] :R10+§(t), R2:R20+ R_éog(t), (26)
20

where it is assumed that |€| <R,,. Linearizing Eq. (13) with
respect to &, one has

.1 R.

D+—-D=—¢. 27

D=7¢ (27)

Assuming that the acoustic pressure can be expressed as
P,.(1)=P, exp(iwt), where P, is the pressure amplitude and
w is the angular driving frequency, solution to Eq. (27) can
be represented as

D(1) = a& + bé. (28)
Substituting Eq. (28) into Eq. (27), one finds
Nw’R} R}
a=—-0  p=——10 (29)
1+(\w) 1+A\w)

For the Maxwell shell model, linearizing Eq. (16) by means
of Egs. (26) and using Egs. (28) and (29) one obtains

. . P,.(t
&+ oy &+ w%M§=—L(), (30)
apsRyg
where
a=1-(1-py/ps)R1o/Ry. (31)
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Sy =0, + Sy + Sy (32)
R 2

8= PrR 0@ (33)
acpg
4R

8=, (34)
apgRy

477S(R;0 - R?o)

M= , (35)
B apgRIRA[1 + (Nw)’]
a)(z)M= w3+)\w2517‘;ls, (36)
200 20,R}
wé=—z(3ypgo——‘—%>. (37)
apsRiy Ry Ry

It is somewhat unusual that in Eq. (30) the resonance fre-
quency wq,, is a function of the driving frequency w. Of
prime interest is, however, not w,, because it is common
knowledge that the real resonance frequency of a system
with damping differs from the undamped resonance fre-
quency wOM.25 To evaluate the damped (real) resonance fre-
quency of Eq. (30), let us consider a solution to this equa-
tion,

&) =Aexplint+ i), (38)
where

¢ = arctan[ w8,/ (w* — wSM)], (39)

A =P Q(w)/(apsR yw;). (40)

Q(w) = wg/[(a)2 - w%M)2 + wzéjzw]l/z. (41)

The resonance response of the bubble corresponds to a maxi-
mum of the function Q(w). One can see that Q(w) is a fairly
complicated function of w. Therefore it will be examined
numerically below. The damped resonance frequency of the
Maxwell shell model will be denoted by w,,, below.

For the Kelvin-Voigt shell model, expressions for the
undamped and damped resonance frequencies as well as
damping terms were obtained in Ref. 16:

Sy =0+ 8y + Oy (42)

v _ 4 Ws(Rgo - R?o)

s apSR%ORSO

3
Ry = ;{37 kv_ 201 _203Rj
aPsR%o Ry Rgo

4us(Ryy - Ry 1 2
+ Ms(Ryg 10)[1—4—<P0 0'2)

3 t o
Ry Ms Ry

)
x(3+R?0 } (44)

Note that the equations for «, 6,, and &,; remain the same.
The quantity wggy denotes the undamped resonance fre-
quency. The damped resonance frequency is given by
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WKy =

%{[,@2(5%+ &K +4p(5,,+ 05

+6B iy + 1] =288, + &) - 112, (45)

where 8=5./ w*=p;R o/ (acps).

The undamped resonance frequency, wgy, and damping
constants for the viscous shell model can be obtained from
Egs. (32)-(37) by setting A=0. The result is

8ls=00g, Oy=0,+ 8y + Sy5= kv,

S > w(z)v = “’0 (46)

To obtain the damped resonance frequency of the viscous

shell model, one needs only to replace wyky in Eq. (45) with

woy=w, since 5‘7;3— 61;;/,
1

wgy = E{[ﬂz(fm + 835 + 4By + 5

+ 687wy + 112 = 28(8,, + dng) — 11172, (47)

In the process of comparing the shell models we will
also refer to a free bubble. The undamped resonance fre-
quency, wyy, and damping constants for a free bubble can be
immediately obtained from Egs. (31)—(37) by setting R
=R, This yields

&= 5+ ‘9:71; 8 = Ryw’/c, 5’;,_ =47,/(pR}),  (48)
1 2(3y-1
w(Z)f_ (3 YPo + M) , (49)
PRy Ry

where Ry is the equilibrium radius of a free bubble and o is
the surface tension at the gas-liquid interface. It is easy to
verify that these equations are identical to those obtained by
Prosperetti.” Setting R,o=R, in Eq. (45) gives the damped
resonance frequency of a free bubble as

wdf =

1
?{[mf&;az +4:8,, +6(Brg)? + 11"
-\

- 28,8, - 1}'2, (50)

with By=Ry/c.

Finally, we need to estimate the order of the shell pa-
rameters which will be used in further calculations. The dy-
namics of lipid-shelled bubbles was modeled previously by
Marmottant er al.' Neglecting the liquid compressibility
correction, their model takes the form

. 3. 20(Ry) |[Ry\*” 20(R
pL<RR+_R2>:[PO+Lo>]<_o) _20R)
2 R, R R

(1)
U9 Kst XRO R’

(51)

_Pac_4

where R denotes the instantaneous outer radius of an encap-
sulated bubble, R is the radius of the bubble at rest, «; is the
dilatational viscosity, and y is the elastic compression modu-
lus. Equation (51) belongs to the type of the so-called zero-
thickness encapsulation models. It is reported by Marmottant
et al. that good agreement with experimental data is reached
for k,=7.2X 107" N s/m and y=1 N/m. Now, if we neglect
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the compressibility correction and the translational term in
Eq. (22) and assume that the shell thickness Rg=R,—R; is
much smaller than R, and R,, Eq. (22) reduces to an equation
of the above-named type as well:

(RR'+§R2> Po+ 22 <&>37 27 _py-p
PL 2 ot RO R R 0 ac

R R}
- 127ISR51§ - 12/-LSRSE

1 1
R, R
where =0, +0,. One can see that Egs. (51) and (52) are in
agreement provided that

and X= 3R5M5. (53)

R
_477LE

Ky =3Rg7s

Using these relations, one finds that for Rg=2 nm, g
=1.2 Pas and ug=166.7 MPa. From what is said after Eq.
(10) it follows that the order of the relaxation time N\ corre-
sponding to these values of 7¢ and wg can be estimated as
N=1ng/ ug=0.007 us. These values will be used as a guide in
further calculations.

The values of the other physical parameters used in our
calculations are py=101.3 kPa, p,=1000 kg/m?, 7,
=0.001 Pass, ¢=1500 m/s, y=1.07, 0,=0.072 N/m, pg
=1100 kg/m?, and 0,=0.051 N/m. The parameters for the
surrounding liquid correspond to water. The value of o, was
chosen following Morgan et al.’ For simplicity, we set o
=0. We believe this point is not principal in the case of lipid
encapsulation and cannot noticeably distort results. It is ap-
parent that for a very thin coating, as with lipid shells, the net
effect of the two terms 20/R; and 20,/R, can be approxi-
mated with a good accuracy by the single term 20/R, with
o=0,+0,, i.e., as if o, were equal to zero while o, were
equal to the sum o+ 0,. Note that Marmottant et al.” also
offer considerations from which it follows that the surface
tension at the gas-lipid interface can be taken to be zero.

A. Resonance frequencies

Figure 2 shows the damped resonance frequency of an
encapsulated bubble as a function of equilibrium radius for
the three shell models at three values of the shell viscosity,
1ns=0.5, 1.0, and 1.5 Pas. The values of the other shell pa-
rameters used in these calculations are Rg=2 nm, ug
=166.7 MPa, and A=0.02 us. The range of bubble radii was
chosen to correspond to the size of contrast agent mi-
crobubbles used in ultrasound medical applications. The
dashed line represents the damped resonance frequency of a
free bubble, f,=w,/2m, calculated from Eq. (50). Figure
2(a) demonstrates a well-known fact that a viscous shell de-
creases the resonance frequency with respect to that of a free
bubble and leads to the utter extinction of resonance re-
sponse for small bubbles. On the contrary, a viscoelastic
solid shell increases the resonance frequency relative to a
free bubble, see Fig. 2(b). For small bubbles, however, the
viscous damping inside the shell again results in the absence
of resonance. The Maxwell model, Fig. 2(c), shows a spe-
cific behavior that is not observed in the two previous cases,
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FIG. 2. Damped resonance frequency as a function of equilibrium bubble
radius for three values of the shell viscosity 7. (a) Viscous model, f,y
=w,y/2m; (b) Kelvin-Voigt model, fy=wxy/2m, ms=166.7 MPa; (c)
Maxwell model, f;,=wg,/2m, X=0.02 us. The shell thickness Rg=2 nm.
The dashed line shows the damped resonance frequency of a free bubble.

namely, if the shell viscosity is not too high, the resonance
frequency of a bubble with a viscoelastic fluid shell can be
both lower and higher than that of a free bubble. In other
words, as could be expected from what was said following
Eq. (10), the Maxwell shell can behave in both the viscous
and elastic manner. The damped resonance frequency of a
bubble with a Maxwell shell, f,;,=w,,/27, becomes higher
than that of a free bubble, fdf, when the elastic properties of
the shell begin to predominate over its viscous properties.
This takes place when wg A\ is large enough. It is found that
it is not necessary for this quantity to be large compared to
unity. For example, from Fig. 2(c) it follows that f;, be-
comes higher than f,;; at wgy\ = 0.68, which corresponds to
the resonant radius R,;=0.79 um at N=0.02 us and
=0.5 Pas. With increasing A, which means increasing elas-
ticity of the shell, the critical value of R, increases as well.
For example, for A=0.025 us and the same shell viscosity,
the critical radius R,;=0.95 um. Note also that if f;,> fyy
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FIG. 3. The resonance function Q(w) of the Maxwell shell model for vari-
ous values of the equilibrium radius R,,. (a) A=0.025 us; (b) A=0.02 us.
The shell viscosity 73=0.5 Pas and the shell thickness Rg=2 nm.

and the Maxwell model goes into the elastic regime, the
resonance response persists for arbitrarily small bubbles as
the Maxwell model reduces to Hooke’s law which ignores
viscous damping. In regard to the 7¢=0.5 Pa s curve in Fig.
2(c), it is also interesting to note that, despite the presence of
the encapsulating shell, this curve remains very close to the
resonance curve for free bubbles within a wide enough range
of radii.

The form of the resonance function Q(w) of the Max-
well shell model, Eq. (41), in the elastic regime is specific as
well. The resonance functions of the two other models can be
only of two types, either with a global resonance peak or, if
the resonance response is suppressed by the shell viscosity,
monotonically decreasing as the driving frequency increases.
Figure 3 shows that the resonance function of the Maxwell
model in the range of bubble sizes corresponding to the elas-
tic regime can take the form of a curve with a local maxi-
mum. This effect gives rise to the resonance response for
indefinitely small bubbles. However, the strength of the reso-
nance oscillation of such bubbles can be smaller than the
strength of their nonresonance oscillation at a lower driving
frequency, see the R,;=0.4 um curve in Fig. 3(b).

B. Damping coefficients

For the Kelvin-Voigt and viscous models, the damping
coefficients are identical, see Eq. (46). The difference with
the Maxwell model is only in the shell viscosity term 5MS, cf.
Egs. (35) and (43). Due to the factor [1+(Aw)*]™", 51;[5 is
always smaller than 515];]=6‘,;S, the divergence increasing as
frequency increases. This means that the total damping for a
Maxwell shell is always smaller than that for the two other
types of encapsulation. The totals of the damping constants
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FIG. 4. Total damping coefficients as a function of frequency. (a) Ry,
=0.5 um; (b) Ryy=1.0 wm. The shell viscosity 73=1.0 Pas and the shell
thickness Rg=2 nm.

of the shell models are shown in Fig. 4 as functions of fre-
quency for equilibrium bubble radii of 0.5 wm, Fig. 4(a), and
1 wm, Fig. 4(b), assuming 7¢=1.0 Pas and R¢=2 nm. The
upper curve in both the parts of Fig. 4 corresponds to the
Kelvin-Voigt and viscous models. The bottom (dashed) curve
gives the total damping coefficient for a free bubble, &, cal-
culated from Eq. (48). The three intervening curves were
obtained for the Maxwell model at three values of the relax-
ation time, A=0.01, 0.02, and 0.03 us. It is seen that the
larger the relaxation time, the closer the Maxwell curve is to
that for a free bubble. As with resonance frequencies, we
again observe an interesting effect inherent in the Maxwell
model, namely the damping of a bubble with a Maxwell shell
can be fairly close to that for a free bubble.

Comparison of Figs. 4(a) and 4(b) shows that increasing
the bubble size makes all the curves approach each other.
This is an expected result since the relative contribution of
the viscous damping decreases with increasing bubble size as
follows from Eqgs. (34), (35), (43), and (48). On the contrary,
the relative contribution of the acoustic damping increases as
is seen from Eq. (33). But the acoustic damping coefficient is
the same for all the three shell models. Moreover, if the shell
thickness is small as in our case, the result of Eq. (33) does
not differ much from the acoustic damping for a free bubble,
Eq. (48). As a consequence, the damping-frequency curves
for all the shell models and the free bubble come closer
together as the equilibrium bubble radius increases.

Both 6’,‘;’5 and ,]g/ are linearly dependent on the shell
viscosity 7g. Therefore variations in 7y cannot lead to quali-
tative changes in Fig. 4 and are not exemplified here. Note
also that our analysis ignores the thermal damping. This ne-
glect is justified for MHz frequencies and micron-sized
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FIG. 5. Scattering cross sections as a function of equilibrium radius for the
three shell models and free bubbles (long-dashed line) at a driving frequency
of 2.5 MHz. The shell parameters are Rg=2 nm, 7g=1.0Pas, ug
=166.7 MPa, and A=0.05 us.

bubbles which are used in ultrasound medical applications
since the relative contribution of the thermal damping is neg-
ligible under such conditions.>®

C. Scattering cross sections
The scattering cross section of a bubble is defined as
o, = 4| P2|/P2, (54)

where P, is the pressure amplitude of the incident acoustic
wave and P, is the pressure wave scattered by the bubble. In
the case of linear oscillation, P, can be written as

P, = p Riélr, (55)

where ¢ is defined by Egs. (38)—(41), provided the expres-
sions for the resonance frequency and the damping constant
are changed to those needed for the shell model considered.
Substituting Eq. (55) into Eq. (54), one finds

252 4
4mp;Ripw

0s="52 2
b dPp(0* - W)+ 0’ 8]

(56)

where, according to the model required, & is Jy;, dgy, Or Sy,
and w,, 1S gy, Woky, O Wyy, respectively. For a free bubble,
one has
477Réw4
o= ,
of (o - a)(z)f)2 + wzﬁf

(57)

where Ry=R, in our calculations.

Calculated values for the linear scattering cross sections
of the three shell models, normalized to the respective geo-
metrical cross sections of bubbles, are given in Fig. 5 as a
function of equilibrium bubble radius for a driving frequency
of 2.5 MHz. The values of the shell parameters used in these
calculations are Rg=2 nm, 7s=1.0 Pa s, ug=166.7 MPa, and
A=0.05 us. The scattering cross section for free bubbles is
presented by the long-dashed line. It is seen that the Kelvin-
Voigt model gives the vastly greater amplitude of the scat-
tering cross section than the two other models. This occurs as
the Kelvin-Voigt shell increases considerably the resonance
radius of encapsulated bubbles, while the resonant scattering
of larger bubbles is known to be of greater intensity. The
resonance radii of bubbles with the Maxwell and viscous
shells remain close to those for free bubbles, but unlike free
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bubbles, bubbles with the Maxwell and viscous shells un-
dergo the additional damping due to the shell viscosity. As a
result, the amplitudes of their scattering cross sections are
much less than for free bubbles resonant at the same frequen-
cies.

Figure 6 shows that increasing the relaxation time in the
Maxwell model increases the amplitude of the scattering
cross section, not giving rise, however, to an increase in the
resonance radius of the encapsulated bubble. As one would
expect, increasing the shell viscosity in the Maxwell model
results in decreasing amplitude of the scattering cross sec-
tion, see Fig. 7.

IV. TRANSLATIONAL MOTION

To compare predictions of the three shell models regard-
ing the translational displacement of encapsulated bubbles,
the values of the shell parameters were chosen as follows.
The shell thickness and the shell viscosity were set equal to
Rg=2 nm and 75=1.0 Pas, respectively. The shear modulus
s responsible for the elastic properties of the Kelvin-Voigt
model was set equal to ug=100 MPa. The relaxation time A\
specifying the elastic properties of the Maxwell model was
taken to be equal to A=17g¢/ ug=0.01 ws. This choice allows
one to reckon that the shell parameters of all the models are
commensurable so that differences in the predictions of the
models are due to qualitative rather than quantitative differ-
ences in their behavior. The values of the other physical pa-
rameters used in these calculations were the same as indi-
cated after Eq. (53). It was assumed that bubbles were set in
motion by a single 20-cycle acoustic pulse with a pressure
amplitude of 100 kPa and a center frequency of 2.5 MHz.
The translational displacement was fixed after the termina-
tion of the pulse. Simulations were carried out by numeri-
cally calculating Egs. (16) and (18) for the Maxwell model,
Egs. (22) and (18) for the Kelvin-Voigt model, and Egs. (25)
and (18) for the viscous model. The translational displace-
ment for free bubbles was calculated using the equations of
motion presented in Ref. 27. The results obtained are given
in Fig. 8. One can see that the peak displacement given by
the Kelvin-Voigt model exceeds those predicted by the other
two shell models. Since the Kelvin-Voigt shell increases the
resonance frequency of an encapsulated bubble with respect
to that of a free bubble of the same size, the bubble radius
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FIG. 6. Scattering cross sections as a function of equilibrium radius for the
Maxwell shell model with A=0.05, 0.1, and 0.2 us, at a driving frequency
of 2.5 MHz. The shell viscosity 74=1.0 Pas and the shell thickness Ry
=2 nm. The dashed line corresponds to free bubbles.
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FIG. 7. Scattering cross sections as a function of equilibrium radius for the
Maxwell shell model with 75=0.5, 1.0, and 1.5 Pas, at a driving frequency
of 2.5 MHz. The relaxation time A=0.1 us and the shell thickness Rg
=2 nm. The dashed line corresponds to free bubbles.

corresponding to the Kelvin-Voigt peak displacement is con-
siderably larger than those for the other two shell models and
free bubbles. It is interesting to note that the Maxwell model
allows one to increase the value of the peak displacement by
increasing the relaxation time, not changing the value of the
shell viscosity and not increasing the value of the bubble
radius corresponding to the peak displacement. This effect is
illustrated in Fig. 8 by the upper Maxwell curve obtained at
A=0.03 us, all the other parameters being the same.

V. CONCLUSIONS

Experimental data show that lipid-shelled contrast
agents have properties that distinguish them from albumin-
and polymer-shelled agents. Among such properties are low
resonance frequencies of lipid-shelled bubbles, different de-
struction mechanisms, and the specific structure of lipid
monolayer coatings being a combination of condensed phase
domains surrounded by fluid-like regions. These experimen-
tal observations suggest that a viscoelastic fluid may be a
better approximation for lipid shells than a viscoelastic solid
or a simple viscous fluid. Based on this hypothesis, a new
theoretical model for a lipid-shelled bubble has been pro-
posed. The model assumes that the rheological behavior of
the lipid shell follows the linear Maxwell constitutive equa-
tion. The model also incorporates the translational motion of
the bubble and radiation losses due to the compressibility of

N
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FIG. 8. Translational displacement as a function of equilibrium bubble ra-
dius. Bubbles are insonified with a 20 cycle, 2.5 MHz, 100 kPa acoustic
pulse. The displacement is fixed after the termination of the pulse. The shell
parameters are Rg=2 nm, 7=1.0 Pas, and ug=100 MPa. The curves for
the Maxwell model are calculated at A=0.01 and 0.03 us.
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the surrounding liquid. To reveal physical features of the new
model, comparative analysis has been performed between
this model and two existing models. One of them treats the
encapsulation as a viscoelastic solid following the Kelvin-
Voigt constitutive equation, and the other assumes that the
encapsulating layer behaves as a viscous Newtonian fluid.
Comparison between the three shell models was carried out
for resonance frequencies, damping coefficients, and scatter-
ing cross sections in the regime of linear oscillation. Numeri-
cal simulations on the translational dynamics were made for
weakly nonlinear excitation by using the general, nonlinear-
ized equations of motion. Analogous results for free bubbles
were used as a common basis to which calculations made for
encapsulated bubbles can be related. It has been shown that
the new model possesses specific physical features that are
unavailable in the two other models.
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Optical measurements of the self-demodulated displacement and

its interpretation in terms of radiation pressure
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Using a sensitive optical interferometer, the low frequency displacement nonlinearly generated by
an ultrasonic tone burst propagating in a liquid is studied. Close to the source, the low frequency
displacement contains a quasi-static component, which is affected by diffraction effects farther from
the transducer. The experimental setup provides quantitative results, which allow the determination
of the nonlinearity parameter of the liquid with a good accuracy. Such measurements are carried out
in water and ethanol. Finally, the pressure associated with the low frequency displacement is
discussed. Introducing the temporal mean value of the displacement, as already done in lossless
solids, the noncumulative part of this second order pressure is associated with the static part of the
low frequency displacement. This interpretation leads to extend the definition of the Rayleigh
radiation pressure usually introduced for a continuous plane wave radiated in a confined fluid.

© 2007 Acoustical Society of America. [DOI: 10.1121/1.2730624]

PACS number(s): 43.25.Zx, 43.25.Ba, 43.25.Qp [MFH]

I. INTRODUCTION

Due to their complexity, optical sensors are rarely used
to measure acoustic quantities. Nevertheless, they offer sev-
eral advantages compared with standard piezoelectric hydro-
phones, like a better spatial resolution (typically 50 wm), a
good sensitivity and a larger bandwidth (especially in the
low frequency domain). Indeed, optical probes are able to
measure transient displacements smaller than 0.1 nm, in a
frequency range running from a few kHz to 50 MHz.! They
constitute a reference method for the characterization of ul-
trasonic transducers” and for the absolute calibration of pi-
ezoelectric hydrophones.3’4 In this paper, the ability of opti-
cal interferometers to measure accurately weak amplitude
displacements of relatively low frequencies is used to study
the nonlinear self-demodulation of an ultrasonic tone burst in
the MHz range.

“Self-demodulation” refers to the low frequency signal,
which is nonlinearly generated by the propagation of a
higher frequency tone burst. It results from the nonlinear
interaction of the harmonic components contained in the tone
burst spectrum. Berktay derived an asymptotic far field axial
solution for the demodulated wave, proportional to the sec-
ond time derivative of the amplitude modulation.” This de-
modulated wave form expression has been experimentally
confirmed by far field axial measurements.”’ Gurbatov,
Demin, and Malakhov® have also studied the effect of an
additional frequency modulation. Averkiou, Lee, and Hamil-
ton have experimentally and theoretically studied the case of
strongly thermo-viscous fluid.” They found that the KZK
(Khokhlov-Zabolotskaya-Kuznetsov) nonlinear parabolic
wave equation10 accurately describes the entire process, from
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near field to far field areas. Recently, Tournat, Gusev, and
Castagnede have investigated the self-demodulation process
in granular materials.""

Using Lagrangian coordinates (a,?), let us consider the
nonlinear propagation equation for a plane wave, in a semi-
infinite (a>0) lossless fluid'>

1oU, o ﬂ(&)z

da 2 da

+ = 1
co dt  da 2 M

U is the displacement of the fluid particle referenced by its
position a at rest, ¢, is the sound speed of the fluid at rest,
and S is the acoustic nonlinearity parameter.

Since we focus on the nonlinear propagation of a tone
burst, the transient source condition is:

U(a=0,1) = Uy(t)sin(wyt), (2)

where U, (#) is the amplitude modulation, which slowly var-
ies versus time in comparison with the term of angular fre-
quency wy. In order to establish an approximate solution of
Eq. (1)