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Abstract: While acoustic tissue mimicking materials have been explored
for a variety of soft and hard biological tissues, no dental hard tissue mimick-
ing materials have been characterized. Tooth phantoms are necessary to bet-
ter understand acoustic phenomenology within the tooth environment and to
accelerate the advancement of dental ultrasound imaging systems. In this
study, soda lime glass and dental composite were explored as surrogates for
human enamel and dentin, respectively, in terms of compressional velocity,
attenuation, and acoustic impedance. The results suggest that a tooth phan-
tom consisting of glass and composite can effectively mimic the acoustic be-
havior of a natural human tooth.
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1. Introduction

Ultrasound is well suited for dental imaging due to its ability to penetrate hard tissues and metal
restorations, its ability to provide depth information, its excellent range resolution, and its lack
of ionizing radiation. Ultrasound has previously been investigated as a complement to dental
radiography as a tool to detect caries, fractures, and debonded restorations."* However,
progress in dental ultrasound has been limited by a number of factors. The high acoustic imped-
ances of dental tissues result in surface losses that limit the use of commercially available medi-
cal transducers and acoustic scanning gels since these are not acoustically matched to teeth.
Transducers used in nondestructive testing (NDT) are typically matched to low impedance lig-
uids such as water or oil, and dry coupling is not feasible for rounded, jagged tooth surfaces.” In
addition to coupling difficulties, acoustic scattering arises in teeth due to their complex micro-
structure and irregular macrostructure. High compressional velocities of hard dental tissues
require short acoustic pulses and narrow acoustic radiation patterns. Finally, the small dimen-
sions of teeth and limited space between teeth necessitate accurate transducer positioning and
complicate imaging near proximal surfaces. Together, these challenges prohibit the use of com-
mercial ultrasound transducers for clinical dental use, including medical transducers, NDT
transducers, acoustic microscopes, and immersion hydrophones.

Customized ultrasound transducers and systems must be designed specifically for
teeth if dental ultrasound is to advance to clinical use. A critical step toward realization of
clinical ultrasound systems is the development of effective tooth phantoms. Tooth phantoms can
enable ultrasound system testing and calibration on tooth-like targets with known acoustic
properties, dimensions, surfaces geometries, and internal features. System performance, sys-
tem limitations, and physical constraints related to dental imaging can then be studied experi-
mentally. This also allows ultrasound systems to be developed incrementally on models of in-
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creasing complexity, rather than on extracted teeth with high variability and unknown
acoustical cross sections. Finally, phantoms can more easily be modeled in acoustic simulations
of dental ultrasound systems, allowing accurate comparison between virtual and experimental
data.

Physical models have previously been used to simulate soft tissues and bones for
medical ultrasonography.6’7 However, the acoustic properties of these models are not well suited
for hard tissue dental ultrasonography. Hard dental tissues, enamel and dentin, differ greatly not
only from soft tissues, but also from all other mammalian hard tissues. Dentin, the inner struc-
tural material of a tooth, is a complex composite consisting of a highly organized, mineralized
collagenous matrix.® Unlike bone, dentin is organized around subparallel cellular extensions, or
odontoblastic processes, that create tubules of micron-scale width and millimeter-scale length,
and are organized in an oblique radial macropattern. Enamel, the hard outer tooth surface, is a
very dense fibrous ceramic composite that forms a partly interrupted continuous matrix with
nano-, micro-, and macroscale organizations.

Initial studies suggested that among a variety of §lasses, ceramics, and metals, soda
lime glass might be the closest acoustic match to enamel.’ Preliminary studies of a variety of
dental cements, epoxies, and plastics for use as dentin surrogates found that cements and ep-
oxies possessed high attenuation, and plastics were too low in acoustic impedance. Dental
resin-based composites appeared to be reasonable candidates for dentin surrogates. An addi-
tional benefit to the use of dental composites is their ability to be molded into many shapes with
various internal features that mimic those of dentin. In a previous study, a tooth phantom was
fabricated using soda lime glass and dental composite to test the feasibility of crack detection
with a custom dental ultrasound system.” However, the phantom materials were not thoroughly
characterized or compared to their natural tissue counterparts. The purpose of this study was to
compare the acoustic properties of soda lime glass and dental composite to natural enamel and
dentin, respectively, in terms of compressional velocity, attenuation, and acoustic impedance.

2. Materials and methods
2.1 Tooth phantom material preparation

Twelve specimens of resin-based dental composite (Build-1t™, Pentron Corp., Wallingford,
CT) ranging in thickness from 1.00 to 3.05 mm were used to mimic dentin. Six soda lime glass
samples (McMaster-Carr Supply Co., Santa Fe Springs, CA) ranging between 0.96 and
6.43 mm were used to physically model enamel. The resin-based composite was selected be-
cause it self-cures uniformly upon extrusion from its mixing gun. Unlike light-cured dental
composites, its curing does not vary with depth or proximity to a light curing wand. Addition-
ally, large tooth-sized monolithic specimens can be quickly and uniformly fabricated. The top
and bottom surfaces were formed by closing a peripheral mold with glass microscope slides to
ensure flat parallel surfaces. The thickness of each specimen was measured using calipers (Mi-
tutoyo Corp., Kawasaki, Kanawaga, Japan) with an accuracy of £0.01 mm.

2.2 Natural tooth types and preparation

Nineteen extracted teeth were sectioned into 22 different slices in cross-sectional and longitu-
dinal planes. The teeth were kept moist in water at all times and disinfected using thymol. Six
mesial, six buccal, and ten occlusal sections were used. Sections were taken from seven first
molars, seven second molars, four premolars, and one canine. The extracted teeth were cut into
paralleled specimens between 0.67 and 3.28 mm in thickness using a slow-speed saw with a
narrow diamond impregnated blade. The thickness of each section was measured using the
calipers. The teeth were routinely extracted due to preexisting pathology, discarded, stored in a
solution of thymol, used for dental operative teaching purposes, again discarded, archived, and
then used for this study. Because they were preexisting archived material, without any identify-
ing links to the donors, they were exempt from Institutional Review Board approval.
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Fig. 1. Monostatic pulse-echo ultrasound setup with transducer coupled to specimen using gallium indium alloy.

2.3 Measurement of acoustic properties

A custom ultrasound imaging system, originally designed to detect cracks within teeth, was
used to measure compressional velocity and attenuation (Fig. 1). This system features a PLZT
(lanthanum-doped lead zirconate titanate) piezoelectric single-element thickness-mode trans-
ducer, a high-impedance galhum indium alloy acoustic couplant, and custom signal processing
and transmit/receive electronics.” The transducer had a 19 MHz center frequency, 6 MHz band-
width, and 8° 3 dB full beam width. A Plexiglas™ jig was designed with a three-axis translation
stage (+0.1 mm accuracy), a goniometer (+0.1° accuracy), and a two-axis tilt stage to allow the
transducer to be precisely maneuvered relative to the dental hard tissue and phantom specimens.
The specimens were mounted with wax on a stainless steel ring to provide an air backing,
thereby maximizing reflected echo strength.

Monostatic pulse-echo time-of-flight measurements were taken on the specimens us-
ing pulsed-cw, 250 ns wide pulses centered at 19 MHz. An oscilloscope was used to measure
the round-trip time At through a given thickness of a specimen, from which the velocity ¢
through each specimen was then calculated. The pulse-echo scans were made at multiple points
on the natural enamel and dentin specimens; 84 dentin and 53 enamel points were measured in
total on 19 dentin and 11 enamel specimens. Points were arbitrarily selected on each natural
specimen, but separated by at least 2 mm in distance to ensure measurement independence,
since the acoustic spot size of the system is 210 um at a range of 1.5 cm through the couplant.
Because tooth structure is known to have considerable local variation in mechanical properties
with respect to the measurement plane,g separate means and standard deviations were calcu-
lated for longitudinal and cross-sectional specimens. Due to the known microscale variability of
tooth structure, data points on the natural enamel and dentin specimens were treated as being
independent. A total of 30 arbitrarily selected measurements were made on the 12 composite
specimens, and six arbitrarily selected measurements were made on three glass specimens.
Only three glass specimens were measured due to the low observed variability.

The acoustic impedances of the specimens were calculated as the product of ¢ and the
density p; however, due to intrinsic density variations in dentin and enamel, it was not possible
to measure p at each individual measurement point. Density was estimated from previous
studies,'’ thus providing an approximation of the acoustic impedance for analytic purposes.

The attenuation coefficient 4 can| be determined for liquids and low attenuation mate-
rials by through-transmission techmques However, through-transmission measurements are
difficult at high frequencies in dense solids with moderate to high loss. Therefore 4 was esti-
mated using a pulse-echo reflection method, by recording echo strength from the rear interface
in specimens of dentin, composite, and glass of varying thickness. The reflected power from
each sample was plotted as a function of sample thickness, and 4 was calculated from the slope
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Table 1. Acoustic properties.

Compressional
velocity (m/s) Acoustic
_ Number of Density impedance  Attenuation Number of
Material Mean s.d.  measurements (kg/m?) (MRa) (dB/cm) measurements
Enamel 5219 597 53 2940 15.3
Longitudinal 5227 645 36
Cross-sectional 5202 499 17 . . .. .
Glass (soda lime) 5789 94 6 2240 13.0 6 10
Dentin 3647 434 84 2140 7.8 86 22
Longitudinal 3523 250 48
Cross-sectional 3813 560 36
Dental composite 3306 311 24 2090 6.9 108 10

of the linear fit. Loss by diffraction of the acoustic beam during propagation was assumed to be
negligible due to the thin sample sizes in relation to the transducer aperture (1.275 mm), and
reflective boundary losses were assumed to be constant for each material tested. Errors due to
alignment were minimized due to careful alignment with the goniometer (£0.1° accuracy).

A total of 22 attenuation measurements were taken from eight dentin slices ranging in
thickness between 0.67 and 3.28 mm, and 10 measurements were taken from four composite
sections ranging in thickness from 1.00 to 3.05 mm. These specimens were selected due to
their parallelism, minimizing errors in echo strength measurements. Both longitudinal and
cross-sectional dentin slices were used. Ten attenuation measurements were taken from three
glass samples ranging in thickness between 0.96 and 6.43 mm. The attenuation of human
enamel could not be quantified accurately due to the difficulty in obtaining flat samples greater
than 1 mm in thickness; human enamel is typically ~1 mm thick.

3. Results and discussion

The experimental results are summarized in Table 1. The mean compressional velocity of dental
composite is within 2.3% of the mean compressional velocity of natural dentin. Soda lime glass
had a higher mean velocity than natural enamel, but the mean enamel velocity was within 1 s.d.
(assuming a Gaussian or normal distribution) of the mean glass velocity (Table 1). Soda lime
glass and dental composite exhibited less overall variability than their natural analogues.

Substantial variation in compressional velocity was observed among and within indi-
vidual specimens of dentin and enamel. This is consistent with prior studies, and is likely due to
the variation in density and elastic modulus both within and among the samples.l’g’11 A t-test
revealed that there was a negligible statistical difference between longitudinal and cross-
sectional samples of enamel (P=0.44); however, the difference between longitudinal and cross-
sectional samples of dentin was significant (P=0.003). Others have reported dependence of
velocity on occluso-apical depth in longitudinal specimens of dentin."""! Possible explanations
for the variations observed in the natural tooth specimens include variation in enamel rod and
dentinal tubule orientation in each specimen, enamel irregularities including enamel lamellae
and enamel tufts, localized differences in mineralization, and error in thickness measurement.

Variation among the dental composite specimens was less than that within natural
dentin, but was considerably more than for soda lime glass. Although care was taken to produce
consistent composite specimens, their curing may not have been identical. Variation within in-
dividual composite specimens was negligible.

The estimated average acoustic impedances for each material are provided in Table 1.
Taking these values, the dentino-enamel junction of a tooth would have an average pressure
reflection coefficient of '=0.32, and the composite—glass interface of a tissue mimicking phan-
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Fig. 2. Reflected acoustic power at 19 MHz through samples of dentin, composite, and glass. The attenuation
coefficients of dentin, composite, and glass were 86, 108, and 6 dB/cm, respectively.

tom would have an average pressure reflection coefficient of I'=0.31. Therefore, the acoustic
pressure transmitted through both interfaces, with similar geometries, would be expected to be
nearly identical.

Attenuation is compared for dentin and composite by measuring echo power as a func-
tion of thickness (Fig. 2). Linear least-squares fitting of the data revealed that dentin had an
attenuation coefficient of 86 dB/cm (R?=0.90) and composite had an attenuation coefficient of
108 dB/cm (R?>=0.96) at 19 MHz. Dental composite contains a multitude of glassy filler par-
ticles within a resin matrix. These micron-scale filler particles are of varying size, of irregular
shapes, and are randomly orientated. Their significant size in relation to the acoustic wavelength
(A= 175 um) increases scattering and results in a relatively high attenuation, comparable to
that of mineralized dentin. Composite was assumed to be isotropic due to the random particle
orientation; dentin has an organized tubular structure, but was considered isotropic in the at-
tenuation measurements since longitudinal and cross-sectional measurements were averaged.
The measured attenuation coefficient for dentin matches closely with a previously reported
value of 80 dB/cm at 18 MHz."?

Soda lime glass had an attenuation of 6 dB/cm at 19 MHz, calculated from the slope
of the linear least-squares fit (R>=0.98). In these and prior studies, human enamel was observed
to have low acoustic losses, comparable to those of glass. The attenuation of enamel was not
measured quantitatively due to the difficulty in obtaining thick samples (>1 mm) and large
resulting measurement errors. Enamel is expected to have a slightly higher attenuation than
glass due to its fibrous microstructure and associated internal scattering. Acoustic losses were
observed to be greater in dentin than in enamel; this is expected since enamel has a higher
density and homogeneity. This is contrary to a previous study that reported the attenuation
coefficient of enamel 5120 dB/cm at 18 MHz) to be higher than that of dentin (80 dB/cm at
18 MHz) at 18 MHz;'? however, the authors also conceded that their enamel measurement may
have been off by an order of magnitude.

4. Conclusion

The measured compressional velocity was 3647+434 m/s in dentin, 3306+311 m/s in com-
posite, 52194597 m/s in enamel, and 5789494 m/s in glass. Both glass and composite had
lower velocity variation than enamel and dentin. Both composite (6.9 MRa) and dentin
(7.8 MRa) and glass (13.0 MRa) and enamel (15.3 MRa) were closely matched in acoustic
impedance. The attenuation coefficient of composite (108 dB/cm) was slightly higher than
dentin (86 dB/cm) at 19 MHz, and the observed attenuation of both glass and enamel were low.
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The results suggest that tooth phantoms consisting of soda lime glass and resin-based dental
composite can effectively be used to mimic the acoustic behavior of natural human teeth.
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Abstract: It has traditionally been thought that performance in two-
interval frequency discrimination tasks decreases as the range over which the
standard tone varies is increased. Recent empirical evidence and a reexami-
nation of previous results suggest that this may not be the case. The present
experiment found that performance was significantly better when the stan-
dard roved over a wide range (1500 Hz) than a narrow range (30 Hz). This
pattern cannot readily be accommodated by traditional models of frequency
discrimination based on memory or attention, but may be explicable in terms
of neural plasticity and the formation of perceptual anchors.
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1. Introduction

In two-interval frequency discrimination experiments the participant is required to discriminate
a temporally ordered pair of tones (e.g., a standard tone followed by a comparison tone) which
differ only in frequency. It is well established that performance in such tasks is better with a
fixed standard stimulus than when the standard roves over a range of frequencies from trial to
trial (e.g., Harris, 1952). Note that here, and throughout this letter, we use “roving standard” to
mean that on each trial a standard was selected from among a fixed number of unchanging
frequencies, spread across a particular range. This is distinct from the use of a roving standard
whose frequency is a random number sampled from a uniform distribution. As we discuss later,
this distinction may be very important.

It is not clear how frequency discrimination is influenced by the range over which the
standard roves (see Amitay ef al., 2005; Jesteadt and Bilger, 1974), although there are a number
of reasons for expecting an increase in range to impair frequency discrimination. Studies of
intensity perception have established that when the range over which the standard varies is
increased, discrimination performance declines (Berliner and Durlach, 1973; Berliner ef al.,
1977; Jesteadt and Bilger, 1974). It might reasonably be expected that frequency discrimination
will follow the same pattern. Furthermore, several theoretical models of frequency discrimina-
tion, some emphasizing memory processes and others emphasizing auditory attention, predict
that increases in stimulus range will reduce discrimination accuracy.

Perhaps the most well-known account of discrimination performance to emphasize the
importance of memory processes is the theory of intensity perception developed by Durlach
and Braida (1969). According to this model, performance depends on the use of two distinct
memory modes. In the sensory trace mode, the participant attempts to maintain a trace of the
standard tone and compares the comparison tone with this memory. In the context coding mode,
the participant judges the comparison tone with respect to the general context of sounds in the
experiment. The amount of noise in the trace mode depends upon the temporal interval between
the standard and comparison tones; the noise in the context coding mode depends upon the
range of stimuli presented. Thus, for a fixed temporal interval between standard and comparison
tones, discrimination performance is predicted to be worse with a roving standard. Moreover,
performance is predicted to decline as the range over which the standard varies is increased.
Studies of two-interval intensity discrimination have provided support for this model (Berliner
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and Durlach, 1973; Berliner et al., 1977) and it has been argued that the model also applies to
frequency discrimination (Jesteadt and Bilger, 1974).

Theories of frequency discrimination which emphasize auditory attention also predict
that performance should be better when the standard roves over a narrower range of frequencies.
When the participant is presented with the same standard on every trial, he or she can focus
attention on a narrow frequency region. When the standard varies, the participant may either
broaden his or her attentional band to cover a wider range of frequencies (e.g., Botte, 1995), or
attempt to monitor more than one band, ignoring frequencies which fall in between (e.g., Mac-
millan and Schwartz, 1975). If the participant adopts the former strategy, performance will
decrease as the range of frequencies increases because as the attentional band is broadened,
resolution is diminished. If the participant instead elects to attend to two or more attentional
bands simultaneously then the situation is more complicated and performance will depend on
the precise placement and width of the bands, but will generally deteriorate as the number of
bands and the distance between them increases.

Despite the prediction from both memory- and attention-oriented accounts of fre-
quency perception that performance should be inversely related to stimulus range, there is rela-
tively little evidence from two-interval discrimination tasks against which to test this prediction.
In an assessment of the applicability of Durlach and Braida’s (1969) theory of intensity percep-
tion to frequency discrimination, Jesteadt and Bilger (1974) examined the effect of stimulus
range on frequency discrimination performance in two-interval forced choice and same—
different tasks. In the fixed standard condition of their experiment, the same 1000 Hz tone was
used as the standard on all trials; in the jittered condition, the standard varied over a relatively
narrow range of frequencies (980,990,1000,1010,1020 Hz); in the roving condition, the
range of standards was much wider (795, 890, 1000, 1120, and 1260 Hz). Jesteadt and Bilger
reported that, as for intensity discrimination, frequency discrimination declined as the range
over which the standards varied increased, and argued that Durlach and Braida’s (1969) theory
of intensity perception applies to frequency perception, too. Since Jesteadt and Bilger’s work, it
has generally been accepted that frequency discrimination is better when the standard roves
over a narrow range than when it varies over a more disparate set of frequencies—perhaps
partly because of the strong theoretical reasons for expecting this result. However, closer ex-
amination suggests that their data do not convincingly demonstrate worsening frequency dis-
crimination when the range over which the standards varies is increased. Jesteadt and Bilger did
not use inferential statistics to compare the performance in different conditions, and an exami-
nation of the qualitative pattern of their results reveals that, of their four participants, one
showed uniformly poor performance while for the remaining three the ordering of performance
in the jittered and roving conditions was not consistent between subjects within each task, or
within subjects across tasks.

In a more recent study, Amitay et al. (2005) also examined the influence of stimulus
range on two-interval frequency discrimination. They employed three conditions: fixed
(1000 Hz) standard; roving standard, where standard frequencies ranged from 900 to 1100 Hz;
and wide roving standard, where the standard varied from 570 to 2150 Hz. Amitay ef al. exam-
ined the difference limen (or just noticeable difference) averaged across all stimuli in a condi-
tion. Difference limens were smallest for the fixed standard and, of interest here, difference
limens were smaller (i.e., performance was better) for the wide roving standard than the (nar-
rower) roving standard condition. Amitay et al. interpreted this result in terms of attentional
bands by suggesting that in their wide-roving condition participants monitored several fre-
quency bands and used the presentation of the standard tone as a cue to attend to the appropriate
listening band, but that in their narrow-roving condition the frequencies may have been too
close together to permit this strategy. Instead, the narrow-roving standard led participants to use
a single, widened band with a subsequent loss of resolution. Amitay ef al. further suggest that in
Jesteadt and Bilger’s (1974) study the jittered frequencies varied over a sufficiently narrow
range (40 Hz) that the attentional band did not need to be broadened by much, whereas in their
roving condition the range necessitated substantial broadening, resulting in poorer resolution.
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The finding of Amitay et al. (2005) that discrimination was better when the standard
roves over an intermediate range (200 Hz) than a wide range (1580 Hz) suggests that frequency
discrimination is not always improved by widening the stimulus range. However, the attentional
framework they adopt to explain this result predicts that using a narrow range of standards (i.e.,
a few tens of hertz) will lead to performance which is better than when a wide range (i.e.,
several hundred hertz) is used. Thus their attentional model, along with traditional attentional
and memory models and the more general prima facie argument that frequency perception will
be like intensity perception, predicts that frequency discrimination will be better when the
stimulus range is narrow. If, on the other hand, the empirical result reported by Amitay et al. is
indicative of a more general pattern of worsening discrimination as the stimulus range is re-
duced, performance will be better with wide-ranging standards, and alternative theoretical ac-
counts will need to be developed. The current experiment directly addresses this issue.

2. Methods

On each trial, the participant heard a standard tone followed by a comparison tone which was
either the same as the standard or fractionally lower, and made a same—different judgment. Each
participant completed three conditions: a fixed standard condition, a narrow roving condition,
in which the standard ranged over 30 Hz, and a wide roving condition, in which the standard
ranged over 1500 Hz. In all three conditions, a 1000 Hz tone was used as the middle standard,
allowing us to examine the effect of stimulus range on discrimination at a particular frequency.
This approach seems preferable to averaging over the different standards used in each condition
(Amitay et al., 2005) because it separates the effect of stimulus range from the specific frequen-
cies employed. This might be important if, for example, there were a departure from Weber’s
law so that sensitivity depended upon stimulus level (e.g., Berliner and Durlach, 1973).

2.1 Participants

Nine participants with experience of auditory psychophysical experiments took part; eight were
paid £30 for participating, the other was author W.M.

2.2 Stimuli

All tones had a total duration of 1000 ms and were gated on and off with 50 ms cosinusoidal
ramps at beginning and end. They were generated at a sampling rate of 44.1 kHz and played
diotically over Sennheiser eH2270 and HD265 headphones at approximately 80 dB. In the
single standard (SS) condition, the standard was a 1000 Hz tone. In the wide-roving condition
(WR), three standards were used with frequencies of 500, 1000, and 2000 Hz (i.e., the fre-
quency of each standard was a factor of 2.0 greater than the previous one so that they were
evenly spaced on a logarithmic scale). In the narrow roving (NR) condition, the standard tones
had frequencies of 985.2, 1000, and 1015 Hz (i.e., separated by a factor of 1.015). The differ-
ence between the standard and comparison tones, Af, varied from 0.3% to 1.0% for different
subjects; the difficulty was selected based upon their previous performance in frequency dis-
crimination tasks and was intended to match approximate overall performance levels across
participants.

2.3 Design and procedure

Each participant completed seven sessions, one in condition SS and three in WR and NR. Each
session consisted of 4 blocks of 60 trials. The three NR sessions were grouped together, as were
the three WR sessions, giving a total of six possible condition orders. Participants completed
the sessions over the course of a few days, sometimes completing two or more sessions back to
back with a short rest between. Trials from the first block of each session were treated as
warm-up and excluded from the analyses. On each trial participants heard the standard tone.
After a | s interval they heard the comparison tone and were asked to indicate whether it was
the same as the standard or different, and were informed that, if different, the second tone would
be slightly lower. They were provided with on-screen feedback about the accuracy of their re-
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Table 1. Experimental results

Participant Af (%) d.; d\r diyg
1 1.0 2.13 1.01 1.56

2 0.6 2.94 0.57 1.12

3 0.5 2.67 1.68 2.56

4 0.5 4.83 1.82 3.60

5 0.5 1.89 1.31 2.00

6 0.4 2.80 1.82 1.42

7 0.3 3.57 1.35 2.77

8 0.3 2.46 1.70 3.35

9 0.3 2.94 0.80 1.91
Mean 291 1.34 2.25
s.d. 0.87 0.46 0.87

sponse for 1 s and there was an additional 1 s interval before the start of the next trial. The
timing of stimulus presentation and response collection was controlled by DMDX [a freely
available program for presenting stimuli with millisecond accuracy, Forster and Forster (2003)].

3. Results

Trials on which the participant successfully detected a difference between standard and com-
parison tones were denoted hits; trials on which the participant correctly identified no difference
between standard and comparison tones were denoted correct rejections. The proportion of hits
and correct rejections for each level of the standard tone in each condition was used to calculate
d' as a measure of frequency discrimination. The results are shown in Table 1.

To examine the effects of stimulus range on discrimination at a given frequency (e.g.,
Harris, 1952), we compared performance in the three conditions when the 1000 Hz tone was
used as the standard. [An alternative approach is to measure performance in the NR and WR
conditions by averaging the d’ values for the different standard tones, and to compare there
averages (e.g., Jesteadt and Bilger, 1974). This approach yielded exactly the same pattern of
results.] Preliminary analyses established that neither block order nor difficulty (Af) influenced
the differences among the SS, NR, and WR conditions. A repeated measures analysis of vari-
ance (ANOVA) revealed a significant effect of condition, F(2,16)=17.7, 7/12,=O.688, p<0.001.
Paired samples z-tests (Bonferroni corrected) indicated a significant difference in the d’ values
between the SS and NR conditions [#(8)=5.46, p<0.001] and between the NR and WR condi-
tions, #(8)=4.71, p=0.004, but not between the WR and SS conditions [#(8)=2.35]. Inspection
of the data from individual participants revealed that, for eight of the nine tested, frequency
discrimination was worse when the standard roved over a narrow range than when it roved over
a wide range. Finally, a repeated measures ANOVA was used to examine the effect of condition
on response bias, c¢. The conditions did not differ (F<1).

4. Discussion

The present experiment demonstrates that frequency discrimination with a roving standard is
better when the range of stimuli is wide (500—2000 Hz) than narrow (985—1015 Hz). This
disagrees with Jesteadt and Bilger (1974), who claimed that performance with a standard which
roved over a 40 Hz range was as good as that with a single standard. However, as noted earlier,
Jesteadt and Bilger’s data do not convincingly demonstrate a systematic effect of stimulus range
on frequency discrimination. Given the highly significant and consistent finding in the current
study that frequency discrimination is better when the standard roves over a wide range
(1500 Hz) than a narrow range (30 Hz), and the finding by Amitay et al. (2005) of better per-
formance when the standard ranges over a wide range (1580 Hz) than an intermediate range
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(200 Hz), we suggest that, contrary to what has previously been thought, roving-standard fre-
quency discrimination is not improved by decreasing the stimulus range. This result is unex-
pected and hard to reconcile with a number of existing theories of frequency discrimination. In
what follows we briefly discuss possible explanations for this finding.

4.1 Memory

As noted in Sec. 1, it has been suggested that Durlach and Braida’s (1969) highly influential
model of intensity perception may be extended to describe frequency perception. This theory
asserts that, with a fixed temporal interval between tones, performance should be a decreasing
function of stimulus range. The results reported here, and those of Amitay ef al. (2005), show
the opposite pattern, and it is hard to see how the concept of context-coding memory noise
could be modified to accommodate our findings.

Durlach and Braida’s (1969) theory is not the only memory-based model to have been
applied to frequency discrimination. Other workers (e.g., Massaro, 1970) have emphasized the
importance of interference and trace decay to discrimination performance, but these similarly
fail to account for the current results. Siegel (1972), for example, pointed out that as the number
of tones in the stimulus set increases, the length of time and the number of trials intervening
since the last presentation of the current tone also increase. While this implies that increasing
the number of standard tones will reduce discrimination accuracy, it does not predict any effect
of increasing the range of the standard tones. Similarly, it is unlikely that the current results can
be explained in terms of proactive interference (where the retrieval of more recently presented
stimuli is impaired by memories of earlier items); evidence from Ruusuvirta (2000) suggests
that in same—different tasks like the one used here proactive interference will only influence
response bias, not overall accuracy.

4.2 Attention

When the standard roves over a range of frequencies, participants may employ various atten-
tional strategies but we would typically expect performance in the wide-roving condition to be,
at best, the same as in the narrow-roving condition. The current results are therefore problem-
atic for attentional theories. As noted earlier, Amitay et al. (2005) have tried to explain the
finding that performance is better with a wide-roving standard by suggesting that participants
use a mixed strategy: In the wide-roving condition, participants monitor several bands and use
the standard as a cue to direct attention to the relevant band, whereas in the narrow-roving
condition participants broaden a single band to encompass all of the relevant frequencies. In the
narrow-roving condition of the current experiment, the standards only covered a 30 Hz range.
As Amitay et al. note, it seems unlikely that there would need to be much broadening of the
listening band to cover this range, or that such broadening would lead to performance that is so
much worse than in the wide-roving condition. Furthermore, in the current experiment both
standard and comparison tones were played for a full second, long enough that one might expect
the participant fully to orient attention to the standard’s frequency irrespective of whether he or
she is monitoring a single broadened band or several separate channels. Although it is possible
that participants use a strategy like that outlined by Amitay et al., the present data necessitate the
assumption that even slight widening of the attentional band leads to a dramatic loss of reso-
lution. Thus, while it is undoubtedly the case that attention is an important determinant of fre-
quency discrimination (e.g., Demany et al., 2004), it is difficult to develop a convincing
attention-based explanation for the current findings.

4.3 Perceptual anchors and plasticity

Conventional memory- and attention-based models struggle to accommodate the effects of
stimulus range shown in the current experiment and in the experiment of Amitay et al. (2005).
We therefore consider an alternative theoretical orientation which emphasizes learning about
the standard tones over successive trials. As some researchers have pointed out (e.g., Ahissar
et al., 2006), when the same standard is used on every trial, participants can form a stable trace
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of that tone across trials. That is, repeated presentation of the same tone allows formation of a
perceptual anchor such that the comparison tones are judged against this anchor rather than
against the single presentation of the standard tone on the current trial. In the multiple standards
condition the presence of other standards, and the increased number of trials between succes-
sive presentations of each, will make it harder to form a perceptual anchor for the three different
standards. [Note that we use the term perceptual anchor in the sense of a stable representation of
each tone built up over successive trials, as in Ahissar et al. (2006). In a later development of
their theory of intensity perception, Durlach and Braida (Braida et al., 1984) use the same term
to refer to the stimuli at the edge of the range; this modified theory can no more readily accom-
modate the present results than can the original theory.]

As it stands, this account is similar to the memory explanation of poor discrimination
performance in one-interval paradigms developed by Siegel (1972) and makes no clear predic-
tion regarding the effect of stimulus range. However, a consideration of the possible neural
mechanisms underlying anchor formation does suggest an effect of stimulus range. Each neu-
ron in the primary auditory cortex responds to a range of frequencies, with a peak response to a
specific characteristic frequency. There is a growing appreciation that this tuning is somewhat
plastic (see Weinberger, 2004, for a review). For example, in conditioning studies training pro-
duces systematic changes in the frequency receptive fields (RFs) of neurons in the primary
auditory cortex, such that the RF tuning shifts away from the original characteristic frequency
toward the frequency of the trained tone (e.g., Bakin and Weinberger, 1990). It seems plausible
that a similar process subserves the formation of long-term representations (i.e., perceptual
anchors) corresponding to the standard tones used in experiments like the one reported here.
That is, we suggest that anchor formation involves retuning/recruiting neurons which normally
respond maximally to nearby frequencies to the standard tone’s frequency. When the standards
are widely spaced, the anchor formation will involve distinct populations of neurons. However,
as the standards are moved closer together, there will be an increasing overlap in the neural
populations used to represent each one, and a resulting decrease in the fidelity of the anchor.
That is, neurons with nearby characteristic frequencies cannot be recruited because they are
already being used. As Ahissar et al. (2006) have noted, the failure to form a perceptual anchor
may markedly impair discrimination performance. Thus, we suggest that when the standards
occupy a narrow range of frequencies it is harder to form a long term trace of each because the
representations involve extensively overlapping neural populations, and there is a resulting loss
of frequency discrimination.

One advantage of this account is that it may provide an explanation for the difference
between the current results and those for intensity discrimination, where increasing the stimulus
range reduces accuracy. In intensity discrimination, for quiet and moderate level stimuli, the
overall level of activity within a single population of neurons must be compared. Recruitment of
neurons with nearby characteristic frequencies will increase the size of the population. Whether
the intensity of the standard is kept fixed, varies over a narrow range of intensities, or varies over
a wide range of intensities, the increased population size should benefit discrimination perfor-
mance. So, to a first approximation, recruitment should not differentially affect performance in
the different conditions. However, for louder stimuli, when all of the on-frequency neurons are
saturated (i.e., firing maximally), loudness information is coded in the spread of activation to
off-frequency neurons (Moore and Raab, 1974). If off-frequency neurons are recruited, the
population of off-frequency neurons in which the spread of excitation is found will be reduced,
and should reduce discrimination performance for louder stimuli. Because the wide-range con-
dition includes more loud stimuli than the other conditions, the wide range condition will be
most affected by recruitment.

Throughout this letter we have used the term roving standard to indicate a standard
selected from a fixed set of unchanging frequencies, spread across a particular range (e.g., Ami-
tay et al., 2005). An alternative way to generate roving standards is by randomly selecting fre-
quencies from a particular range; such a condition might be termed truly roving. The use of truly
roving standards might provide a way to test the perceptual anchor explanation outlined earlier.
When the standard on each trial is a randomly selected frequency, there will presumably be no

EL50 J. Acoust. Soc. Am. 123 (4), April 2008 W. J. Matthews and N. Stewart: Two-interval frequency discrimination



W. J. Matthews and N. Stewart: JASA Express Letters [DOI: 10.1121/1.2884084] Published Online 17 March 2008

opportunity for neural recruitment and the formation of long-term representations of each
stimulus. As such, a narrow roving condition will no longer be more difficult than a wide roving
condition. Indeed, with a truly roving standard performance may well be better when the stimu-
lus range is narrow, as a wider range will require greater shifts of attention from trial to trial. A
future comparison of frequency discrimination in wide-range and narrow-range conditions of
an experiment with a truly roving standard may therefore provide a useful way to test the gen-
erality of the result reported here, and of the model we propose to explain that result.

5. Conclusions

The key message of the present study is that two-interval frequency discrimination is worse
when the standard roves over a narrow range than a wide range. Although we have argued that
this pattern is difficult to reconcile with accounts based on memory noise or attention, it may be
possible to modify these theories to accommodate the current result. Similarly, our suggestion
that the result may be explicable in terms of learning and plasticity may prove incorrect. In
either case, the present work, in conjunction with that of Amitay et al. (2005), provides an
important empirical finding which demands explanation.
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Abstract: The goal of this study was to measure the ability of normal-
hearing listeners to discriminate formant frequency for vowels in isolation
and sentences at three signal levels. Results showed significant elevation in
formant thresholds as formant frequency and linguistic context increased.
The signal level indicated a rollover effect, especially for F2, in which for-
mant thresholds at 85 dB SPL were lower than thresholds at 70 or 100 dB
SPL in both isolated vowels and sentences. This rollover level effect could be
due to reduced frequency selectivity and forward/backward masking in sen-
tence at high signal levels for normal-hearing listeners.
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1. Introduction

A number of studies have shown that vowel formants, referring to the spectral prominence of
vowel sounds, play critical roles in vowel categorization and perception (Hillenbrand et al.,
1995; Nearey, 1989). Vowel formant discrimination measures the ability of human listeners to
discriminate changes in formant frequency, especially F1 and F2. Thresholds of formant dis-
crimination, AF, refer to the smallest changes in vowel formant frequency that can be detected.
Kewley-Port and her colleagues have systematically examined the ability of human listeners to
discriminate formant frequency under optimal and ordinary listening condition (Kewley-Port
and Watson, 1994; Kewley-Port and Zheng, 1999; Kewley-Port, 2001; Liu and Kewley-Port,
2004a, b). Many factors have been shown to affect formant resolution, including the level of
stimulus uncertainty (i.e., trial by trial variability in vowel stimuli), level of linguistic context
(i.e., isolated vowel, syllable and sentence), listener training, and background noise. Increases
in stimulus uncertainty or level of linguistic context (from isolated vowels to sentences) de-
graded vowel formant discrimination performance (Kewley-Port and Zheng, 1999; Liu and
Kewley-Port, 2004a) as well as background noise (Liu and Kewley-Port, 2004b). However, all
of these studies on vowel formant discrimination presented speech signals at 70 dB SPL, a
conversational level, and by far there is no report on effects of signal level on formant discrimi-
nation for normal-hearing listeners. Liu and Kewley-Port (2007) found that thresholds of for-
mant discrimination were higher at 95 dB SPL for hearing-impaired listeners than at 70 dB
SPL, especially for vowels presented in sentence. Such a rollover effect of signal level was also
found in other studies of speech perception. That is, a significant reduction in speech recogni-
tion occurred as speech level increased above moderate levels (Miranda and Pichora-Fuller,
2002; Molis and Summers, 2003; Studebaker et al., 1999). Thus, the primary purpose of this
study was to examine whether or not such a rollover effect was also present on vowel formant
discrimination for normal-hearing listeners under optimal (i.e., isolated vowels) and ordinary
listening conditions (i.e., sentence).

“Portions of the data were presented at the Fourth Joint Meeting of the Acoustical Society of America and the
Acoustic Society of Japan.
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Table 1. Parameters of isolated vowels.

1 e ® A
F1 (Hz) 430 581 678 700
F2 (Hz) 1454 1960 2078 2132
Isolated vowel (ms) 107 125 198 123

Effects of speech levels on speech perception, especially at high presentation levels,
are dependent on several factors such as listening conditions (e.g., in quiet or in noise), hearing
status (e.g., normal hearing or hearing-impaired), speech spectral information (e.g., low- or
high-frequency speech), and speech material (e.g., consonant, syllable, word, or sentence). For
normal-hearing listeners in quiet listening conditions, the rollover effect of speech recognition
was found for both high-pass- and low-pass-filtered speech from 75 to 105 dB SPL (Molis and
Summers, 2003) as well as for temporally jittered speech at high levels (Miranda and Pichora-
Fuller, 2002). In addition, Studebaker et al. (1999) reported that normal-hearing listeners
showed a weak rollover effect (<10% ) of word recognition as the speech level increased from
64 to 99 dB SPL with the peak performance at 79 dB SPL. Therefore, it is important to assess
how the level of speech sounds affects formant discrimination for normal-hearing listeners un-
der different linguistic contexts. Three factors were manipulated to meet the purposes of the
present study, signal level: 70, 85, and 100 dB SPL; formant frequency (eight vowel formants);
level of linguistic context (isolated vowels and sentences).

2. Method
2.1 Stimuli

Four American English vowels /1, €, &, A/ were used as speech stimuli and they covered a wide
range of formant frequencies from a low F1 to a high F2 over the English vowel space (see Table
1). Thresholds of formant discrimination for F1 and F2 of these four vowels were measured in
two types of linguistic contexts: isolated vowel and sentence. The four original /bVd/ syllables
recorded from a female talker were the same ones used in earlier studies (Liu and Kewley-Port,
2004a, 2007). Standard vowels without formant shifts and test vowels with formant changes
were synthesized using a modified STRAIGHT procedure (Kawahara et al., 1999). F1 and F2
for each standard syllable were shifted systematically by 24 steps using a linear scale. The range
of formant frequency shifts was from 0.9% to 17% of the formant frequency for each F1 and F2.
The procedure to shift target formant frequency is described briefly as follows: First, a matrix in
Matlab representing the spectrogram (amplitude X time X frequency) of the standard syllable
was obtained by the analysis in STRAIGHT. Second, to shift a formant peak, the temporal
location of the formant across the syllable duration, including transitions, was visually identi-
fied. Third, in each time frame (i.e., one spectrum), the formant shift was manipulated for the
portion between the valleys on either side of the formant peak. As shown in Fig. 1 for the
standard /e&/ vowel and the /&/ vowel with 10% shift of F2 frequency, amplitude in the low-
frequency valley was adjusted to be a constant across the frequency range corresponding to the
frequency shift, while the high-frequency valley was collapsed by replacing the original ampli-
tude values with the shifted peak, such that the shift in the selected formant frequency resulted
in no change in other formants. Thus, detail in the formant peaks was preserved in this proce-
dure with the valleys only slightly changed. Finally, this modified two-dimensional matrix was
reloaded into STRAIGHT and used with other unchanged acoustic parameters such as FO and
amplitude contours for resynthesis [for more details about formant shift synthesis, see Liu and
Kewley-Port (2004a)]. Formant shifts included the steady-state portions as well as the onset and
offset formant transitions in the /bVd/ syllables. The isolated vowels were subsequently edited
by deleting the formant transition at the beginning and the end of the syllable such that only the
steady-state vowel nucleus remained. Durations for the standard isolated vowels ranged from
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Fig. 1. STRAIGHT spectra from one middle analysis frame for the standard /@/ is shown with the solid line. The
dotted line indicates where the F2 peak was shifted for the 10% frequency increment.

107 to 198 ms (see Table 1). For the linguistic context of sentences, the target word /bVd/ was
embedded in the middle of a carrier sentence: “The first word is /bVd/ on the page now.” All the
stimuli were presented at three levels, 70, 85, and 100 dB SPL.

Digital stimuli were sampled at 12 207 Hz by a two-channel, 20 bit D/A converter
(TDT RP2.1), scaled to the appropriate presentation level by programmable attenuators (TDT
PAS), routed to a headphone buffer (TDT HB7), and delivered to an insert earphone (Etymotic
ER-2) inserted into the right ear of the listener who was seated in a sound attenuation chamber
(IAC). Speech sound pressure levels were verified at the output of the insert earphones via
G.R.A.S. IEC 126 2-cc coupler mated to the microphone of a Quest (Model 2700) sound level
meter set to the linear weighting scale.

2.2 Listeners

Six American English native speakers, between 22 and 28 years old, participated in this study.
All listeners had normal hearing with pure tone thresholds of 15 dB HL or better at octave
intervals from 250 to 8000 Hz and were paid for their participation.

2.3 Procedures

Thresholds of vowel formant discrimination were measured for F1 and F2 of the four English
vowels, using a three-interval (one reminder interval followed by two test intervals), forced-
choice procedure with a two-down, one-up tracking algorithm, estimating 71% correct re-
sponses (Levitt, 1971). There were two levels of linguistic context: isolated vowel and sentence.
For isolated vowel, the standard isolated vowel was presented in the reminder interval, followed
by a standard and a test vowel randomly ordered in the two test intervals. The listener’s task was
to indicate which of the two test intervals contained the different vowel. For sentence, the stan-
dard syllable (/bVd/) was presented alone in the first interval followed by two test intervals, each
containing one carrier sentence. The standard and test syllables were imbedded in the sentence,
and listener’s task was to detect which of the two intervals contained the comparison syllable.
Presentation intervals were separated by a 400-ms silent period for each trial. Threshold for a
given condition was taken as the average threshold based on three 60-trial blocks unless the
standard deviation for the three blocks differed by more than 1% of the formant frequency, in
which case a fourth block was completed and averaged with the first three. Listeners were tested
with isolated vowel first followed by sentence, while the order of the other two experimental
factors, vowel formant and signal level, were randomly selected for each listener. It took a total
of about 18 h for each listener to complete the study with each session lasting 1—1.5 h.
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Fig. 2. Thresholds of formant discrimination in hertz as a function of speech level (70, 85, 100 dB SPL) for two
linguistic contexts (isolated vowel and sentence) and four vowels (/1, €, @, A/): F1 in isolated vowel (top left), F1 in
sentence (top right), F2 in isolated vowel (bottom left), and F2 in sentence (bottom right).

3. Results

As shown in Fig. 2, average thresholds across listeners are plotted as a function of speech level
for the two linguistic contexts and eight vowel formants (F1 and F2 of four vowels). Overall,
thresholds increased with complexity of the linguistic context (from isolated vowel to sentence)
and the formant frequency, particularly in the F2 region, consistent with previous studies
(Kewley-Port and Zheng, 1999; Liu and Kewley-Port, 2004a). The rollover effect of speech
levels was obtained, i.e., thresholds at 85 dB SPL were lower than at 70 and 100 dB SPL. A
three-factor (formant frequency X linguistic context X signal level) repeated-measures analysis
of variance (ANOVA) with AF as the dependent variable showed that thresholds of formant
discrimination were affected significantly by formant frequency [F(7,35)=13.011, p <0.05],
linguistic context [F(1,5)=13.238, p<<0.05], and signal level [F(2,10)=6.934, p<0.05].
None of the two-way and three-way interaction effects was significant (p>0.1) except the in-
teraction effect of formant frequency and linguistic context [F(7,35)=3.376, p <0.05], sug-
gesting that threshold-frequency functions showed similar patterns across signal level, but not
linguistic context. Post hoc tests suggested that thresholds at 85 dB SPL were significantly
better than at 70 dB SPL (p <0.05), but not than at 100 dB SPL (p > 0.05) with no significant
difference between 70 and 100 dB SPL (p>0.05).

In order to measure the simple main effect of signal level under linguistic context,
two-way (formant frequency X signal level) ANOVAs were completed for isolated vowels and
sentences, respectively. For isolated vowels, there was no significant effect of signal level
[F(2,10)=2.574, p>0.05] on formant thresholds with the average thresholds increased by
25% for 70 dB SPL and 10% for 100 dB SPL compared to the average thresholds at 85 dB
SPL. For sentences, speech level showed a significant effect on formant discrimination
[F(2,10)=4.328, p<0.05] with the thresholds increased by 28% for 70 dB SPL and 17% for
100 dB SPL relative to the thresholds at 85 dB SPL. In addition, the present study showed that
the effect of speech level is greater at the F2 region than at the F1 region, e.g., formant thresh-
olds were increased by 23% at 70 dB SPL and 5% at 100 dB SPL for F1 relative to thresholds
at 85 dB SPL while elevated by 28% at 70 dB SPL and 18% at 100 dB SPL for F2 compared to
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Fig. 3. Excitation patterns of the /&/ vowel at three levels: 70 (solid line), 85 (dotted line), and 100 (dashed line) dB
SPL. Note the changes in spectral contrasts for F1 and F2.

thresholds at 85 dB SPL. Thus, overall results indicate a greater effect of speech levels on for-
mant discrimination for the longer linguistic context (sentence) than for the short linguistic
context (isolated vowels) and a greater level effect on F2 than on F1 (see Fig. 2).

4. Discussion

The main purpose of this study was to assess the signal level effect on vowel formant discrimi-
nation. As shown in Fig. 2, a rollover effect of the signal level on vowel formant discrimination
was observed for both isolated vowels and sentences. Such a rollover effect of speech levels was
also found in other studies of speech perception for normal-hearing listeners (Meyer and
Mishler, 1985; Miranda and Pichora-Fuller, 2002; Molis and Summers, 2003; Studebaker et al.,
1999). There are two possible interpretations of the rollover effect for vowel formant discrimi-
nation including level-dependent frequency selectivity and forward and backward masking on
vowel formants in sentence context.

One mechanism accounting for the rollover effect is reduced frequency selectivity
with increase of the signal level. Several psychophysical studies have suggested that the band-
width of auditory filters becomes broader as the signal level increases (Moore and Glasberg,
1987) such that the internal representation of vowel spectrum is smoothed, resulting in lower
peak-to-valley contrasts for F1 and F2. This is consistent with Javal’s (1997) physiological find-
ings on cats that an increase of stimulus level degraded the encoding of vowel formants, espe-
cially for higher formants, in terms of spectral response patterns in auditory neurons. Excitation
patterns were calculated for the four vowels at 70, 85, and 100 dB SPL, using Moore and Glas-
berg’s excitation model (1987). As shown in Fig. 3 (the /&/ vowel), for normal-hearing listeners,
the peak-to-valley contrasts of F1 were slightly reduced from 85 to 100 dB SPL by 0.5 dB on
average across the four vowels, while the peak-to-valley contrasts of F2 in the excitation pat-
terns for the four vowels were reduced by an average of 1.5 dB from 85 to 100 dB SPL. The
reduction in the peak-to-valley contrasts of F1 and F2 at high levels may account for the rollover
level effect of formant discrimination as well as the greater rollover effect on F2 than for F1.
This is consistent with Molis and Summers’ findings (2003) that there was a rollover effect of
signal level on speech recognition for normal-hearing listeners and that the rollover effect was
greater for high-frequency speech than for low-frequency speech. Altogether, such greater roll-
over effects of signal level on perception of high-frequency speech than on perception of low-
frequency speech, found in both studies, were due to physiological and psychophysical facts
that cochlear processing is more linear (i.e., more level independent) in low-frequency regions
than in high-frequency regions (Rosen and Stock, 1992; Rosen ef al., 1998).
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As noted in Sec. 3, the rollover level effect on formant discrimination was greater at
the longer linguistic context (sentence) than the shorter linguistic context (isolated vowel), im-
plying that there may be some mechanisms other than the one addressed earlier involved in the
rollover level effect in sentence. One possibility may be that formant discrimination in sen-
tences is affected by forward and backward masking resulting from the speech preceding and
following the target vowel. Studies of intensity discrimination for pure tones under both for-
ward and backward masking suggested a nonmonotonic function from 20 to 100 dB SPL for
normal-hearing listeners (Zeng and Turner, 1992; Plack and Viemeister, 1992). For forward and
backward masking, especially when the masking delay was short (<100 ms), the intensity dis-
crimination function showed rollover in which thresholds for intensity discrimination were
higher at middle levels than thresholds at either low or high signal levels. However, it should be
noted that intensity discrimination was degraded with forward and backward masking at middle
levels while formant discrimination became better at middle levels, indicating that effects of the
forward and backward masking may be different between the two auditory tasks. Further re-
search will be conducted to reveal how forward and backward masking affect formant discrimi-
nation.

Summarizing, two main mechanisms may interpret the rollover level effect on formant
discrimination thresholds in the present study, depending on linguistic context. For vowel pre-
sented in isolation, the degradation of formant discrimination at the very high level is likely
accounted for by the poorer representation of vowel formants. Moreover, at high levels, high-
frequency formants are represented more poorly than low frequency due to greater nonlinearity
at high frequencies. When the target vowel is embedded into a long linguistic context, the pre-
ceding and following speech, resulting in forward and backward masking, may additionally
degrade formant discrimination at high levels.
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Abstract: Most binary-mask studies assume a fine time—frequency repre-
sentation of the signal that may not be available in some applications (e.g.,
cochlear implants). This study assesses the effect of spectral resolution on
intelligibility of ideal-binary masked speech. In Experiment 1, speech cor-
rupted in noise at —5 to 5 dB signal-to-noise ratio (SNR) was filtered into
632 channels and synthesized using the ideal binary mask. Results with
normal-hearing listeners indicated substantial improvements in intelligibility
with 24-32 channels, particularly in —5 dB SNR. Results from Experiment 2
indicated that having access to the ideal binary mask in the F1/F2 region is
sufficient for good performance.
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1. Introduction

The ideal binary mask (IdBM) has been set as a computational goal in computational auditory
scene analysis algorithms (Wang, 2005) and has also been used extensively in “missing feature”
speech recognition techniques (Cooke ef al., 2001). The ideal binary mask takes values of zero
and one, and is constructed by comparing the local signal-to-noise ratio (SNR) in each time—
frequency (T-F) bin against a preset threshold. The construction of the ideal binary mask re-
quires knowledge of the signals (speech and interferer) prior to mixing. It is usually applied to
the time—frequency representation of a mixture signal and eliminates portions of a signal (those
assigned to a “zero” value) while preserving others (those assigned to a “one” value). A number
of studies demonstrated high gains in speech intelligibility using the [dBM technique (Roman
et al., 2003; Brungart et al., 2006; Li and Loizou, 2007, 2008). In the Brungart et al. (2006)
study, for instance, performance was restored to the level attained in quiet when the [dBM
technique was applied to a closed-set word test at =3 dB SNR (speech stimuli were corrupted
by competing talkers).

The ideal binary mask was applied in the above-mentioned studies to the mixture sig-
nals assuming a fine time—frequency representation of the signal. The studies by Brungart et al.
(2006) utilized a bank of 128 gammatone filters with auditory-like frequency resolution, while
the study by Li and Loizou (2007) utilized a 512-point fast Fourier transform (256 channels). In
applications such as hearing aids or cochlear implants, however, the time—frequency represen-
tation of the signal can be rather coarse (Loizou, 1998). In cochlear implants, for instance,
speech is processed via a small number (12-22) of channels. Thus, it is not clear whether the
ideal binary mask technique can bring substantial intelligibility gains, if any, when the T-F
representation is poor as it is for instance in cochlear implants. Experiment 1 assesses the im-
pact of spectral resolution on the intelligibility of IdBM speech. The spectral resolution was
systematically varied by bandpass filtering speech into 6—32 channels and synthesizing it using
a sinewave-excited vocoder. Since in practice algorithms that estimate the binary mask might
not be accurate in all frequencies (channels), we assess in Experiment 2 the impact of frequency
location of the ideal binary mask by restricting access to the ideal binary mask to a subset of
channels.
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2. Experiment 1: Effect of spectral resolution
2.1 Subjects and material

Fourteen normal-hearing listeners participated in this experiment. All subjects were native
speakers of American English, and were paid for their participation. The speech material con-
sisted of sentences taken from the IEEE database (IEEE, 1969). All sentences were produced by
a male speaker. The sentences were recorded in a sound-proof booth (Acoustic Systems) in our
lab at a 25 kHz sampling rate. Details about the recording setup and copies of the recordings are
available in Loizou (2007). Two types of masker were used. The first was continuous (steady-
state) noise, which had the same long-term spectrum as the test sentences in the IEEE corpus.
The second masker was multitalker babble which was taken from the Auditec CD (St. Louis).
The maskers were added to the target stimuli at —5, 0, and 5 dB SNR levels.

2.2 Signal processing

The stimuli were processed via an n-channel sinewave-excited vocoder (Loizou ef al., 1999)
and synthesized with and without utilizing the ideal binary mask. In the baseline vocoder con-
dition, signals were first processed through a preemphasis filter (2000 Hz cutoff), with a
3 dB/octave rulloff, and then bandpassed into n frequency bands (n=6, 12, 16, 24, and 32)
using sixth-order Butterworth filters. Logarithmic filter spacing was used for n=<16 and mel
filter spacing (linear up to 1 kHz and logarithmic thereafter) was used for higher number (n
> 16) of channels. The envelope of the signal was extracted by full-wave rectification and low-
pass filtering (second-order Butterworth) with a 400 Hz cutoff frequency. Sinusoids were gen-
erated with amplitudes equal to the rms energy of the envelopes (computed every 4 ms) and
frequencies equal to the center frequencies of the bandpass filters. The sinusoids of each band
were finally summed and the level of the synthesized speech segment was adjusted to have the
same rms value as the original speech segment.

The stimuli were also processed and synthesized via the ideal binary mask as follows.
The masker signal is first scaled (based on the rms energy of the target) to obtain the desired
SNR level. The target and masker signals are then independently bandpass filtered as before
into n channels (same frequency spacing), and envelopes are extracted by low-pass filtering
(400 Hz cutoff) the rectified waveforms. The filtered target and masker signals are used to es-
timate the (true) instantaneous envelope SNR in each channel (the SNR is computed, every
4 ms, as the ratio of the rms energies of the target and masker envelope signals). If the SNR in
a given channel is found to be greater than 0 dB, then the mixture envelope of that channel is
retained (the 0 dB SNR threshold is adopted in this study as it is the threshold typically used for
constructing ideal binary masks, Wang, 2005). If the SNR in a given channel is found to be less
or equal to 0 dB, then the mixture envelope of that channel is discarded. Following the
retention/discarding of the mixture envelopes in each channel, the signal is synthesized as a sum
of m (m<n) sine waves with amplitudes set to the envelopes with positive SNR values and
frequencies set to the center frequencies of the corresponding bandpass filters.

2.3 Procedure

The experiments were performed in a soundproof room (Acoustic Systems, Inc) using a PC
connected to a Tucker-Davis system 3. Stimuli were played to the listeners monaurally through
Sennheiser HD 250 Linear II circumaural headphones at a comfortable listening level. Prior to
the test, each subject listened to vocoded speech to become familiar with the stimuli. The train-
ing session lasted for about 15—20 min. During the test, the subjects were asked to write down
the words they heard. Subjects participated in a total of 60 conditions (=3 SNR levels
X 2 algorithms X 2 maskers X 5 number of channels). Two different groups of subjects (seven
in each group) were used due to the limited number of lists available in the IEEE corpus. The
first group participated in the —5 and 0 dB conditions, and the second group participated in the
5 dB SNR conditions. Subjects were randomly assigned to the two groups. Two lists of sen-
tences (i.e., 20 sentences) were used for each condition.' The sentence lists were counterbal-
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Fig. 1. Mean percent correct scores as a function of number of channels for the two types of maskers tested. The
scores for the baseline vocoded stimuli (V) are shown in closed symbols and the scores for the IdBM-vocoded
stimuli are shown in open symbols. Error bars indicate standard errors of the mean.

anced across subjects. Sentences were presented to the listeners in blocks, with 20 sentences/
block for each condition. The different conditions were run in random order for each listener.

2.4 Results and discussion

The mean percent correct scores (all words were used in the scoring) are shown in Fig. 1 as a
function of number of channels. The scores for the baseline vocoded stimuli are shown in closed
symbols and the scores for the IdBM-vocoded stimuli are shown in open symbols. For the
stimuli corrupted by multitalker babble, three-way analysis of variance (ANOVA) (with re-
peated measures) indicated significant effect [F(4,24)=337.9, p <0.005] of spectral resolution
(number of channels), significant effect [F(1,6)=476.0, p<0.005] of processing (vocoding
and IdBM vocoding), significant effect [F(2,12)=720.5, p<0.005] of SNR level (=5, 0, and
5 dB) and significant (p <0.005) interactions among all factors. Similar ANOVA was applied
to the speech-shaped noise conditions. Analysis indicated significant effect [F(4,24)=268.5,
p<0.005] of spectral resolution (number of channels), significant effect [F(1,6)=248.8, p
<0.005] of processing (vocoding and IdBM vocoding), significant effect [F(2,12)=359.4, p
<0.005] of SNR level (=5, 0, and 5 dB), and significant (p <0.005) interactions among all
factors.
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As expected, performance improved as the number of channels increased for both
baseline and IdBM vocoded stimuli. Performance reached a plateau, however, in most condi-
tions depending on the masker and SNR level used. Post-hoc tests (according to Scheffé) were
run to find the number of channels needed to reach asymptotic performance. For the [dBM
stimuli processed in babble, performance reached an asymptote with 16 channels of stimulation
in the —5 and 0 dB SNR conditions. In the 5 dB SNR condition, performance obtained with 12
channels did not differ significantly (»p >0.05) from performance obtained with 16 channels.
For the IdBM stimuli processed in speech-shaped noise, performance asymptoted at 24 chan-
nels of stimulation in —5 dB SNR, and at 12 channels of stimulation in 5 dB SNR. There was no
asymptote in the 0 dB SNR condition.

The above-presented analysis clearly indicates that spectral resolution has a significant
impact on the intelligibility of IdBM stimuli. The performance with the IdBM stimuli did not
reach the same level (90%—100% correct) as attained by Brungart et al. (2006) with 128 chan-
nels in low (=3 dB) SNR conditions. Nevertheless, the improvement in performance obtained
with the IdBM stimuli in the present study is quite substantial, particularly at low SNR levels
(=5 and 0 dB). In the —5 dB SNR babble condition, for instance, performance improved by
roughly 60 percentage points with 24-32 channels of stimulation.

3. Experiment 2: Effect of frequency location of binary mask

In the previous experiment we assumed that we had access to the ideal binary mask in all chan-
nels. In practice, the binary mask (or equivalently the envelope SNR) needs to be estimated
from the noisy observations and the SNR estimation may not be accurate in all channels. Hence,
in the present experiment we assess the impact of frequency location of the binary mask on
speech intelligibility. This is done by assuming access to the ideal binary mask for only a subset
of the channels and leaving the remaining channels unaltered.

3.1 Subjects and material

A different group of six normal-hearing listeners participated in this experiment. All subjects
were native speakers of American English, and were paid for their participation. The same
speech material from the IEEE database was used for the target stimuli, and the same types of
maskers were used as in Experiment 1. The maskers were added to the target stimuli at =5, 0,
and 5 dB SNR levels.

3.2 Signal processing

The stimuli were processed as before into 32 channels via the ideal binary mask technique,
except for the following difference in implementation. Access to the ideal binary mask was
restricted only to channels falling within a limited frequency region spanning 0—f Hz, where
=560, 1000, 1630, 2720, and 5500 Hz. Hence, channels falling within the 0—f Hz region were
synthesized using the IdBM technique (same as in Experiment 1) and channels with upper
cutoff frequencies greater than f Hz were synthesized via the baseline vocoding strategy. Note
that the f/=5500 Hz condition corresponds to the condition in which all channels had access to
the ideal binary mask (same as in Experiment 1), and is included here for comparative purposes.
The above-mentioned cutoff frequencies were chosen to assess the importance of having access
to F1 information (f<<1000 Hz) alone or F1/F2 information (<2720 Hz) alone.

3.3 Procedure

The same experimental setup was used as in Experiment 1. Subjects participated in a total of 36
conditions (=3 SNR levels X 6 cutoff frequencies X 2 maskers) including the baseline vo-
coder and the IdBM-vocoded conditions. Two lists of sentences (i.e., 20 sentences) were used
per condition, and none of the lists were repeated across conditions. The sentence lists were
counterbalanced across subjects. Sentences were presented to the listeners in blocks, with 20
sentences/block in each condition. The different conditions were run in random order for each
listener.
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Fig. 2. Mean percent correct scores as a function of the cutoff frequency f (i.e., frequency location of the ideal binary
mask) for the two types of maskers tested. The f=0 Hz condition corresponds to the baseline vocoded stimuli which
made no use of the ideal binary mask. All stimuli were processed via 32 channels. Error bars indicate standard errors
of the mean.

3.4 Results and discussion

The mean percent correct scores are shown in Fig. 2 as a function of the cutoff frequency f (Hz),
i.e., the frequency location of the ideal binary mask. The f/=0 Hz condition corresponds to the
baseline vocoded stimuli (no access to the ideal binary mask) and the /=5500 Hz condition
corresponds to the situation in which all 32 channels had access to the ideal binary mask (as in
Experiment 1). For the stimuli corrupted by multitalker babble, two-way ANOVA (with re-
peated measures) indicated significant effect [F(5,25)=269.5, p<0.005] of the cutoff fre-
quency, significant effect [F(2,10)=862.3, p <0.005] of SNR level, and significant interaction
[F(10,50)=35.7, p<0.005]. For the stimuli corrupted by speech-shaped noise, two-way
ANOVA (with repeated measures) indicated significant effect [F(5,25)=266.3, p<0.005] of
the cutoff frequency, significant effect [F(2,10)=492.4, p<0.005] of SNR level, and signifi-
cant interaction [F(10,50)=32.9, p <0.005].

As shown in Fig. 2, performance improved monotonically as the cutoff frequency f
increased (i.e., more channels were included with access to the ideal binary mask). The above-
presented statistical analysis yielded an interaction between SNR level and cutoff frequency,
and that interaction stems from the fact that the rate of improvement in performance differed for
the three SNR levels. A steep rate of improvement in intelligibility was observed for low SNR
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levels (—5 dB) and a relatively shallow rate of improvement was observed for higher SNR levels
(5 dB) as fincreased (i.e., as more channels with ideal binary mask were added). Post-hoc tests,
according to Scheff¢, indicated that performance asymptoted at /=2500 Hz in the —5 and 0 dB
SNR conditions for both maskers. Performance asymptoted at f/=1500 Hz in the 5 dB SNR
condition for both maskers.

The outcome from the present experiment suggests that it is important for algorithms
that estimate the binary mask to be accurate in the low frequency region, and in particular the
F1/F2 region. The intelligibility tests in Experiment 2 suggest that having access to the ideal
binary mask in the low frequencies is sufficient for good performance. It is speculated that
access to a better SNR in the low-frequency region makes it easier for listeners to segregate
the target in complex listening situations via a glimpsing mechanism. Evidence of the advan-
tage introduced by glimpsing the low-frequency region was provided in the study by Li and
Loizou (2007) and Anzalone et al. (2006). Significant reductions in speech reception threshold
were obtained in the study by Anzalone et al. (2006) by both normal-hearing and hearing-
impaired listeners when the ideal speech detector was applied only to the lower frequencies
(70—1500 Hz).

4. Conclusions

The present study extended previous findings on the intelligibility of ideal binary masked
speech (Brungart ef al., 2006; Li and Loizou, 2008). The present results indicate that the use of
ideal binary masks can bring substantial gains in speech intelligibility, particularly at low SNR
levels (=5 and 0 dB), even when the spectral resolution is relatively low (16-24 channels).
Access to the ideal binary mask in the low frequencies, particularly in the F1/F2 region, was
found to be sufficient for good performance.
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Abstract: A principal components analysis of the median-plane head-
related impulse responses (HRIRs) in the CIPIC HRTF database reveals that
the individual HRIRs can be reconstructed by a linear combination of 12
principal components (PCs) within 5% of error in the least-squares sense.
The PCs include the intersubject and interelevation variations in the median-
plane HRIRs. Each PC provides sound cues for the front—back discrimination
and/or the vertical perception. There exist common systematic elevation de-
pendencies in the weights of lower-numbered PCs which contribute to the
pinna/head diffractions, whereas the elevation dependencies in the weights of
higher-numbered PCs are different from subject to subject.
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1. Introduction

The modeling of spatial dependence of head-related transfer functions (HRTFs) or head-related
impulse responses (HRIRs) by a set of basis functions has been attempted by several authors.
Martens (1987) applied the principal components analysis (PCA) to model HRTFs. He com-
puted a set of basis functions from the critical-band-filtered HRTFs in the horizontal plane.
Kistler and Wightman (1992) performed a PCA of the HRTFs data and they showed that the log
magnitude of HRTFs can be adequately approximated by a linear combination of five basis
spectral shapes, and they showed the systematic tendencies in the weights of the basis functions
according to the source position. Middlebrooks (1999) demonstrated a systematic dependence
of HRTFs on dimensions of 45 subjects. Chen et al. (1995) obtained the orthogonal basis func-
tions from the Karhunen—Loéve expansion of the complex valued (both magnitude and phase)
HRTFs. However, these previous studies focused on HRTFs in the frequency domain only.

In the time domain, Wu et al. (1997) performed the Karhunen—Loéve expansion of
HRIRs. However, the basis functions cannot represent the intersubject variations because they
included HRIRs of only single subject in the Karhunen—Loéve expansion. More recently,
Grantham et al. (2005) proposed a reduced order model of HRIRs in the time domain. They did
not, however, deal with the intersubject and interelevation variations. Shin and Park (2008)
performed a PCA of HRIRs of 45 subjects, and they proposed a HRTF customization technique
based on subjective tuning of the pinna responses. They, however, performed a PCA at each
source position, thus a set of basis functions is different at each source position and the basis
functions cannot represent the interelevation variations. These previous studies carried out in
the time domain did not show the systematic tendencies in the weights of the basis functions,
whereas Kistler and Wightman (1992) showed those in the frequency domain.

“Portions of this work were presented at the AES 31st International Conference in June 2007.
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Table 1. Percentage variance (% var) and reconstruction error (% error) as a function of the number of PCs (k), and
the kth largest eigenvalue (\;) of the covariance matrix.

k % var % error i k% var % error Ni k % var % error Ni

1 25.1 36.7 1.33E-1 7 769 11.3 263E-2 13 914 42 6.31E-3
2 424 28.2 9.21E-2 8 805 9.6 1.87E-2 14 924 3.7 5.31E-3
3 523 23.4 527TE-2 9 839 79 1.82E-2 15 932 33 4.11E-3
4 59.8 19.7 396E-2 10  86.4 6.7 1.34E-2 16 939 3.0 3.66E-3
5 66.5 16.4 357E-2 11 88.7 5.5 125E-2 17 945 2.7 3.29E-3
6 72.0 13.8 292E-2 12 902 4.8 7.88E-3 18  95.1 2.4 3.03E-3

The purpose of the present letter is to show the systematic elevation-dependent ten-
dencies in the weights of basis functions in the time domain and to clarify the contribution of
each basis function to the vertical perception and the front—back discrimination.

2. PCA of HRIRs in the time domain
2.1 PCA of median-plane HRIRs

The general procedure of PCA of the median-plane HRIRs is briefly described. More specific
details can be obtained from the authors’ previous work (Hwang and Park, 2007).

In this letter, we present a set of basis functions obtained from PCA of the median-
plane HRIRs in the CIPIC HRTF database (Algazi ef al., 2001). The number of median-plane
HRIRs at each ear is 2205 (45 subjects X 49 elevations from —45° to 225° at 5.625° intervals).
Before PCA was performed, we carried out a preprocessing on the median-plane HRIRs to
remove the initial time delay, defined as the time at which the pulse in HRIR first exceeds 12%
of its maximum amplitude, and to extract the early response that lasts for 1.5 ms since the
arrival of direct pulse. This early response over the 1.5 ms following the arrival of the direct
pulse is the data on which PCA is performed, and this response includes the effects of pinna,
head, shoulder, and torso (Brown and Duda, 1998). The basis functions (or basis vectors) can be
obtained from the covariance matrix of the mean-subtracted data matrix, and the & dominant
basis functions are the k eigenvectors of the covariance matrix corresponding to the & largest
eigenvalues. These basis functions are called “principal components” (PCs), and the set of HR-
IRs can be reconstructed by a linear combination of the PCs. Reasonable measures to determine
the number of PCs are the percentage variance and the percentage reconstruction error in the
least-squares sense. The percentage variance in HRIRs reconstructed from the first & PCs is
expressed as

k

2N\
% var(k) = 5— X 100(%) (A= - =N = - =\y), (1)
i=1
where \; (i=1,2,...,N) is the ith largest eigenvalue of the covariance matrix. The percentage

reconstruction error of HRIRSs is defined as
o |12
Y = Vil

177

where Y and Y}, indicate the original data matrix, which is composed of the 2205 median-plane
HRIRs and the reconstructed data matrix from the first £ PCs, respectively. Subscript F indi-
cates the matrix Frobenius norm. The variance excludes the empirical mean of HRIRs, whereas
the reconstruction error includes it. The absolute values of the eigenvalues of the covariance

% error(k) = X 100 (%), (2)
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Fig. 1. Twelve PCs obtained from PCA of the left-ear HRIRs in the median plane.

matrix also may be a meaningful measure to determine the number of PCs. Table 1 summarizes
the percentage variance and the percentage reconstruction error for the left-ear HRIRs as a
function of the number of PCs (k) and the kth largest eigenvalue of the covariance matrix. As the
number of PCs increases, the variance increases and the reconstruction error decreases expo-
nentially. The more PCs are used to reconstruct HRIRs, the more exact reconstruction can be
obtained. However, the nuisance PCs, which do not contribute significantly to the reconstruc-
tion, can be included. Previous studies determined the number of PCs to recover approximately
90% of the variance (Kistler and Wightman, 1992; Middlebrooks and Green, 1992). In this
letter, we set the reconstruction error bound of 5%, which is comparable to 90% of the variance
in HRIRs, yielding 12 PCs.

2.2 Interpretations on PCs and weight of PCs

Figure 1 shows the 12 PCs obtained from PCA of the left-ear HRIRs in the median plane.
Because the initial time delay was removed before PCA was performed, 0 ms in the horizontal
axis indicates the time at which the pulse in HRIR first exceeds 12% of its maximum amplitude.
Note that PC1, PC2, PC3, and PC4 have high energy up to 0.2 ms, whereas PC9 and PC10 have
high energy at around 0.4 ms. According to the previous study, the pinna mainly contributes to
the early response up to 0.2 ms and the last responses are mainly due to the shoulder/torso
reflections (Brown and Duda, 1998). Thus, it can be mentioned that PC1, PC2, PC3, and PC4
mainly contribute to the effect of pinna/head diffractions and that PC9 and PC10 mainly con-
tribute to the effect of shoulder/torso reflections. Physical acoustics can support these interpre-
tations. For example, 0.2 ms corresponds to the wave propagation distance of approximately
7 cm and this distance is comparable to the physical size of pinna.

The weight of PC (PCW) represents the contribution of each PC in the reconstructed
HRIR. Figure 2 shows the distributions of PCWs for the left-ear HRIRs of the 45 subjects at
each elevation in the median plane. Horizontal axis at each panel indicates the source elevation
in degrees. At each elevation, the closed square (M) and vertical bar (|) indicate the mean value
of PCWs (mPCW) and the £1 s.d. of PCWs, respectively. The trace of mPCW according to
elevation represents the common elevation dependency of PCW across all subjects, and the
standard deviation represents how much the intersubject variation exists. Most energy in HRIRs
is distributed to the responses of direct pulse and pinna/head diffractions and the lower-
numbered PCs have high energy in that responses, thus the absolute values of lower-numbered
mPCWs are generally larger than those of higher-numbered mPCWs.
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Fig. 2. Distributions of PCWs for the left-ear HRIRs of all subjects at each elevation (45 HRIRs) in the median
plane. Horizontal axis at each panel indicates the source elevation in degrees. At each elevation, the closed square
(M) and vertical bar (|) indicate the mean value and the *1 s.d. of PCWs, respectively.

Figure 3 shows variations of mPCWs across all elevations and across all subjects.
Open circles and squares indicate the maximum and minimum bounds of mPCWs across all
elevations and across all subjects, respectively. Each error bar indicates the 1 s.d. of mPCWs.
All PCs contribute to both the interelevation variations and the intersubject variations; however,
the degree of contribution to each of these variations is different from PC to PC. The informa-
tion in Fig. 3 indicates whether each PC contributes more to the interelevation variations or to
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Fig. 3. Variations of mPCWs across elevations and across subjects. Open circles and squares indicate the maximum
and minimum bounds of mPCWs across elevations and across subjects, respectively. Each error bar indicates the * 1

s.d. of mPCWs.
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Fig. 4. PCW1 (left panel) and PCW9 (right panel) of representative subjects in the CIPIC HRTF database. Squares
(B)) indicate the mean values of PCWs for all 45 subjects.

the intersubject variations. PCs 1—4 have larger standard deviations of mPCWs across all eleva-
tions than those across all subjects, and PCs 5—12 show the opposite results. Thus, it can be
mentioned that the interelevation variations in PCs 1-4 are larger than the intersubject varia-
tions, whereas the intersubject variations in PCs 512 are larger than the interelevation varia-
tions. PCWs 5-12 also show obvious elevation dependencies although the variations of
mPCWs across all elevations are smaller than those across all subjects.

However, the elevation dependencies of PCWs 5—12 are different from subject to sub-
ject. In other words, common elevation dependencies of PCWs 5-12 across all subjects are
relatively less obvious than those of the other PCWs. For example, Fig. 4 shows PCW1 and
PCW9 of representative subjects according to the elevation. The weights of PC1 for all three
subjects show the similar elevation dependency, and the dependency is comparable to that of
mPCW1. The elevation where PCW1 rapidly increases is different from subject to subject;
however, it is reflected in the variance of PCW1 in Fig. 2. On the other hand, the elevation
dependency of PCW9 is different from subject to subject except around 90° of elevation. PCW9
for subject 060 increases rapidly from —45° to 20°, decreases gradually from 20° to 180°, and
fluctuates at the other elevations, whereas with the increase of elevation the weights of PC9 for
subject 019 and subject 137 decrease gradually and fluctuate, respectively. Therefore, it can be
concluded that the elevation dependencies of the higher-numbered PCWs exist, but those are
different from subject to subject and the intersubject differences are reflected in the variations of
PCWs in Fig. 2.

Meaningful interpretations obtained from Figs. 2 to 4 are summarized as follows.

(a)  PCI has positive mPCW from about 30° to 150° and negative mPCW for other eleva-
tions, and mPCW increases monotonically from 0° to 90° and decreases monotonically
from 90° to 180°. Therefore, it can be mentioned that there exists the common elevation
dependency of PCW1 across all subjects and PC1 provides sound cue for the vertical
perception. The intersubject variations are larger in the frontal region than in the rear
region because the standard deviations of PCW1 across all subjects are larger in the
frontal region.

(b)  PC2 has positive mPCW in the frontal region except for low sources below —22.5° and
has negative mPCW in the rear region, thus there exists the common elevation depen-
dency of PCW1 across all subjects and PC2 provides sound cue for the front—back dis-
crimination. The intersubject variation of PCW2 is large in the frontal region.

(c) mPCW of PC3 is almost asymmetric about 90°, and its sign changes at approximately
20°,90°, and 160°. Therefore, the weights of PC3 for all subjects also show the common
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elevation dependency, and PC3 provides sound cues for the front—back discrimination
and the vertical perception. Similar to PC1 and PC2, PC3 shows larger intersubject
variation in the frontal region than in the rear region.

(d) mPCW of PC4 is almost symmetric about 120°; however, it shows locally monotonic
changes. Thus, the weights of PC4 for all subjects show the common elevation-
dependent tendency and PC4 generally does not contribute to the front—back discrimi-
nation but to the vertical perception. PC4 shows larger intersubject variation for the
frontal sources at around 0°.

(e)  PC5 has almost zero mPCW for all elevated sources, thus there is no common elevation
dependency of PCWS5 across all subjects. However, the standard deviation of PCWS5 is
large for sources from —45° to 45° and for low sources in the rear region. Therefore, it
can be inferred that the elevation dependency of PCWS5 is different from subject to sub-
ject and PC5 mainly represents the intersubject variation for these sources.

) mPCW of PC6 is almost zero in the rear region except for low sources (above approxi-
mately 210°), whereas it is symmetric about 20° in the frontal region. Thus, PC6 gener-
ally contributes to the vertical perception in the frontal region. The standard deviation of
PCW6 is almost the same for all sources in the median plane.

(g) mPCWs of PCs 7—12 are almost zeros except for low sources, and the standard devia-
tions of these PCs are large for sources from —45° to 45° in the frontal region. Thus, it
can be inferred that these PCs mainly represent the intersubject variations for elevated
sources from —45° to 45° and the elevation dependencies of PCWs 7—12 are different
from subject to subject for those elevated sources.

3. Discussion

PCAs of HRTFs in the frequency domain and PCAs of HRIRs in the time domain each have
advantages and disadvantages. Previous studies based on PCA in the frequency domain (Kistler
and Wightman, 1992; Middlebrooks and Green, 1992) deal with the log magnitude of HRTFs
under the assumption of a minimum phase property of HRTFs, and this can reasonably repre-
sent human’s sense of hearing because it is roughly logarithmic, whereas PCA in the time do-
main deals with the linear-scaled HRIRs. However, it is not clear which PCs in the frequency
domain are due to the pinna or to the shoulder/torso only because the shoulder/torso response
and pinna response are closely coupled. Moreover, the minimum phase assumption leads to
HRIR approximation that is much shorter than the original HRIR and where the pinna and torso
contributions are merged. On the other hand, PCs in the time domain can be classified into the
effects of pinna or shoulder/torso because HRIR can be decomposed into a series of temporal
sound events. Furthermore, to carry out PCA in the time domain, both the phase and magnitude
information may be considered to obtain PCs.

The number of HRIRs included in our analysis is less than that of HRTFs included in
the previous works performed in the frequency domain, but nevertheless the number of neces-
sary PCs in this study is greater than that in the previous studies. Kistler and Wightman (1992)
performed PCA using 5300 directional transfer functions (DTFs: mean-subtracted log magni-
tude of HRTFs) of 10 subjects and obtained 5 PCs to recover 90% of the variance in 5300 DTFs.
Middlebrooks and Green (1992) also obtained 5 PCs to recover 89.5% of the variance in 5760
DTFs of 8 subjects. A reason why the number of PCs in our study is greater than that in the
previous works is that the HRIRs of more subjects were included in the PCA. When the PCA
was performed in the frequency domain using median-plane HRTFs of 45 subjects in the CIPIC
HRTF database, the same number of PCs (12 PCs) were needed to recover 90% of the variance
in 2205 DTFs (details are not included because PCA in the frequency domain is not within the
scope of this letter). Thus, the requirement of a large number of PCs was not attributed to PCA
in time domain but to large number of subjects.

One can obtain many sets of orthogonal basis functions by rotation of a specific set of
basis functions, thus the set of 12 PCs presented in this letter is one of the sets of orthonormal
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basis functions. Other sets of basis functions obtained by rotation may have some other mean-
ingful property or be desirable in interpreting results although the rotation of a set of PCs is not
included in this letter.

4. Conclusion

The present letter expands on the previous studies, which dealt with PCA of HRTFs or HRIRs.
PCA of median-plane HRIRs in the CIPIC HRTF database was performed in the time domain.
The individual HRIRs can be reconstructed by a linear combination of 12 PCs within 5% of
error on average. These PCs are based on a larger population of subjects than that in the previ-
ous studies, and they include both the intersubject and interelevation variations in the HRIRs.
Each PC contributes to effects of pinna/head or shoulder/torso and provides sound cues for the
front—back discrimination and/or the vertical perception. There exist common systematic
elevation-dependent tendencies of the weights of lower-numbered PCs which contribute to the
pinna/head diffractions, whereas the elevation dependencies of the higher-numbered PCWs are
different from subject to subject. The interelevation variations in the PCs 1-4 are larger than the
intersubject variations, whereas the opposite results are shown in the other PCs.
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Abstract: A single pool of untrained subjects was tested for interactions
across two bimodal perception conditions: audio-tactile, in which subjects
heard and felt speech, and visual-tactile, in which subjects saw and felt
speech. Identifications of English obstruent consonants were compared in bi-
modal and no-tactile baseline conditions. Results indicate that tactile infor-
mation enhances speech perception by about 10 percent, regardless of which
other mode (auditory or visual) is active. However, within-subject analysis
indicates that individual subjects who benefit more from tactile information
in one cross-modal condition tend to benefit less from tactile information in
the other.
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1. Introduction

It has long been known that both visual (McGurk and MacDonald, 1976) and tactile (Sparks
et al., 1978) information can influence auditory speech perception. Previous research on the
effect of tactile information on speech perception has focused primarily on enhancing the com-
munication abilities of deaf-blind individuals (Chomsky, 1986; Norton ez al., 1977; Reed et al.,
1989). Central to much of this research is the Tadoma method (Alcorn, 1932). Tadoma involves
a perceiver placing his or her hand on a speaker’s face in a specific position in order to gain
tactile speech information. Typically, deaf-blind individuals require years of training in order to
use Tadoma successfully. While a minority of previous studies have tested the use of the Tadoma
method by individuals with normal hearing, speech, and visual systems (Blamey ef al., 1989,
Reed et al., 1978, 1982), the subjects of these studies were researchers who had extensively
studied the Tadoma method, and who had additional training prior to undergoing the experi-
ment.

In one of the few experiments demonstrating the influence of tactile information on
speech perception in a completely untrained population, Fowler and Dekle (1991) showed that
manual tactile contact with a speaker’s face coupled with incongruous auditory input can elicit
an audio-tactile (AT) McGurk-type illusion. However, the extent to which different modalities
interact with one another in speech perception is not known. A relevant property of intermodal
interaction is superadditivity, whereby a perceiver gains more benefit from information via one
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modality when that information is coupled with information via another modality (e.g.,
McGrath and Summerfield, 1985). It is unknown, however, whether there exist complex rela-
tionships across modalities, such that a particular modality will receive greater enhancement
when coupled with specific other modalities, or whether such interactions may vary across
perceivers.

The present paper uses the Tadoma method to test interactions across two bimodal
perception conditions for a single group of untrained perceivers. One condition involved audio-
tactile (AT) speech perception in noise by perceivers unable to see the speaker, and one involved
visual-tactile (VT) speech perception by perceivers when the speech was masked by noise.

2. Method

Twelve native speakers of North American English between the ages of 20 and 40 participated
in the study—five male, and seven female. All subjects had normal speaking and hearing skills,
and no training in linguistics, speech sciences, or any method of tactile speech perception.

Video and audio of all trials were recorded using a Sony DCR-TRV19 mini-DV cam-
corder. An experimenter (the third author, a female native speaker of English) read aloud from
prepared lists of token utterances. All tokens on the list had the structure /aCa/, where the
intervocalic consonant in each token was one of the 14 English obstruents: /b, p,t,d, k, g, f, v, 0,
0, s, z, §, 3/. Five repetitions of each disyllable were included, for a total of 70 tokens per trial.
For each subject, a different randomized list was used for each trial.

An audio-only pre-test was conducted prior to the main experiment to set subject-
specific noise levels. Half of the subjects participated in the AT condition first, and half partici-
pated in the VT condition first, allowing for control of whether prior experience in one condition
could affect performance in the other. A separate control trial was used to test participants’
ability to perceive the relevant consonants based on audio-only or visual-only input (without
tactile information). Thus, within AT and VT conditions, half of the subjects participated in the
control trial first, while half participated in the test trial first.

(1) Pre-trial. Each subject wore isolating headphones playing white noise with a fre-
quency band from 0 to 11 025 Hz at a sampling rate of 22 050 Hz, and was instructed to close
his or her eyes. The subject sat at arm’s length from the experimenter, who read from a random-
ized list of /aCa/ tokens prepared as described above. Simultaneously, a second experimenter
adjusted the volume of the white noise in the headphones. Noise levels were set so that the
subject could distinguish the correct segment with greater than chance frequency. During the
pre-trial for the VT condition, each subject was instructed to raise a hand when he or she heard
the experimenter speaking; noise levels were increased until the subject indicated (by a lowered
hand) that the experimenter’s voice was no longer audible at all. The final level was set slightly
higher than this, and several additional utterances were used to confirm inaudibility.

(2) AT trial (With Tactile condition). Subjects wore isolating headphones playing white
noise partially obscuring the acoustic speech signal as described above, and were instructed to
keep their eyes closed for the duration of the trial (confirmed after the experiment based on the
video record of each session). Each subject was seated at arm’s length from the experimenter,
with his or her right hand placed on the experimenter’s face as per the Tadoma method: (a) the
subject’s index finger was placed horizontally just above the experimenter’s mandibular ridge,
(b) the other three fingers were fanned out beginning just below the mandibular ridge, across the
experimenter’s throat, (c) the palm was held over the experimenter’s jaw and chin, and (d) the
thumb was placed lightly on the experimenter’s lips. Subjects received no instructions concern-
ing how or whether to interpret the information conveyed through the hand-face contact. Once
the subject was in place, the experimenter read aloud from a list of 70 token utterances prepared
as described above. Despite many hours of training to ensure constant productions, the experi-
menter occasionally misspoke (as confirmed in the video and audio record of the experiment),
with the result being that not all consonants in the stimuli lists were presented to each subject
exactly five times. Subjects were instructed to listen to the experimenter, and to repeat each
disyllable aloud in full to the best of his or her ability. A second experimenter recorded the
subject’s responses. This experimenter’s record was later checked against the video and audio
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Fig. 1. (Color online) Overall percent improvement in correct segment identification due to tactile information in AT
and VT conditions. Standard box plots show median, range and quartiles.

record by consensus among three phonetically trained experimenters. The audio record was also
used to confirm that the experimenter spoke at a consistent amplitude across conditions.

(3) VT trial (With Tactile condition). Procedures were identical to the AT trial, except
as follows: (a) the amplitude of the white noise was adjusted (as described above) to completely
obscure the acoustic speech signal, (b) subjects kept their eyes open for the duration of the
experiment, and (c) subjects were instructed to look at the primary experimenter throughout the
trial.

(4) Control trials (Without Tactile conditions). Procedures were identical to the AT and
VT trials, respectively, except that subjects had no physical contact with the experimenter dur-
ing the trial.

3. Results
3.1 Overall results

Total percent improvement in consonant identification was compared across subjects and con-
sonants for the Tactile conditions relative to the control conditions, i.e., auditory only or visual
only, using paired t-tests (paired by subject). Results were highly significant, indicating a mean
improvement of 9.96% (percentage points out of total possible correct, compared with a hy-
pothesized difference of zero) for the AT condition [t(11)=-4.2100; p=0.0015] and 9.42% for
the VT condition [t(11)=—4.0868; p=0.0018].

Total percentage improvement across VT and AT conditions was also compared using
a paired t-test (paired by subject). Results indicate no difference between VT and AT conditions
[t(11)=0.1483;p=0.8848]. Figure 1 plots improvements for all subjects with quartile box
plots.

No significant effects of order of trial presentation were found, allowing all subjects to
be included in all across-subject analyses.

3.2 Subject-by-subject results

Figure 2 shows percent accuracy results plotted by subject for AT and VT conditions. Although
overall results were virtually identical across AT and VT conditions (Fig. 1), subject-specific
results varied considerably. Figure 3 plots each subject’s improvement in AT vs. VT conditions
in a bivariate scatterplot. Linear regression indicates a significant negative correlation between
improvement in AT vs. VT conditions (r>=0.4479;p=0.0243; Subject 7’ values lay outside of
a 95% confidence ellipse, and were therefore omitted from this analysis). No significant corre-
lation was found between baseline accuracy in a modality and improvement due to adding tac-
tile information.
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Fig. 2. Subject-by-subject improvement in correct segment identification in AT (left graph) and VT (right graph)
conditions. The top line in each graph shows accuracy in With Tactile condition and the bottom line shows accuracy
in Without Tactile condition. The gray region between the lines represents the improvement due to addition of tactile
information.

4. Discussion

Across-subject results for the AT vs. VT conditions suggest that manual tactile information does
enhance speech perception by about 10% in untrained perceivers. However, subject-specific
results indicate that individual subjects vary substantially in how much improvement is gained
from adding tactile information to each of the other perceptual modalities tested. Specifically,
subjects who gain more from adding tactile information to the auditory modality tend to gain
less from adding tactile information to the visual modality, and vice-versa. This supports the
contention that modal additivity may differ for different cross-modal pairings across subjects.

5. Conclusion

The findings of this study support the notion that manual tactile information relevant to recov-
ering speech gestures enhances speech perception in normal perceivers untrained in methods of
tactile speech perception even for combinations of modalities where specific prior experience is
unlikely (e.g., visual + tactile). Further, this enhancement occurs regardless of the other active
modality—auditory or visual. However, the finding that subjects who gain more from tactile
input coupled with an auditory baseline gain less from tactile input coupled with a visual base-
line suggests that there is substantial individual variation in terms of which modality is favored
for speech perception and how cross-modal information is combined.

30

254

AT % Improvement

-5 0 5 10 15 20
VT % Improvement

Fig. 3. (Color online) Relationship between percent improvement in correct segment identification due to adding
tactile information. Linear fit shown indicates a significant negative correlation.
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Abstract: Listeners without absolute (or “perfect”) pitch have difficulty
identifying or producing isolated musical pitches from memory. Instead, they
process the relative pattern of pitches, which remains invariant across pitch
transposition. Musically untrained non-absolute pitch possessors demon-
strated absolute pitch memory for the telephone dial tone, a stimulus that is
always heard at the same absolute frequency. Listeners accurately classified
pitch-shifted versions of the dial tone as “normal,” “higher than normal” or
“lower than normal.” However, the role of relative pitch processing was also
evident, in that listeners’ pitch judgments were also sensitive to the frequency
range of stimuli.
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1. Introduction

There is an apparent paradox in the way listeners process frequency information in music. De-
spite the transduction and encoding of sound on the basis of frequency, with tonotopic repre-
sentations beginning in the cochlea, and continuing up through the auditory pathway to cortex
(Merzenich and Reid, 1974; Wessinger et al., 1997), in the context of music perception very few
listeners are able to identify, remember, or produce musical sounds on the basis of absolute
frequencies. Instead, most listeners process music in terms of relative pitch (RP); the relative
differences, or intervals, between pitches.

However, this is not strictly true of all listeners. A minority of listeners, those who
possess absolute pitch (AP; popularly known as “perfect pitch”), can explicitly produce or rec-
ognize an isolated tone, of say 277 Hz, as the musical pitch C#4. This ability is rare in North
American culture with estimated incidences ranging from less than 0.1% in the general popu-
lation (Profita and Bidder, 1988) to 15% among accomplished musicians (Baharloo et al.,
1998). However, cross culturally, the incidence is even higher (49%) among conservatory stu-
dents who identify themselves as “Asian or Pacific Islander” (Gregersen et al., 1999). This
result has been confirmed using direct tests of AP ability in music conservatory students in
China and the U.S. (Deutsch et al., 2006).

The incidence of AP ability may be higher still if one considers more implicit forms
that do not include a naming component. For example, musically trained listeners without ab-
solute pitch can nevertheless identify whether familiar musical excerpts (Bach Preludes) were
in the correct key (Terhardt and Seewann, 1983). Similarly, Schellenberg and Trehub (2003)
found that listeners can discriminate original versions of familiar instrumental television theme
songs from versions that were shifted in pitch by 1 or 2 semitones. Furthermore, production
studies have found that even listeners without absolute pitch can sing or hum familiar songs
from memory within a few semitones of the original recording (Halpern, 1989; Levitin, 1994).
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In the related speech domain, Deutsch (2002) has observed that speakers of a tonal language
(Vietnamese) show a high degree of pitch consistency (about 1 semitone or less) in their speech
production across test sessions.

Despite the common view that absolute pitch is “special,” relative pitch processing is
actually quite sophisticated. For example, relative pitch processing allows listeners to correctly
identify “Happy Birthday” when played on the piccolo or the cello, in the key of C or the key of
G, when sung by a man or a 4-year-old girl, because the relative pitch pattern in the melody
remains invariant even though the melody as a whole may be shifted up or down in frequency. In
fact, most listeners may simply ignore the absolute pitch information encoded by the auditory
system given that relative pitch patterns are of primary importance due to the considerable
variance in absolute frequency across instruments, voices, and musical keys. In fact, theories of
the psychological representation of melodic information (e.g., Deutsch and Feroe, 1981; Sch-
muckler, 1999) typically ignore absolute pitch information altogether.

If relative pitch processing allows listeners to perceive invariant structure amid the
considerably variant absolute pitch information present in music, how do listeners process
sounds for which there is little, if any, variance in frequency? There are few contexts in which
this is the case. However, one, perhaps unique, example of such an “auditory standard” is the
telephone dial tone, which was introduced in the 1960s. In North America, the dial tone consists
of two simple tones with frequencies of 350 and 440 Hz (which incidentally happen to be re-
lated by the musical interval of a major third). Technical specifications call for tones within
+0.5% of these nominal frequencies (International Telecommunication Union, 1998). Our
spectral analyses of multiple recording of dial tones produced by phones in Toronto and the
surrounding area have confirmed that their frequencies are consistently within this range. For
decades the dial tone has been ubiquitous, and listeners native to North America have had thou-
sands of experiences with this particular sound. Although it hardly constitutes a sound with
which musicians would choose to perform music, it does have a pitch quality for which listeners
may have absolute pitch memory.

The fact that the dial tone is not musical actually makes it useful as a stimulus to test
absolute pitch memory because people normally do not sing the dial tone. As a result, listeners
have no motor memory associated with the production of this particular sound. This character-
istic is important because previous studies have found that listeners’ vocal productions for re-
membered music and speech in tonal languages are often quite consistent and/or accurate in
their pitch content (Deutsch, 2002; Halpern, 1989; Levitin, 1994). Because it is not possible to
entirely rule out memory for previous experiences of vocal tensions required to reproduce these
pitches when singing along with one’s favorite songs or speaking a tone language, such results
may not exclusively reflect auditory memory for the music. In the likely absence of motor
memory for the dial tone, however, one can be more confident that listeners” memory is auditory
in nature.

The dial tone is also advantageous as a test stimulus because it is heard everywhere at
the same frequency. Furthermore, because the pitch of the dial tone does not vary, it is not
necessary to attach verbal labels to different pitches, as is done with musical notes (e.g., “do” or
“F#7). The dial tone is simply “the dial tone,” and even musically untrained listeners can say
whether the dial tone sounds normal or not. This is, in fact, one of the limitations of traditional
identification or production tests of absolute pitch: absolute pitch can only be tested in musi-
cally trained listeners because only they are able to use the verbal labels required for the task.
Because the dial tone reflects a unique standard common to all listeners, absolute pitch memory
for that standard can be tested in musically untrained listeners.

2. Experiment one

2.1 Method

Fifteen undergraduate students at the University of Toronto Scarborough participated in this
experiment. They all reported normal hearing and an average 3.5 (SD=3.5) years of musical
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Fig. 1. The distribution of “normal,” “higher than normal,” and “lower than normal” responses as function of the
frequency of the test dial tone from Experiment 1. The normal dial tone has a frequency factor of 1.00. Standard
error bars are shown.

training, although there was no training requirement for participation. The nature of absolute
pitch was defined and explained to all participants, and any listeners who believed that they
possessed absolute pitch were excluded from this experiment.

Nine stimuli (i.e., test dial tones) were created by multiplying the component frequen-
cies of the normal dial tone (350 and 440 Hz) by nine different scaling factors: 0.80, 0.85, 0.90,
0.95,1.00, 1.05, 1.10, 1.15, and 1.20. Thus, the resulting components produced the normal dial
tone when the factor was 1.00, and a higher or lower than normal dial tone when the factor was
greater or lower than 1.00, respectively. The 0.5 increments represent a pitch shift of just under
one semitone. Each 1-s-long auditory stimulus was generated by a PC and presented to listeners
diotically through headphones, at a comfortable listening level.

On each trial listeners heard a randomly selected single test dial tone and were asked to
judge whether it sounded “normal,” “higher than normal,” or “lower than normal.” This experi-
mental task was chosen because it did not require attaching a musical label to the stimulus.
Because some listeners had no musical training, the experimenter ensured that each listener
understood what was meant by “higher” or “lower” prior to the experiment, using a piano key-
board to demonstrate if necessary. Each listener judged each of the nine test dial tones 50 times
in a random order. No feedback was given. The experimental session lasted approximately
30 min.

2.2 Results and discussion

For each listener the percentage of “normal,” “higher than normal,” and “lower than normal”
responses for each of the test dial tones were calculated. Because these percentages are not
independent (i.e., an increased proportion of “normal” responses must be accompanied by a
decreased percentage of “lower” and/or “higher than normal” responses), they were treated as
categorical data and analyzed using Pearson )? tests. The rationale underlying this analysis is
that if listeners have no absolute pitch memory for the dial tone, the distribution of these three
types of responses should not significantly vary across stimuli. However, this null hypothesis
was rejected as significant Pearson x> scores were found for each individual listener, ranging
from 168.2 to 421.5 (M=336.20, all p's<<0.0001).

The percentage of each response for each test dial tone, averaged across the 15 listen-
ers, is shown in Fig. 1. The percentage of “normal” responses significantly varied as a function
of frequency, F(8,112)=18.28, p<0.0001), as did the percentage of “higher than normal”
responses, F(8,12)=165.15, p<0.0001, and “lower than normal’ responses, F(8,12)
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=160.00, p<<0.0001, although these latter effects are to be expected given the non-
independence of these responses. As shown in Fig. 1, listeners were increasingly more likely to
respond “normal” when test dial tones were normal, “higher than normal” when they were
higher, and “/ower than normal” when they were lower.

Altogether, these results demonstrate that listeners identified the normal dial tone amid
pitch-shifted variants. Although the general shape and positions of these response functions
demonstrate AP memory for the dial tone, listeners’ accuracy falls well below that typically
found in tests with AP possessors. For example, Takeuchi and Hulse (1993) review a number of
studies in which AP possessors show identification accuracy well over 70% to comparisons
within a semitone. In contrast, the present results reflect a more broadly tuned sensitivity to
absolute pitch information (listeners accuracy only exceeded 70% for “higher/lower than nor-
mal” responses for stimuli at least three semitones away from normal). Regardless, the fact that
non-AP possessors can make accurate pitch judgments based on their absolute pitch memory is
noteworthy. Experiment 2 examines the potential role of relative pitch processing in this task.

3. Experiment two

In Experiment 1, listeners differentiated the normal dial tone from pitch-shifted variants. How-
ever, because the normal dial tone was always presented in the center of the range of all stimuli,
it is uncertain whether listeners’ responses reflect their long-term absolute memory for the dial
tone, or relative judgments based on their short-term memory for the range of stimuli tested. In
other words, after a number of trials, listeners might have acquired a sense of what the highest
and lowest pitches in the stimulus set were and distributed their “higher,” “lower,” and “normal”
responses according to this range. Listeners were tested in conditions in which the normal dial
tone was either above or below the center of the pitch range of the test stimuli to examine both
absolute and relative pitch processing.

3.1 Method

Thirty-two undergraduate students, none of whom had participated in Experiment 1, were re-
cruited from the undergraduate subject pool at the University of Toronto Scarborough. They had
an average 2.5 (SD=3.2) years of musical training, although there was no training requirement
for participation. As in Experiment 1, AP was defined and explained to all participants, and any
listeners who believed that they possessed AP were excluded.

The stimuli were generated in the same manner as Experiment 1, but with an expanded
frequency range: 0.70—1.30. The “low range” test block tested stimuli with frequency factors of
0.70,0.75, 0.80, 0.85, 0.90, 0.95, 1.00, 1.05, and 1.10. The “high range” test block tested stimuli
with factors of 0.90, 0.95, 1.00, 1.05, 1.10, 1.15, 1.20, 1.25, and 1.30.

The procedure was identical to that of Experiment 1, with the exception that the testing
session was split into two blocks of trials. The order of test blocks was counterbalanced across
listeners. Listeners judged whether the stimulus presented was “normal,” “higher than normal,’
or “lower than normal.” Within each block listeners rated each stimulus 20 times in random
order. The experimental session lasted approximately 30 min.

3.2 Results and discussion

For both the high and low range stimuli the proportion of “normal,” “higher than normal,” and
“lower than normal” responses were calculated for each stimulus. As in Experiment 1, for each
individual listener, and for both the high and low range stimuli, the distribution of these three
responses significantly varied across test dial tones, with Pearson x? scores ranging from 49.5 to
263.6 (M=137.7, all p's<0.0001).

The percentage of each response at each frequency for the high and low range stimuli,
averaged across listeners, is shown in Fig. 2. The proportion of “normal” responses significantly
varied as a function of frequency, for the low range, F(8,248)=27.69, p <0.001, and high range
stimuli, F(8,248)=13.17, p<0.001. For the high range stimuli the proportion of “rnormal”
responses peaked at 49% for the normal dialtone (1.00), and for the low range range stimuli the
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Fig. 2. The distribution of “normal,” “higher than normal,” and “lower than normal” responses as function of the
frequency of the test dial tone for the low range (0.70-1.10) and high range (0.90-1.30) of Experiment 2. The normal
dial tone has a frequency factor of 1.00. Standard error bars are shown.

peak was at 54% for the 0.95 dial tone. Thus, although the normal dial tone was shifted away
from the center of the frequency range for each block, listeners were able to identify the normal
dial tone to within one semitone.

The probability of responding “higher than normal” also significantly varied as a
function of frequency, for both the high range, F(8,248)=172.22, p<0.001, and low range
stimuli, F(8,248)=146.47, p<0.001. Finally, the probability of responding “lower than nor-
mal,” varied as a function of dial tone frequency for both the high range, F(8,248)=67.33, p
<0.001, and low range stimuli, F(8,248)=248.89, p<0.001. As shown in Fig. 2, listeners
were increasingly more likely to respond “higher than normal” and “lower than normal” for test
dial tones that were indeed higher and lower than normal, respectively.

Although listeners show fairly accurate discrimination of the normal dial tone from
frequency shifted variants, listeners’ responses demonstrate some sensitivity to the range prop-
erties of these stimuli. To test this statistically, difference scores were calculated by subtracting
the percentage of lower responses from the percentage of higher response for each listener at
each frequency level that was common across the two sets of stimuli (i.e., from 0.90 to 1.10).
These difference scores (shown in Fig. 3) were submitted to a two-way repeated measures
analysis of variance with the within-subjects factors of frequency (0.90—1.10) and range (low or
high). As expected, a significant main effect of frequency was found, F(4,124)=272.50, p
< 0.001, which shows that as the test dial tones increase in frequency from 0.90 to 1.10 listeners
shift from judging the test dial tones as “lower than normal” to judging them as “higher than
normal.”
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Fig. 3. Difference scores from Experiment 2, calculated by subtracting the percentage of “Lower than normal”
responses from the percentage of “Higher than normal response” for the subset of stimuli common to both the high
and low range stimuli. Standard error bars are shown.

A significant main effect of range was also found, F(1,31)=112.63, p<0.001, with
mean difference scores of 0.27 and —0.26 for the low and high range stimuli, respectively. This
difference illustrates an increased tendency to rate the same test dial tones as lower than normal
when they were at the lower end of the range (i.e., the high range stimuli) than when they were
at the upper end of the range (i.e., the low range stimuli), and as higher than normal when they
were at the upper rather than lower end of the range tested.

The interaction between frequency and range was also significant, F(4,124)=6.11,
p<<0.001, and demonstrates that the general frequency range context (high versus low range)
differentially influenced judgments, with the low range producing a wider range of responses
across the various frequencies than the high range block. This interaction is at present difficult
to interpret.

Overall, the results of Experiment 2 demonstrate both an absolute memory for the
normal dial tone (as in Experiment 1), as illustrated by the broadly tuned distribution of “nor-
mal” responses centered to within a semitone of the true normal dial tone. Furthermore, the
present results show that listeners’ identification of the normal dial tone was not a simple arti-
fact of this stimulus being presented at the center of the range of test dial tones, given that the
response distributions show the appropriate skew when the normal dial tone was offset within
the range of test stimuli. Finally, listeners’ judgments were subtly influenced by changes in the
range of the stimuli, suggesting a role for both absolute pitch memory for the dial tone in com-
bination with relative pitch processing with respect to the range of other stimuli.

4. General discussion

The present study demonstrates that musically untrained listeners, who were not absolute pitch
possessors, could nevertheless accurately identify the original telephone dial tone amid pitch-
shifted variants. This finding demonstrates that over the course of everyday experience, listeners
(1) have encoded the dial tone in long-term memory in a way that preserves the absolute fre-
quency information contained in the sounds, and (2) can make accurate pitch judgments of new
sounds relative to this internal standard. This ability is similar in some ways to what is typically
considered absolute pitch, but also differs in some important respects.

As discussed above, the demonstration of implicit AP memory among listeners with-
out AP is not entirely new (Deutsch, 2002; Halpern, 1989; Levitin, 1994; Schellenberg and
Trehub, 2003; Terhardt and Seewan, 1983). The present study extends these results to a new
context (i.e., the dial tone), one that is different is some important ways. Unlike other studies of
AP, the dial tone stimulus is not musical, or even sing-able. Previous studies have employed

EL82 J. Acoust. Soc. Am. 123 (4), April 2008 N. A. Smith and M. A. Schmuckler: Dial A440



N. A. Smith and M. A. Schmuckler: JASA Express Letters [DOI: 10.1121/1.2896106] Published Online 20 March 2008

musical stimuli that were ultimately singable, and so the potential for motor memory remains.
Thus the present results can more confidently be interpreted as reflecting auditory, not motor,
memory.

Although the present study lends support to the idea that some form of absolute pitch
memory may be present in listeners not possessing AP in the typical sense, there remain impor-
tant reasons for constraining the implications of this finding. In particular, the absolute pitch
memory demonstrated here may be different from that of “true” AP possessors in important
ways.

First, listeners’ identification was much less accurate than that typically found in tests
oftrue AP possessors (reviewed in Takeuchi and Hulse, 1993). Furthermore, response functions
in the present study were more broadly tuned than in other studies on AP, suggesting that the
absolute pitch memory in true AP possessors may indeed be different in both degree and kind.
Indeed it is possible that the processing of pitch in terms of musical labels may afford AP
possessors greater accuracy.

Second, although listeners appear to be sensitive to absolute pitch information, their
responses were also influenced by contextual or relative pitch information. Listeners engaged in
both absolute and relative pitch processing in performing this task, which is presumably differ-
ent from what true AP possessors do. It is interesting to consider what factors might influence
the kind of processing listeners perform in different situations. In the present study, for instance,
relative pitch information was minimal. Although listeners may have been able to estimate the
range of stimuli, the fact that each trial contained only one dial tone, and that the dial tones were
randomly selected, may have emphasized the use of absolute pitch information. In contrast, had
the dial tones been combined into short melodic patterns, relative pitch processing might have
been a more natural mode of processing, causing a loss of sensitivity to the absolute pitch
information altogether.

Third, there is the issue of generalizability. The dial tone tested here (consisting of 350
and 400 Hz components) is standard to North America. However, dial tones vary from country
to country (International Telecommunication Union, 2003). For example, most Europeans are
familiar with a dial tone consisting of a single 425 or 440 Hz component. Accordingly, an
important test of many of the processes discussed here would involve examining whether for-
eign listeners demonstrate a similar AP memory for their local dial tone. A European replication
would be particularly interesting because it would also permit an examination of potential tim-
bral influences on AP. Because the North American dial tone is made up of a combination of
tones, it has a characteristic timbre that may also aid listeners’ identification. Thus, a cross-
cultural test of dial tone memory would provide a valuable extension of the current findings.
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Abstract: The analysis of the ultrasonic frequency-dependent backscatter
coefficient of aggregating red blood cells reveals information about blood
structural properties. The difficulty in applying this technique in vivo is due
to the frequency-dependent attenuation caused by intervening tissue layers
that distorts the spectral content of backscattering properties from blood mi-
crostructures. An optimization method is proposed to simultaneously esti-
mate tissue attenuation and blood structure factor. With in vitro experiments,
the method gave satisfactory estimates with relative errors below 22% for
attenuations between 0.101 and 0.317 dB/cm/MHz, signal-to-noise ratios
>28 dB and kR <2.7 (k being the wave number and R the aggregate radius).
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1. Introduction

Ultrasonic (US) backscattered echoes from blood contain frequency-dependent information
that can be used to obtain quantitative parameters reflecting the aggregation state of red blood
cells (RBCs). Recently, two parameters describing RBC aggregation, the packing factor and
mean fractal aggregate diameter, were extracted from the structure factor size estimator
(SFSE).! The SFSE is a second-order data reduction model based on the structure factor and
adapted to a dense medium such as blood. This approach is based on the analysis of the back-
scattered power spectrum that contains information about the size, spatial organization, concen-
tration and mechanical properties of scatterers (i.e., RBCs). The difficulty in applying the SFSE
in vivo is that the spectral content of backscattered echoes is also affected by attenuation caused
by intervening tissue layers between the probe and the blood flow. More generally, ultrasound
scatterer size estimation techniques for tissue characterization (such as liver, kidney, prostate or
breast) are facing similar Challenges.z’3 To correctly evaluate microstructural parameters, it is
thus of major interest to take into account tissue attenuation effects. A few groupsz""5 developed
measurement techniques to evaluate the frequency-dependent attenuation in order to compen-
sate a posteriori the backscattered power spectrum. The goal of this letter is to further develop
this strategy for in vivo measures of RBC scatterer sizes. We propose to simultaneously deter-
mine blood structural parameters and total attenuation by using an optimization method, termed
the structure factor size and attenuation estimator (SFSAE).

This method consists in fitting the spectrum of the backscattered radio-frequency (rf)
echoes from blood to an estimated spectrum by a modified SFSE model. This approach is simi-
lar to that presented by Bigelow ef al.,” who estimated the effective radius of tissue microstruc-
ture and total attenuation from simulated backscattered signals. Herein, in vitro experimental
evaluation of the SFSAE is performed. Porcine RBCs were sheared in a Couette flow system,
and ultrasonic rf echoes were obtained using a 25 MHz center-frequency transducer. Since skin
is one of the most attenuating tissue layers during in vivo scanning, three skin-mimicking phan-
toms with different attenuation coefficients were successively introduced between the
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transducer and the blood flow. This study shows the SFSAE ability to evaluate three parameters
(the packing factor, mean fractal aggregate diameter, and total attenuation).

2. Structure factor size and attenuation estimator

Blood can be seen as a very dense suspension of red cells. These RBCs cannot be treated as
independent scatterers since particle interactions (collision, attraction, deformation, flow de-
pendent motrons) are strong. The theoretical model of ultrasound backscatterlng by blood that
we developed is based on the particle approach 7 which consists of summing contributions
from individual RBCs and modeling the RBC interaction by a particle pair-correlation function.
Assuming that the Born approximation is valid (weak scattering), the model proposed in Ref. 1
can be modified to predict the theoretical backscatter coefficient from blood

BSCtheor(k) = mo—b(k)S(k)A (k) 5 (1)

where k is the wave vector, m is the number density of RBCs in blood estimated by measuring
the hematocrit H by microcentrifugation (m=H/V, where V is the volume of a RBC), 0, is the
backscattering cross section of a single RBC, S i 1s the structure factor describing the spatial
organization of RBCs, and 4 is the frequency-dependent attenuation function. The backscatter-
ing cross section g, of a weak scattering particle small compared to the wavelength (Rayleigh
scatterer) can be determined analytically as follows: o3,(k)=1/(472)k*V>72, where 7. is the
variation of impedance between the RBC and its suspending medium (i.e., the plasma). The
structure factor S is by definition the Fourier transform of the pair-correlation function’ g and
can be approximated by its second-order Taylor expansion1 ink as

Sk)=1+m f (g(r)— De ¥¥dr =~ w— ls—z(kR)z. (2)

In this expression, g(r) represents the probability of finding two particles separated by a dis-
tance r W is the low-frequency limit of the structure factor ( S(k)|;_,) called the packing
factor.”® R is the radius of three-dimensional (3D) RBC aggregates assumed to be isotropic. We
introduce D=R/a as the isotropic diameter of an aggregate (expressed in number of RBCs)
with a the radius of one RBC sphere-shaped model of volume V. The attenuation function 4 is
given by: A(k)=e * where fis the frequency and ay is the attenuation coefficient (in dB/
MHz) defined by: oy=2X;e;, where «; and e; are, respectively, the intervening tissue layer
attenuations (in dB/cm/MHz) and thicknesses. According to the above equation, we thus as-
sume, as a first approximation, that the attenuation linearly increases with the frequency: a(f)
=qf.

The measured backscatter coefficient reported in this study was computed as

Pmeas(k)
Pre(k)

In Eq. (3), the mean backscattered power spectrum P,.,,, Was obtained by averaging the power
spectra of 400 backscattered echoes from blood. The mean power spectrum P, was obtained
from a reference sample of non-aggregated RBCs at a low hematocrit of 6% (i.e., Rayleigh
scatterers) In this case, 400 echoes were also averaged. The backscatter coefﬁc1ent of this
reference sample BSC,.; was estimated usrng the “Rayleigh estimation” approach used by Yu
and Cloutier," which theoretical value is given by Eq. (13) in Ref. 8§ (three-dimensional Perkus
Yevick packing factor for cylinders). This reference sample was used to compensate the back-
scattered power spectrum P, for the electromechanical system response, and the depth-
dependent diffraction and focusing effects caused by the US beam.

The packing factor W, aggregate diameter D and total attenuation along the propaga-
tion path «, were determined by matching the measured BSC,,,s given by Eq. (3) with the
theoretical BSCy,.., given by Eq. (1). For this purpose, we searched values of W, D, and «

BSCeas(k) = BSCof(k) (3)
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Fig. 1. (Color online) (a) Typical aspect of the logarithm of the cost function F(W,D, ay) for a fixed value of a;. The
logarithm is shown here in order to enhance the visual contrast. This cost function has one minimum denoted
(W, D*) that depends on «a. (b) Typical aspect of the function log(F(W*,D*, «)) for varying values of a;, (W* and
D* being calculated for each «;). This cost function has a single minimum.

minimizing the cost function F(W,D, a) =||BSCyeas— BSCiheod|*- In all studied cases, the cost
function seemed to have a unique global minimum, as was observed by plotting the cost func-
tion surface F(W,D) with varying values of ;. An example is given in Fig. 1.

3. Methods
3.1 Experimental setup

US measurements were performed in a Couette flow system to produce a linear blood velocity
gradient at a given shear rate (see Fig. 1 in Ref. 10). The system consisted of a rotating inner
cylinder with a diameter of 160 mm surrounded by a fixed concentric cylinder of diameter
164 mm. A 60 ml blood sample was sheared in the 2 mm annular space between the two co-
axial cylinders. The US scanner (Vevo 770, Visualsonics, Toronto, Canada) equipped with the
RMYV 710 probe was used in M mode for this study. The single-element focused circular trans-
ducer had a center frequency of 25 MHz, a diameter of 7.1 mm and a focal depth of 15 mm. We
operated at a sampling frequency of 250 MHz with 8 bits resolution (Gagescope, model
8500CS, Montreal, Canada). The probe was mounted in the sidewall of the fixed outer cylinder
and was positioned to have its focal zone at the center of both cylinders. To ensure ultrasonic
coupling, the hole within the outer stationary cylinder (containing the probe) was filled with a
liquid agar gel based mixture. When solidified, this gel was cut to match the curvature of the
cylinder to avoid any flow disturbance. The gel was a mixture of distilled water, 3% (w/w) agar
powder (A9799, Sigma Chemical, Saint Louis, MO), 8% (w/w) glycerol, and a specific concen-
tration of 50 um cellulose scattering particles (S5504 Sigmacell, Sigma Chemical, Saint Louis,
MO) that determined the attenuation coefficient. Four experiments were performed with four
mixtures having Sigmacell (SC) concentrations varying from 0% to 0.75% (w/w). The 0% con-
centration constituted the nonattenuating gel and the three other mixtures mimicked skin at-
tenuations.

3.2 Attenuation measurements

The attenuation coefficients of the reference (0%) and three skin-mimicking phantoms «,, were
determined by using a standard substitution method. Two transducers with center frequencies of
25 MHz (Vevo 770, Visualsonics, Toronto, Canada) and 20 MHz (V317-SM Panametrics,
Waltham, MA) were coaxially aligned facing each other for transmission measurements. Trans-
mitted signals were recorded both with and without the agar gel sample in the acoustic path. The
attenuation coefficient was then estimated using a log spectral difference technique.” For a
given concentration of SC, measurements were obtained from two different sample thicknesses,
and for each, four regions were scanned for averaging purpose. Values obtained were
0.007+0.002, 0.101+0.028, 0.208+0.029, and 0.317+0.039 dB/cm/MHz for SC concentra-
tions of 0, 0.25, 0.50, and 0.75%, respectively. The thickness of the skin-mimicking phantoms
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Fig. 2. (Color online) (a) Backscatter coefficients for blood sheared at different residual shear rates and measured
with the 0% Sigmacell (SC) concentration phantom (no attenuation), and corresponding fitting with the classical
SFSE with no compensation for attenuation. (b) Backscatter coefficients for blood sheared at 5 s™! and measured
with each of the four phantoms. The corresponding fitted models are the SFSE for the 0% SC phantom, and the
SFSAE for the three other skin-mimicking phantoms (0.25, 0.5, and 0.75% SC).

e, being fixed to 1 cm, their attenuation coefficients were thus in the same range as the human
dermis (0.21 dB/MHz at 14—50 MHz considering a 1 mm dermis thickness' ).

3.3 Blood preparation and measurement protocol

Fresh porcine whole blood was obtained from a local slaughterhouse, centrifuged and the
plasma and buffy coat were removed. Two blood samples were then prepared: (i) a H6 reference
sample, which was a 6% hematocrit non-aggregating RBCs resuspended in saline solution; and
(i1) a 40% hematocrit T40 test sample, which consisted of RBCs resuspended in plasma to
promote aggregation. The H6 sample was sheared at 50 s~! and coupled with the 0% SC con-
centration agar gel. Echoes were selected with a rectangular window of length 0.8 mm at four
depths every 0.2 mm (i.e., with 75% overlap between windows). For each depth, the power
spectra of the backscattered echoes were averaged over 400 acquisitions to provide P, Then,
the H6 sample was removed and the T40 blood was introduced in the Couette device. In the first
30 s, a shear rate of 500 s™' was applied to disrupt RBC aggregates. The shear rate was then
reduced to residual values of 2, 5, 10, 20, and 30 s™! for 90 s. After that, for each shear rate,
acquisitions of 400 rf lines were performed for 80 s. Echoes were windowed as for the H6
sample at the same depths and their power spectra were averaged to obtain P,.,,. This protocol
was repeated four times with the four agar-based phantoms.

3.4 Reference measurements with the 0% SC concentration phantom

The experiment with the 0% SC phantom was realized in order to have reference results on
packing factors W, and aggregate diameters D,.; obtained from the classical SFSE.! These
parameters were assumed to be true values of packing factors and aggregate diameters for all
shear rates, and will be compared in the next section with packing factors and diameters esti-
mated by the SFSAE and by the SFSE when skin-mimicking phantoms are used.

It is important to emphasize the fact that the H6 reference sample was also measured
with the 0% SC phantom. The phantom attenuation, although small with no SC, therefore af-
fected equivalently both spectra P,.,, and P in Eq. (3). The resulting measured backscatter
coefficient BSC,.; was thus not biased by attenuation. The terminology “no attenuation” was
used for this experiment in the following.

4. Results and discussion

Figure 2(a) reports results on W, and D, for the SFSE in the case of no attenuation. Typical
results of the SFSAE minimization procedure for the different agar phantoms at a shear rate of
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Fig. 3. (Color online) (a) Values of W, D, and ¢, (in dB/MHz) for different residual shear rates estimated by the
classical SFSE for the 0% SC concentration and by the SFSAE for the three skin-mimicking phantoms. (b) Corre-
sponding relative errors.

5 s !are given in Fig. 2(b). All results on ¥, D, and «a, from the SFSAE are summarized in Fig.
3 for all residual shear rates. In this figure, the relative errors for each parameter correspond to:
(W=Wep)! Wegs (D= Diep)/ Dy, and (ag— @pep) / Qpep, With ap measured in transmissions. More
specifically, o, corresponds to 2,;ae;=(@,e,+ Ayio0dbiond) Where ae,, is the skin-mimicking
phantom attenuation estimated in transmission, and ayo0q€pi00d 18 the blood attenuation taken
equal to 0.022 dB/MHz (Ref. 1) for all shear rates. To underline the necessity to take into
account the attenuation, parameters W,comp and Dyocomp Were evaluated with the SFSE without
attenuation compensation when skin-mimicking phantoms were used. Because of the
frequency-dependent distortion produced by the attenuating medium, large relative errors can
be seen in Fig. 4(a) for both parameters. However, by compensating the backscatter coefficients
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Fig. 4. (Color online) Relative errors of the packing factor and aggregate diameter for the three skin-mimicking
phantoms obtained with the SFSE (a) with no compensation for attenuation (Wpocomp and Dygcomp), and (b) with
attenuation compensation using the attenuation values estimated in transmission (W, and Degyp). Parameters

Whocomp and Wy and similarly Dyoeomp and Do, are compared with Wy and Dy, respectively.
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in the SFSE with the value measured in transmission (Sec. 3.2), relative errors in Fig. 4(b) are
largely reduced to values comparable to those estimated with the SFSAE [see Fig. 3(b)].

The SFSAE (Fig. 3) gave quantitatively satisfactory estimates of W, D, and « with
relative errors below 22%, for shear rates between 5 and 20 s™'. The SFSE with attenuation
compensation [Fig. 4(b)] gave estimates of Wqp,, and Do, With relative errors below 12% for
shear rates between 2 and 10 s™!, and below 28% for the shear rate of 20 s™'. However, for the
SFSAE, the average estimates for the shear rate of 2 s~! were less accurate (relative errors
below 57% for W and below 30% for «). The estimation of D was satisfactory at that shear rate
(relative errors below 14%). The worse results of 7, D, and a,, were obtained at 30 s™! for the
highest attenuation.

The apparent limit of applicability of the SFSAE method for shear rates of 2 and
30 s™!' may be explained by considering the following. At 2 s™!, for the frequency bandwidth
considered (9—30 MHz), the SFSE and consequently the SFSAE seem to reach their limit of
applicability for large aggregate sizes (typically D,=17.5 in Fig. 2(a), i.e., kR=4.8). This limit
is illustrated by the bad fit of the SFSE model in Fig. 2(a) at 2 s™!. The bad estimations of the
SFSAE at 30 s™! are explained by the fact that the aggregate diameters were estimated to zero
and attenuations were overestimated. At this high shear rate, RBC aggregation is partially in-
hibited and the signal-to-noise ratio (SNR) of our measurements was reduced (=—4 dB be-
tween 20 and 30 s ! for all phantoms). The accuracy of the estimates was thus degraded with
increasing attenuations, as can be seen from the large relative errors at the highest attenuation
with the SFSAE but also with the SFSE with attenuation compensation (W om, and Degpyp)-

To conclude, the SFSAE performed well for kR <2.7 (i.e., D=10 at 5 s~ ') and under
the condition that the SNR is sufficiently good (SNR>28 dB corresponding to the SNR at
30 s7! for the 0.25% SC). Although the SFSAE gave less accurate estimates for 2 and 30 s/,
the estimated parameter values presented in Fig. 3(a) show that the SFSAE gave qualitatively
satisfactory estimates for the three SC skin-mimicking phantoms at all shear rates, since the
estimates of /7 and D versus shear rates had the same behaviors as W, and D,;.

5. Conclusions

The performance of the new SFSAE was assessed with experimental measurements on blood in
a Couette flow device. The accuracy of the estimates obtained with the SFSAE was not as
satisfactory as those obtained with the SFSE with attenuation compensation (i.e., when a priori
are known about the attenuation). Nevertheless, the SFSAE has the major advantage to be easily
applicable in vivo because of the simultaneous estimation of the blood structural properties and
total attenuation (contrary to the SFSE attenuation-compensation method, needing the attenua-
tion and thickness of the tissue intervening layers to be known). This work thus confirms the in
vivo applicability of RBC aggregate size and structure estimations. Complementary studies are
nevertheless required to determine the validity domain of the SFSAE according to kR and at-
tenuation.
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Ilusory spectrotemporal ripples created with
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Abstract: Binaural disparities are the primary acoustic cues employed in
sound localization tasks. However, the degree of binaural correlation in a
sound serves as a complementary cue for detecting competing sound sources
[J. E. Culling, H. S. Colburn, and M. Spurchise, “Interaural correlation sensi-
tivity,” J. Acoust. Soc. Am. 110(2), 1020-1029 (2001) and L. R. Bernstein
and C. Trahiotis, “On the use of the normalized correlation as an index of
interaural envelope correlation,” J. Acoust. Soc. Am. 100, 1754-1763
(1996)]. Here a random chord stereogram (RCS) sound is developed that pro-
duces a salient pop-out illusion of a slowly varying ripple sound [T. Chi et al.,
“Spectro-temporal modulation transfer functions and speech intelligibility,”
J. Acoust. Soc. Am. 106(5), 2719-2732 (1999)], even though the left and
right ear sounds alone consist of noise-like random modulations. The quality
and resolution of this percept is systematically controlled by adjusting the
spectrotemporal correlation pattern between the left and right sounds. The
prominence and limited time-frequency resolution for resolving the RCS
suggests that envelope correlations are a dominant binaural cue for grouping
acoustic objects.

© 2008 Acoustical Society of America
PACS numbers: 43.66.Lj, 43.66.Pn, 43.66.Rq [QJF]
Date Received: June 11,2007 Date Accepted: August 29, 2007

1. Introduction

Interaural time difference (ITD) and interaural level difference (ILD) cues provide critical in-
formation about the spatial position of a sound source.' Although numerous studies have fo-
cused on the role of binaural disparities in sound localization phenomena, various studies have
alternately emphasized the concept of correlation cues in binaural segregation and detection
tasks.>® In the cocktail party problem4 for instance, one can attend to a single speaker since the
left and right ear waveforms are highly correlated with each other but are uncorrelated with
other competing signals. Indeed, subjects exhibit a “binaural advantage” in detection tasks over
monaural conditions if two competing signals have independent binaural parameters.s’6 Several
studies have also investigated the ability to discriminate varying degrees of correlation.”* How-
ever, only a few demonstrated that sound envelope correlations can enhance detection of a
narrowband modulated signal in noise.’

One interesting demonstration of binaural grouping involves binaural beats and di-
chotic pitches where an illusory beating sound or a pitch is perceived when two distinct sounds
are presented binaurally.7’8 If two pure tones of different frequencies are presented dichotically,
time-varying ITDs result at the difference frequency and give rise to a beating percept. In the
case of Huggins pitch, a phase spectrum discontinuity in broadband noise produces a narrow
spectral band with anticorrelated fine structure which gives rise to an internally computed “bin-
aural spectrum”.7
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Fig. 1. (a) The right audio channel of the random chord stereogram is generated by modulating sinusoidal channels
with a sequence of random spectrotemporal chords (a, left). The corresponding modulation envelope and fine
structure (carrier) is shown for one frequency channel (magnifying glass inset) on the right. Black dots correspond
to on tone-pips and off sounds are represented by white dots. (b) The left audio channel is generated by mapping the
random chord pattern for the right sound in (a) with a binaural correlation map. The correlation coefficient value in
this map determines the likelihood that the same tone-pip pattern is observed simultaneously in the left and right
sound. Light bars designate a correlation coefficient of one so that left and right tone-pips at the corresponding
time-frequency location occur simultaneously. Dark bars represent zero correlation between the left and right enve-
lope implying that the left and right tone-pips at the specified time-frequency combination are independent. Nine
distinct correlation patterns are shown at various spectral (ripple density, RD) and temporal resolutions (temporal
modulation frequency, TMF). These binaural correlation map patterns are designed to resemble the spectrogram of
a moving ripple sound (see text).

We developed a novel sound that we refer to as the random chord stereogram (RCS,
samples available at http://www.engr.uconn.edu/~escabi/VRsounds.html) to demonstrate that
binaural correlations in the spectrotemporal envelope of a sound can be fused binaurally to
create a salient percept of an illusory moving ripple (MR) sound. MRs consist of a sinusoid
spectrum noise (“ripples”) in which the sound modulations vary with time to create a beating or
frequency sweep percept. In contrast to dichotic pitch sounds, the proposed RCS targets binau-
ral envelope correlations independently of interaural fine structure correlation and timing cues.

2. Methods

Experiments were performed in an acoustically shielded sound chamber (IAC, Bronx NY).
Sounds were delivered via calibrated earphones (Senheiser HD 600) with a RME 9600 Hamer-
fall professional audio card and presented at 75 dB sound pressure level. Three-second-long
acoustic signals were generated offline in MATLAB (Mathworks, Natick MA) programming en-
vironment at 44.1 kHz sampling rate. To generate a RCS sound a random tone-pip sequence
(Fig. 1(a)) for the right audio channel was mapped to the left audio channel according to a
correlation map (Fig. 1(b)). First, a noise sequence for the right audio channel [xz(¢)] was gen-
erated as a sum of randomly chosen tone-pips:

xp(t) =2 Dxp - wlt =T+ 1) - sinQ2afyt + 6,). (1)
k1

Here, f;,=f;-2"2X, is the octave frequency axis used for the component tone-pips (upper limit
20 kHz, 0 =k=201), ;=100 Hz is the lowest frequency component, and AX=0.0380 octaves
is the spectral separation between adjacent frequency carriers. A b-spline ramped window, w(z)
(10 ms duration, 2.5 ms rise time), was used to generate the envelope for each tone-pip with
temporal spacing resolution of 7=10 ms (0 =/=300). For each frequency the carrier phase, 6;,
was chosen from a uniform random distribution within the range [0, 27r]. Finally, x;, is a Ber-
noulli number that randomly turns each tone-pip on (1) or off (0) at a given time-frequency
location.
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Once the right audio channel was generated, the left audio channel was constrained by
the binaural correlation map (Fig. 1(b)). Correlation maps were generated so that the spec-
trotemporal correlation pattern between the left and right sounds resembled the spectrotempo-
ral envelope of a moving ripple sound’ using

1y =round[0.5+ 0.5 sin(2mw(QX, + F, T))], (2)

where X;=log,(f;/f}) is the octave frequency axis, T,=I-T is the discrete time axis, () is the
ripple density (RD, cycles/octave) and F', is the temporal modulation frequency (TMF, Hz). A
correlation of 1 indicates that a given tone-pip is present simultaneously on the left and right
audio channels; 0 indicates that a given left and right audio tone-pip occur independently of
each other (i.e., randomly; with 0.5 probability). Correlation maps with continuous correlation
values (round operator removed) were also tested and produced similar results but are not re-
ported here.

2.1 Subjects and procedures

All experiments were conducted with written approval of the University of Connecticut’s Inter-
nal Review Board. Seven healthy adult subjects participated in various aspects of the study (five
in Experiments 1 and 2; four in Experiment 3). Each subject was initially trained to recognize
the virtual “beat” (ripple density=0) or “siren” (nonzero values) percepts that are associated
with moving ripple sounds. Test sessions started with a “warm up” period and were carried for
up to 2 h or until fatigued with 10 min of rest after a maximum of 25 min of testing. Every
experiment contained the presentation of two consecutive 3-s-long sounds employing a two-
alternative-forced-choice paradigm. A single sample t-test was employed to analyze the signifi-
cance of results. Each subject was tested by fixing RD (0, 0.5, 1, or 1.5) and sequentially incre-
menting the TMF value. Tests were stopped when the null hypothesis of “subjects find the sound
containing the percept at the rate of chance” could not be rejected for at least two consecutive
TMF values. Sample sounds used in these experiments can be found at http://
www.engr.uconn.edu/~escabi/VRsounds.html.

2.2 Experiment 1

This experiment was conducted to determine if interaural envelope correlations in the RCS
produce an audible percept of a moving ripple sound. Since the intended moving ripple percept
is not perceived monaurally and was only evident when spectrotemporal correlations are fused
binaurally, we refer to this percept as the virtual ripple (VR). Only one of the two test sounds
contained the VR effect with the order of presentation randomized. Control sounds consisted of
RCS signals in which the binaural envelope correlations (r; ;) were set to zero (random enve-
lopes for left-right ears) or one (same sound to both ears). VRs were presented at varying TMF
(Fig. 3(a)). The span of TMF was determined via initial trials to establish a relevant range. Each
stimulus set was presented only ten times since all subjects had a perfect record of discriminat-
ing sound that contained the intended VR percept from the controls sounds (100% correct, #-test

p=0).
2.3 Experiment 2

This experiment was designed to ascertain the resolution of the binaural system engaged in
perception of the VR. Both sounds contained the VR effect with nonequal TMFs and the sub-
jects were asked to identify the sound with a faster TMF by selecting the first or second sound.
Each trial involved a set of stimuli with systematically increasing TMF value (Fig. 3(b)). Each
set was presented a total of 30 times to each subject. The experiment was repeated with RD
values of 0, 0.5, 1, and 1.5 cycles/octave, except for one subject who was tested only at 0 cycles/
octave. All subjects were at chance for RD values 1.5 or greater when TMF was >1.
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Virtual Ripple Percept

Right Sound Freq

Fig. 2. The RCS paradigm is illustrated for a ripple correlation pattern of RD=0 cycles/octave and TMF=3 Hz. The
random envelope modulations for the left and right sounds are individually shown with no evident structure.
Superimposed on these patterns is the correlation map (blue: zero correlation, magenta: correlation of one). The
absolute value of the difference between the left and right ear random chord patterns, (the difference map at the
center) shows that the sounds are identical whenever the correlation map is one (magenta) and random whenever
their correlation is zero (blue). Perceptual grouping of these structured correlations between the left and right audio
channels produces the intended virtual ripple percept (Fig. 3).

2.4 Experiment 3

This test was conducted on four subjects to determine if binaural carrier correlations are re-
quired for the VR percept. Two RCS sounds were generated and tested at RD of 0 cycles/octave
and TMF of 3 Hz because this combination produced a strong VR percept in experiment 2. The
first sound consisted of a standard VR (as for experiments 1 and 2) in which the carrier phase,
0,, was identical for the left and right ear. A second sound was designed where the carrier phases
were uncorrelated for the left and right sounds. In both cases the left and right envelopes were
identical (Fig. 1(b)). Subjects were asked to identify which of the two sounds contained the VR
percept. Each subject was tested for ten trials, at which point the results were deemed statisti-
cally significant (100% correct for all subjects, z-test p=0).

3. Results

The proposed RCS sound may be viewed as an acoustic analog of the visual random dot
stereogram.lo It is generated by modulating frequency specific sinusoidal channels (carrier or
fine structure) with a spectrotemporal envelope (Fig. 1(a)). The spectrotemporal envelope pat-
tern consists of acoustic “chords” that are chosen randomly in time and frequency. The random
chord pattern is devoid of any spectral or temporal structure (Fig. 1(a)) so that diotic presenta-
tion produces no distinct auditory percept.

We hypothesized that a desired illusory sound pattern could be produced by system-
atically incorporating binaural correlations to the random RCS sound envelope. To test this
hypothesis, the binaural correlation pattern between the left and right sound was adjusted to
resemble the spectrogram of a MR sound (Fig. 1(b); Fig. 2). MRs are analogous to visual sinu-
soid gratings and have been used to systematically characterize spectral and temporal acoustic
preferences in humans’ as well as map neuronal sensitivities in mammals.'"*"* Two key param-
eters determine the quality of a MR. The ripple density (RD) accounts for the number of spec-
tral peaks and valleys existing over a one-octave frequency segment and is used to adjust the
spectral resolution or a perceived timbre. The temporal modulation frequency (TMF) deter-
mines the number of onsets and offsets in the sound over time. Here, RD and TMF parameters
are used to adjust the spectral and temporal resolution of the correlation map (Fig. 1(b)). Three
tests were conducted to characterize whether subjects perceived the intended VR and the stimu-
lus parameters contingent for this percept.
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Fig. 3. RCS discrimination results showing the saliency of the virtual ripple percept. (a) RCS sounds with structured
correlation are readily discriminated (100% correct, averaged over four subjects) from non-VR sounds. All sounds
contained broadband spectral correlations (RD=0). (b) The subjects ability to identify the spectral and temporal
quality of the sound was tested as a function of ripple density (RD, solid=0.0 cycles/octave; dotted=0.5 cycles/
octave; dashed=1.0 cycles/octave) and temporal modulation frequency (Hz). Subjects accurately identified the
spectrotemporal content of the VR percept for low ripple density and temporal modulation frequencies. Performance
degrades with increasing spectral (ripple density) or temporal (temporal modulation frequency) resolution. Error bars
represent standard error of the mean and * designate significant results at p<0.01.

3.1 Experiment 1

Subjects reported a strong VR percept whenever the RCS contained structured envelope corre-
lations as in Fig. 2 (see Methods). Reference non-VR signals were generated either by con-
structing two uncorrelated (envelope correlation of zero) or two identical (envelope correlation
of one) left and right ear random chord sounds. In all cases, subjects readily identified VR from
non-VR signals (100% correct at all tested TMF and RD=0 cycles/octave; t-test p=0) (Fig.
3(a)). At zero ripple density (RD=0, broadband correlations) subjects reported a prominent
“beating” sound against a noise background whose beat frequency was determined by the spe-
cific TMF value (Mm. 1 and Mm. 2). A nonzero RD produced a sequence of illusory frequency
sweeps described as a “siren” in a noise background (Mm. 3).

| Mm.1. Virtual ripple audio sample. RD=0 cycles/octave and TMF=3 Hz. |

|_Mm.2. Virtual ripple audio sample. RD=0 cycles/octave and TMF=5 Hz. |

| Mm.3. Virtual ripple audio sample. RD=0.5 cycles/octave and Fm=1 Hz. |

3.2 Experiment 2

VR sounds were easily discriminated at low TMF and zero RD values (Fig. 3(b)). Subjects
performed a two alternative force choice task in which they were required to identify the VR
sound with higher TMF (tested at RD=0, 0.5, 1, and 1.5 cycles/octave). Discrimination grew
worse with increasing TMF [analysis of variance (ANOVA), F;g=41, P<0.01] or RD
(ANOVA, F|,=64, P<0.01). Nonzero RDs gave rise to a notably fainter VR percept than

sounds with RD=0. Subjects thus perceive the VR optimally at zero ripple density (broadband
correlation) and slow (<8 Hz) temporal modulations.

3.3 Experiment 3

Are fine structure (carrier) correlations a prerequisite for the VR percept? Two RCS sounds
were generated with identical envelope correlations to address this question. The fine structure
correlations for these two sounds were independently adjusted as either one (identical carrier
phase between left and right ear; as for Experiments 1 and 2 in Methods) or zero (independent
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carrier phases). All subjects identified sounds with fine structure correlations of one as produc-
ing the VR percept and reported no audible percept when zero fine structure correlations were
used (100% correct, t-test p=0).

4. Discussion

These results demonstrate a salient auditory illusion of a time-varying timbre that is generated
by adjusting the pattern of left and right ear envelope correlations. Binaural envelope correla-
tions are present in most listening conditions and likely enhance subjects’ ability to group sound
objects in the presence of directional head related cues (e.g., ITD and ILD) and background
noise. Our results suggest that spectrotemporal correlations in the binaural envelope are an
important cue for grouping sounds into a coherent acoustic object; in this case, the illusion of
virtual ripples.

The observed grouping in the RCS potentially has some relevance for grouplng sound
objects in real environments and could contribute to the cocktail party effect.* Specifically,
binaurally correlated spectrotemporal patterns in the RCS are grouped separately from its un-
correlated segments. These correlated and uncorrelated regions exhibit time-frequency conti-
nuity allowing them to be grouped and perceived as a VR. Similarly, when listening to two
competing sound sources the spectrotemporal envelope of each sound will be highly correlated
binaurally with itself but will be binaurally uncorrelated with the competing source. Thus simi-
lar to the RCS paradigm, the sound mixture contains correlated and uncorrelated binaural spec-
trotemporal components that can be separately grouped.

The perceptual limits underlying this binaural phenomenon differ significantly from
monaural or diotic listening conditions in which ripple sounds are integrated and perceived at
notably higher spectral and temporal resolutions. ? Interestingly, the slow time constant for per-
ception of the VR (<8 Hz) is consistent with previous work on binaural ¢ slugglshness 3 which
has been described for moving sounds of varying ITD. Our paradigm differs from this scenario
since our sounds have zero ITD with a correlation pattern that moves along the sensory epithe-
lium (shifts from high to low frequency) and not in space. Our results also demonstrate that
spectral resolution of the binaural system for grouping sound objects can be coarser than mon-
aural integration. This degraded spectral resolution in the VR (upper limit of ~0.5 cycle/octave)
is significantly coarser than the upper limit on the spectral resolution for monaural/diotic ripples
and speech (upper limit ~10 cycles/ octave) ' Our results differ con51derab1y from previously
reported findings which indicate that spectral resolution for processmg head related spectral
cues for vertical plane localization lies within 0.5-2 cycles/octave % In contrast, binaural criti-
cal band measurements suggest that spectral resolution can be equally high for monaural and
binaural detection conditions.'” Thus, while the auditory system is capable of analyzmg fine
details in the spectral content of a sound for both monaural and binaural tasks, grouping of
auditory objects with binaural envelope correlations is restricted to coarse spectral resolutions
(<0.5 cycles/octave). In theory, the desired correlation pattern in an RCS can be adjusted to any
arbitrary spectrotemporal sound pattern. However, the perception of the VR exhibits a distinct
trade-off in which high temporal and spectral resolution cannot be resolved concurrently (Fig.
3(b)).

Several mechanisms could contribute to the poor spectrotemporal resolution associ-
ated with the RCS. It is possible that these results reflect differences in anatomical convergence
of the binaural circuitry or between monaural and binaural integration mechanisms. For in-
stance, although the extraction of ITD information requires precise temporal integration in the
brainstem, the analysis of blnaural envelope cues likely involves sluggish binaural spec-
trotemporal filters at the cortical level® that could potentially account for such distinctions.

Fine structure binaural correlations in the RCS sounds assumed a constant value of
one and thus cannot account for the VR percept on their own. Instead, integration of binaural
correlations in the sound envelope is consistent with the VR percept since these were designed
to resemble the spectrotemporal pattern for MR sounds (Fig. 1(b)). The fact that the VR percept
is evident exclusively when the fine structured correlations are one suggests that fine structure
interaural correlations are analyzed first, prior to the structured interaural envelope correlations
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that give rise to the VR percept. This result is consistent with the hierarchical architecture of the
lemniscal auditory pathway where fine structure binaural information is analyzed early on in the
auditory bralnstem and envelope information is subsequently extracted in the auditory midbrain
and cortex These results differ from previously described blnaural phenomena such as Hug-
gins pltch ¥ binaural masking release,™ and binaural beats” which rely primarily on fine

structure or ITD cues. RCS sounds are generated by manipulating the envelope correlation
patterns while keeping the fine structure correlations constant. These results thus demonstrate
that binaural envelope correlations can be grouped together to form a binaural illusory percept.
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Abstract: The low-frequency sound speed in a fluid-like kaolinite sedi-
ment containing air bubbles was measured using an acoustic resonator tech-
nique and found to be 114 m/s with negligible dispersion between 100 and
400 Hz. The sediment’s void fraction and bubble size distribution was deter-
mined from volumetric images obtained from x-ray computed tomography
scans. A simplified version of Wood’s effective medium model, which is de-
pendent only upon the ambient pressure, the void fraction, the sediment’s
bulk mass density, and the assumption that all the bubbles are smaller than
resonance size at the highest frequency of interest, described the measured
sound speed.
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1. Introduction

The acoustic properties of gassy sediments are important in a diverse range of marine applica-
tions including sonar and mine hunting,1 civil and petroleum engineering,2 and the interpreta-
tion of seismic surveys,3 among others. A number of studies have been performed regarding
scattering from, and sound propagation and attenuation in, gas—bearing sediments. Examples
are Refs. 4-7. Desplte these and other similar studies, the various models for sound propagation
in gassy sediments® '* have gone largely unverified. Wilkens and Richardson'' investigated the
gas-bearing sediments in Eckernforde Bay and observed resonant bubble acoustic effects con-
sistent with thelr measured bubble size distribution and the predictions of the Anderson/
Hampton model, ¥ hereafter referred to as AH. Unfortunately, heterogeneous acoustic measure-
ment techniques, and possibly heterogeneous gas distributions prevented an unambiguous
characterization of the sediment acoustic properties. Recently, Best et al.® obtained wide band
sound speed and attenuation measurements on a gassy sediment and enough environmental
characterization data to compare the acoustic measurements to the predictions of AH. They
found good agreement between measured and modeled acoustic attenuation (using a best fit
bubble size distribution) but found poor agreement between measured and modeled sound
speed. Again, heterogeneity of the bubble distribution, and deviation from spherical bubbles
were cited.

In the present study, we sought to minimize the experimental complexity and uncer-
tainty, and conducted a laboratory experiment with reconstituted kaolinite sediments that con-
tained entrained air bubbles. Low-frequency (below 1 kHz) sound speed measurements were
obtained with an acoustic resonator technique. A high-frequency (400 kHz), bistatic sound
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Fig. 1. (Color online) The acoustic resonator and associated apparatus used to obtain the low-frequency sound speed
measurements.

speed measurement was attempted but failed due to excess attenuation. High-resolution x-ray
computed tomography imagery was used to determine the bubble size distribution and overall
void fraction. The fluid-like kaolinite sediment, which had bubbles of primarily spherical and
spheroidal shape, exhibited a nondispersive sound speed that was accurately described by a
simplified version of Wood’s equation.12 All measured sound speeds were at frequencies well
below the lowest individual bubble resonance frequency (IBRF)

2. Description of the apparatus and measurement procedure

The sediment sample was prepared inside an acrylic core tube of circular cross section with
6.1 cm outer diameter, 1 mm wall thickness, and 0.463 m length. A latex rubber membrane
(thickness=0.127 mm) was used to close the bottom of the tube. Dried kaolinite was mixed with
de-ionized fresh water to a 65% water mass fraction. Air bubbles were entrained during the
sample preparation. A measurement of the high frequency (400 kHz) sound speed was at-
tempted using a pulse transmission technique and apparatus described in Refs. 11, 13, and 14,
but it failed due to excess attenuation in the sediment. The low-frequency sound speed was
determined using the acoustic resonator shown in Fig. 1. The sample-filled core tube was trans-
ferred to the acoustic apparatus and positioned as shown. The air—sediment interface at the top
and a styrofoam block at the bottom provided pressure release acoustic boundary conditions to
a high degree of approximation, as described in Ref. 15. Acoustic standing waves were gener-
ated with a 3-cm-diam aluminum piston that was attached to an electromechanical shaker via an
aluminum stinger. Band-limited periodic chirps were produced by a vector signal analyzer
(VSA) and directed to the shaker through a power amplifier. The source signal was also digi-
tized by the VSA. The piston was positioned a few centimeters below the upper air—sediment
interface. The acoustic pressure inside the sediment was received with a miniature hydrophone,
positioned a few centimeters below the source. The received signals were bandpass filtered
(10—-10 kHz) and amplified with a charge amplifier, and digitized by the VSA. According to
manufacturer specifications, the source velocity and receiver pressure responses were flat to
within less than £1 dB in the experimental frequency range.

Acoustic pressure spectra were then calculated onboard the VSA by way of a transfer
function between the received acoustic pressure and the excitation signal using 20 spectral av-
erages. This preserved the pressure magnitude and phase relative to the excitation signal and
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Table 1. Physical properties used in the evaluation of the elastic waveguide model.

Longitudinal sound Transverse sound speed ‘Wall material Inner wall Outer wall
speed (m/s) (m/s) density (kg/m?) radius (m) radius (m)
¢;=26064 ¢,=1087 p,=1185 b=0.0295 d=0.0305

yielded the coherence function. The number of averages and the amplitude of the excitation
were chosen to achieve a near-unity coherence function at all frequencies of interest, which
guaranteed a high signal-to-noise ratio and ensured linear bubble behavior.'® Peak pressures
inside the sediment were typically less than 160 dB re 1 wPa.

Immediately following the acoustic resonator measurements, the sediment sample was
transferred to a Universal Systems HD-500 micro-computed x-ray tomography sys‘cem.17
Three-dimensional imaging scans (107 wm voxel size) were obtained over approximately 1/3
of the total sediment volume. A three-dimensional rendering of a portion of the scan is shown in
Mm 1. The sediment contained relatively evenly dispersed gas bubbles of primarily spherical or
spheroidal bubbles. Image analysis software was used to calculate total gas volume V,, and
bubble size distribution. Knowledge of the scanned sediment core tube volume ¥, was used to
extrapolate global sediment void fraction x=V,,/ Vi The measured void fraction was y
=0.0045 and the void fraction measurement uncertainty was +0.001 due to the voxel size.

[Mm 1. Three-dimensional rendered views of subsets of the micro-CT scans are shown. The
yellow-colored objects are gas bubbles. Neither the core tube walls nor the non-gas phases of the
sediment are visible (2.9 Mb)]

The bulk mass density p,.q of gas-free sediment material was measured with a Quan-
tachrome Penta pycnometer. Five samples taken from just below and five from 25 c¢cm below the
air—sediment interface were measured. No significant difference was found between the upper
and lower locations. The mean density was 1581.4 kg/m?> and the range of variation of the five
samples was +5.6 kg/m?>. The density measurement uncertainty was 1 ppt (given in pycnom-
eter’s specifications).

3. Accounting for the elastic waveguide effect

In a gas-filled acoustic resonator, the walls are effectively rigid. In a liquid-filled resonator,
there is significant coupling between the fill-liquid and the tube. The result is a reduced sound
speed relative to that observed in an unconfined environment. This effect is hereafter referred to
as the elastic waveguide effect. An exact analytic model'® for sound propagation in a finite-
thickness elastic-walled, fluid-filled cylindrical tube was used to relate the speeds observed in
the resonator to the intrinsic sound speed the material would exhibit in an unconfined environ-
ment. This procedure (and its validity) is discussed in Ref. 15 and summarized here. Equation
(A1) of Ref. 15 is the dispersion relation for the resonator waveguide. The intrinsic sound speed
¢y of the liquid that fills the resonator is an input parameter to Eq. (A1). The phase speed ¢, of
the plane wave mode is an output. The resonator measurements described here yield the effec-
tive phase speed c.¢ observed inside the waveguide. The intrinsic sound speed ¢ is then varied
in Eq. (A1) until the model output ¢y, matches the measured value c . The value of ¢ that
achieves the match is reported as the intrinsic sound speed of the sample. The physical param-
eters used in the elastic waveguide model [Eq. (Al), Ref 15] are given in Table 1. The sound
speeds for the tube walls were initially taken from the literature, but the similar values that were
ultimately used were obtained via resonator calibration with filtered degassed fresh water.

4. Model of sound propagation in fluid-like gas-bearing sediment

The sediment in this experiment was fluid-like. It flowed readily and its shape was not main-
tained when unsupported. Therefore, Wood’s model'? for the sound speed in a bubbly liquid was
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Fig. 2. (Color online) The resonator spectrum obtained for the kaolinite sediment. The four lowest resonance
frequencies are identified with circles. (b) The effective sound speed c. inside the gassy kaolinite-filled waveguide
is inferred from these frequencies, where a least-squares fit yields c.;=99.1 m/s. After correcting for the elastic
waveguide effect, the intrinsic sound speed inferred from the measurements was cp=114 m/s =2 m/s, where the
range is due to finite spectral resolution and the uncertainty in the resonator length L. The Wood limit model [Eq. (1)]
predicted c,=110-138 ms, where the range is due to the uncertainty of the void fraction.

used, which requires that the excitation frequency be well below the resonance frequency of the
largest bubble. For 0.002 <y <0. 94§ and isothermal conditions (a good approximation for these

bubble sizes) the model reduces to
_ Patm + psedg(L/z)
Clfgs = ) ( 1 )
X(l - X)psed

where c¢jg is the low-frequency sound speed in the gassy sedlment P,»=101.3 kPa is the at-
mospheric pressure, p,.q is the sediment mass density, g=9.81 m/ s? is the acceleration of gravity,
L is the length of the resonator, and y is the void fraction. The terms in the numerator account
for the mean dependence of the bubble compressibility on the local hydrostatic pressure. In this
experiment, the largest bubble radius observed was 4.6 mm. The corresponding bubble reso-
nance frequency is 4.91 kHz, determined by Eq. (1) of Ref. 8 using a conservatively low value
for sediment shear modulus (G=10* Pa), also from Ref. 8. The highest frequency in these ex-
periments was 0.8 kHz, which rendered the low-frequency approximation valid. Note that even
if G was set to zero, the lowest bubble resonance frequency would still be about six times higher
than the highest acoustic excitation frequency. The simplified form of Eq. (1) is used because it
best illustrates the physical nature of sound propagation in near-surface gas-bearing fluid-like
sediments.

5. Results

The measured resonator spectrum is shown in Fig. 2(a), where four resonance frequencies are
identified. The effective sound speed c.¢; is inferred from the slope of the curve in Fig. 2(b). The
nth resonance frequency is given by f,=(c./2L)n and L is the length of the resonator. After
correction for the elastic waveguide effect (Sec. 3), the intrinsic gassy kaolinite sound speed
was ¢p=114 m/s+2 m/s. The measurement uncertainty was due to the finite spectral reso-
lution and the uncertainty of L (1.2 mm). For the length, void fraction and density reported in
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Table 2. Measured and predicted sound speeds.

Frequency range of ~ Low-frequency 400 kHz pulse
resonator resonator sound  Sound speed predicted by transmission sound
Sediment type measurements (Hz) speed (m/s) Eq. (1) (m/s) speed (m/s)
Gassy kaolinite 100-550 114%2 110-138 n/a due to excess
attenuation
Degassed filtered water 200-1000 1494 n/a 1494

(calibration)

Sec. 2, the model [Eq. (1)] predicts a low-frequency gassy sediment sound speed between 110
and 138 m/s. The range of the prediction is due to the void fraction measurement uncertainty.
Excellent agreement is observed between the measurement and the model. A summary of the
measured and predicted sound speeds appear in Table 2.

6. Conclusions

The two major conclusions of this work are: (1) Resonator measurements of gassy sediments
yield the sub-IBRF sound speed even where high-frequency pulse transmission measurements
fail. (2) A simplified version of Wood’s equation describes the sound speed in shallow gas-
bearing fluid-like sediments in which the IBRF of the largest bubble is well above the frequency
ofthe acoustic excitation, and the bubbles are evenly distributed throughout the sample. The gas
phase dominates the compressibility. The sound speed is dependent only on the void fraction,
the sediment mass density, and the local hydrostatic pressure. It does not depend at all on the
material properties of the sediment grains and the fluid, other than through the bulk sediment
density. This will cease to be true as the local hydrostatic pressure increases, which in turn
decreases the compliance contrast between the gas phase and the longitudinal and shear com-
pliances of the gas-free phase of the sediment. The range of applicability of this simple model is
the subject of current work.
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Abstract: It has been observed that children’s early vocabulary is domi-
nated by nouns, with verbs being much delayed. The current study investi-
gated if this delay is related to infants’ failure to segment verb forms. Using a
preferential looking procedure, French-learning preverbal infants were tested
on novel verbs segmentation. Infants at the onset of vocabulary learning (11-
month-olds) succeeded in segmenting the targets: they listened longer to test
sentences containing previously familiarized verbs versus those containing
nonfamiliarized verbs, suggesting that the delay in verb learning is not due to
segmentation difficulty. Semantic and syntactic complexities of verbs could
be among the underlying factors.
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1. Introduction

Infants begin to develop a vocabulary around the age of one year. A prerequisite for word learn-
ing is the capacity to segment word forms from continuous speech. Unlike printed texts, words
in utterances are not separated by obvious acoustic cues. Moreover speech addressed to infants
contains mostly multiword utterances rather than isolated words." In addition to finding word
boundaries, infants also face the variability problem. That is, the same word type is realized in
variable forms due to factors such as phonetic contexts, intonation, speech rate, etc.

Most studies thus far have focused on English- learnrng infants’ strategles and biases,
showmg that they can use prosodic cues,” phonotactic cues,” statistical cues,” and coartlculatlon
cues’ during word segmentation. Little work has examined infants learning other languages
The existing evidence suggests that properties of the input language affect infants’ strategies.
English-learning infants use strong stress to determine word boundaries at an early age.2
French-learning infants, on the other hand, segment nouns based on syllables: Infants around 12
months of age interpret a disyllabic word as two separate forms rather than one single word, and
they only succeed in extracting disyllabic forms by 16 months of age. 8 The differential response
patterns between the two languages reflect the fact that English is stress-timed and French is
syllable-timed. Segmentation studies with infants learning distinct languages thus contribute to
the understanding of the role of experience and infants’ perceptual biases.

Most infant word segmentation studies that used natural language have focused on
nouns. It is interesting to extend this work to other grammatical classes as this may reveal how
infants learn linguistic structures. Different grammatical classes assume different roles in the
grammar. Language acquisition literature 1ndlcates that certain grammatical categories emerge
later than others in children’s productlon For example, early speech typically lacks function
words/morphemes. Is this because these items are semantically and syntactically complex and
therefore harder to learn? Or is it because infants fail to segment functional items due to their
weak, and perhaps less perceptually salient acoustic forms? Is it also possible that infants seg-
ment and store these items in memory but fail to produce them due to other constraints? Studies
testing infants’ initial segmentation of function words help narrow down these factors.

Recent work showed that preverbal infants already segment function words in
Enghsh 101" German,'? and French," even though function words are generally reduced in the
1nput * Furthermore, frequent function words assist infants in segmenting adjacent nouns by 8
months of age, 1516 4 syntactic categorlzatlon of content words after 1 year of age, 718 and in
language comprehension at a later stage. 1920 Therefore, the lack of functional elements in early

J. Acoust. Soc. Am. 123 (4), April 2008 © 2008 Acoustical Society of America EL105



A. Marquis and R. Shi: JASA Express Letters [DOI: 10.1121/1.2884082] Published Online 31 March 2008

speech production does not imply an inability to segment and represent these words. On the
contrary, these elements are an essential part of infants’ early linguistic representations, and
directly impact the acquisition of many aspects of the grammar.

The comparison of nouns and verbs represents another important issue. It is widely
observed that children’s early speech is dominated by nouns, with verbs much delayed. ! The
delay may be because verbs are conceptually more complex and difficult for word-meaning
mapping.” But could this delay also be because infants fail to segment verb forms? Few studies
on infants’ verb segmentation exist.??* It is known that nouns in English are largely trochaic in
stress, and Verbs tend to be iambic. Given that English-learning infants use strong syllables to
find Word onset,” nouns would be more favorable for segmentation. However, infants segment
strong—weak verbs later than strong—weak nouns, » suggesting that more subtle acoustic/
prosodic properties of verbs may be res;z)on51b1e for the delay In fact, verbs are typically shorter
than nouns in vowel duration in French® and English,? and therefore may be less perceptually
salient. Interestingly, function words, which are segmented as early as initial segmentation of
nouns (at the preverbal stage) as discussed earlier, are acoustically and prosodically weaker than
nouns and verbs. It was shown that frequency was a dominant factor for infants’ segmentation
of function words."*'® The high frequency of function words seems to offset their less favorable
acoustic/prosodic properties. Thus, multiple factors seem to be involved in word segmentation.
There is a need in the field to determine how various factors interact in segmentation, what
infants’ perceptual biases are, and how the properties of the input language may affect segmen-
tation strategies. Empirical data from different languages and across grammatical categories
can give us valuable insight into these issues.

This study extends previous work on word segmentatlon to verbs in French As in
many languages, verbs in French emerge much later than nouns in early product1on It is
unknown whether this delay is due to infants’ difficulty handling semantic/conceptual complex-
ity associated with verbs, or to an inability to segment verb forms. Hence, we aimed to deter-
mine if infants can segment some verb forms at the preverbal stage before word learning begins.

In Nazzi et al.,? dlsyllablc verbs were only segmented at 13 months of age by English-
learning infants. Monosyllablc verbs were not examined, but are likely to be segmented earlier.
In noun studies with French-learning infants, only monosyllabic forms appeared to be reliably
segmented before 1 year of age: 8-month-old French learners segmented monosyllabic
nouns.'®? Wlth disyllabic nouns used as targets, infants listened longer to passages containing
the targets. " These results were 1nterpreted as suggesting that infants segmented the disyllabic
forms. However, another interpretation is equally possible: Infants may have used a syllabic
strategy and only segmented one of the two syllables of the targets. These possibilities were
fully tested using disyllables and each of the two syllables of the disyllables as targets across
experlments Infants at 1-year of age interpreted disyllabic nouns as separate monosyllabic
forms.® In light of these results, we decided to test 11- and 8-month-old infants and used mono-
syllabic verbs, to determine the initial verb segmentation ability.

2. Method

Monolingual French-learning infants (sixteen aged 11 months, and sixteen aged 8 months)
completed the experiment. Sixteen additional infants were tested but their data were excluded
due to parental interference (3), crying (7), experimenter error (1), and refusal to finish the task

(5).
The verbs chosen for the task were /bif/ (to cross-out) and /tar/ (to weigh). They are
rare in spoken French,” thus allowing us to assess infants’ ability to segment novel verbs. The
verbs belong to the most frequent conjugation group of French verbs. The CVC form is the
variant of these verbs (infinitives: biffer, tarer) for the first/second/third person singular and the
third person plural in the present tense, and the second person singular imperative. It is also the
form used with the subject pronoun on, which is an indefinite pronoun that can refer to any
person. In fact, on is nearly always used in informal speech Based on our analysis of the speech
of four mothers to their preverbal French-learning infants,?® 62% of verb forms were monosyl-
labic, 53% present tense, and 16% imperatives. Thus, our target verbs correspond well with the
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Table 1. Mean acoustic values and standard deviations (s.d.) of the vowels of the target words.

Duration (ms) Mean FO (Hz) Mean amplitude (dB)
/bif/ (6 citation tokens) 704.69 (116.40) 339.42 (91.07) 74.74 (2.69)
/tar/ (6 citation tokens) 575.98 (129.34) 324.17 (122.70) 70.9 (1.64)
/bif/ (7 tokens in sentences)® 382.14 (162.40) 335.76 (144.55) 71.77 (2.07)
Jtar/ (7 tokens in sentences)” 495.08 (228.06) 182.11 (33.48) 73.69 (3.16)

®La jolie maman biffe les poémes. Elle biffe les verbes. Evidemment on biffe la virgule. C’est le juron qu’il
biffe. Le petit bébé biffe le graffiti. La syllabe je biffe. Biffes-tu le calembour? (The pretty mommy crosses
the poems out. She crosses the verbs out. Obviously we cross the comma out. It’s the curse that he crosses
out. The little baby crosses the graffiti out. The syllable I cross out. Do you cross the pun out?)

®La nouvelle maman tare le magot. Il tare les grappes. Visiblement je tare la parcelle. C’est le lot qu’elle
tare. Le gentil bébé tare les gondoles. Les rouets je tare. Tares-tu la coquille? (The new mommy weighs the
pile. He weighs the clusters. Visibly I weigh the fragment. It’s the share that she weighs. The nice baby
weighs the gondola. The spinning wheels I weigh. Do you weigh the shell?)

general verb pattern in the input speech. Two passages were constructed, one with /bif/ and the
other with /tar/ in sentences across various positions.

The stimuli were recorded by a native French female speaker, using an infant-directed
register, in an IAC sound chamber. The final stimulus set (see Table 1) consisted of one version
of the two passages, and six tokens of each verb in citation forms. The prosodic measures for the
targets are in Table 1. The six isolated tokens of each verb were doubled and strung together in
a random order to create a /bif/ file and a /tar/ file. The interstimulus interval was 435 ms, with
minor adjustments to ensure that a length of 13.5 s was maintained for both target files. The
duration of the two passage files were each 17.5 s. The sentences ranged from 1.66 to 2.67 s for
the /bif/ passage, and from 1.40 to 2.90 s for the /tar/ passage, with an average of 250 ms of
between-sentence interval. Two visual files were used, a picture of a black-and-white checker-
board and a video of a flashing light.

Infants were randomly assigned to one of the two familiarization groups, /bif/ or /tar/.
One target file was presented repeatedly during the familiarization phase, until infants reached
30 s of total looking time. Infants were then tested with alternating trials of the /bif/ passage
versus the /tar/ passage, for a total of 10 trials. The first test trial was either the /bif/ or /tar/
passage type, counterbalanced across infants. Boys and girls were assigned equally in all con-
ditions.

In the testing room the infant sat on the caregiver’s lap, facing a display monitor and a
loudspeaker. The caregiver wore headphones hearing masking music. The researcher in the
adjacent room, who was blind to the stimuli, controlled the experiment using a computer pro-
gram, observed the infant’s eye movements through a closed-circuit TV, and pressed down a
computer key whenever the infant looked at the monitor. Each trial was initiated by the infant’s
look to the monitor, and continued until the end of the trial. When the infant accumulated 30 s
of looking time during familiarization, the experiment moved automatically to the test phase.
The software recorded all looks to the TV and calculated online the total looking time for each
trial.

The checkerboard was displayed during each trial, accompanying the auditory stimuli.
Between trials, the flashing light was presented to attract the infant’s attention.

3. Results

Total looking times during the test phase were analyzed in a 2 X 2 mixed analysis of variance,
with familiarity (passage containing the familiarized target verb versus the nonfamiliarized
verb) as the within-subject factor, and age (8 versus 11 months) as the between-subject factor.
Across all trials, there was a familiarity X age interaction [F(1,30)=5.25, p=0.029], but no
main effect of familiarity [F(1,30)=0.562, p=0.459] or age [F(1,30)=0.62, p=0.437]. As is
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Fig. 1. French-learning infants’ mean looking times (with SEs) during the test phase for the passage containing the
target verb and the passage containing the nontarget verb.

standard with this procedure another analysis was done with the first (often unstable) test trial
of each type removed.”’ We obtained the same results: only a familiarity X age interaction
[F(1,30)=6.41, p=0.017], indicating that the two age groups differ statistically. Follow-up
analyses of each age were conducted. For the 11-month-olds, looking times across all trials
tended to be longer for the passage containing the target [#(15)=1.821, p=0.089, two-tailed].
The analysis with the first trials removed yielded significantly longer looking times for the
target trials [mean=38.88 s, SE=2.74 s] than for the nontarget trials [mean=32.66 s, SE
=2.5s; 1(15)=2.284, p=0.037, two-tailed; see Fig. 1]. These results show that 11-month-olds
recognized the targets.32 For the 8-month-olds, total looking times during the two types of pas-
sage trials did not differ significantly [all trials, #(15)=1.401, p=0.182, two-tailed; excluding
the first test trials, #(15)=1.147, p=0.269, two-tailed].

4. General discussion

This study shows that French-learning infants can segment verbs by 11 months of age, younger
than the age shown in English-learning 1nfants > However, given that monosyllabic nouns are
segmented earlier than disyllabic nouns,” the earlier segmentatlon in our study is reasonable
since we used monosyllabic verbs, whereas Nazzi et al.”” used disyllabic verbs.

Note that the 8-month-olds in our study failed to segment Verbs This contrasts with
the results that infants of the same age segmented nouns in French.”'®*® Thus, verb segmenta-
tion seems somewhat delayed It is possible that the less salient acoustic forms of verbs (e.g.,
shorter vowel duration” ) contributed to the difficulty in segmenting verbs at 8 months.

Our target verbs in the passages often appeared adjacent to function words. Such con-
textual support may have contributed to the 11-month-olds’ success in verb segmentation. But it
was obviously not enough for the 8-month-olds. Previous work showed that frequent function
words, but not infrequent ones, assist the segmentation of adjacent nouns in 8 month olds.'>1¢
The present study contained both high- and lower-frequency function words?’ adjacent to the
target verbs. It is possible that if all contextual words are highly frequent, infants younger than
11 months may segment verbs. Future studies can test this effect by manipulating contextual
words.

As discussed earlier, verbs appear much later than nouns in children’s early speech.
The present study shows that this delay is not related to an inability to segment verb forms.
Although verb segmentation may occur somewhat later than noun segmentation due to their
weaker forms than nouns, the ability is still present at 11 months, the age when speech produc-
tion begins. The fact that infants in this study segmented rare verbs indicates that they are able
to extract novel verb forms from the input. Note also that 62% of Verb forms in parental speech
in French are monosyllablc while 46.4% of nouns are monosyllablc % Given the syllabic based
segmentation in French-learning infants shown in Nazzi ez al.,® it is plausible that monosyllabic
verb forms can be segmented at the preverbal stage and are avallable for learning meaning. The
delay in the production of verbs must be due to other reasons, such as the difficulty in mapping
verb concepts to word forms.”*** That is, the phonological forms of at least some verbs may be
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segmented and represented in the system very early, but their semantic and syntactic represen-
tations require a much longer period of learning in comparison to the development of nouns.

In conclusion, this study extends the existing literature on word segmentation to the
verb category. We demonstrated that French-learning infants can segment novel verb forms
from continuous speech by 11 months of age (i.e., around the time when they begin to learn
word meaning). This ability prepares them for the subsequent acquisition of syntactic and se-
mantic properties associated with verb forms.

Acknowledgments
This research was funded by grants from NSERC, SSHRC, and CFI to the second author.

References and links

1. van de Weijer, “Language input for word discovery,” Ph.D. dissertation, Max Planck Institute for
Psycholinguistics, Nijmegen, The Netherlands, 1998.

2P, W. Jusczyk, D. Houston, and M. Newsome, “The beginnings of word segmentation in English-learning
infants,” Cogn. Psychol. 39, 159-207 (1999).

L. Mattys and P. W. Jusczyk, “Phonotactic cues for segmentation of fluent speech by infants,” Cognition 78,
91-121(2001).

4. Saffran, R. Aslin, and E. Newport, “Statistical learning by 8-month-old children,” Science 274, 1926-1928
(1996).

*S. Curtin, T. H. Mintz, and D. Byrd, “Coarticulatory cues enhance infants’ recognition of syllable sequences in
speech,” in Proceedings of the 25th Annual Boston University Conference on Language Development,
edited by A. H. J. Do, L. Dominguez, and A. Johansen (Cascadilla, Somerville, 2001) Vol. 1, pp. 190-201.

by, Kooijman, P. Hagoort, and A. Cutler, “Electrophysiological evidence for prelinguistic infants’
word recognition in continuous speech,” Brain Res. Cognit. Brain Res. 24, 109-116 (2005).

"L. Polka and M. Sundara, “Word segmentation in monolingual and bilingual infant learners of English and
French,” in Proceedings of the 15th International Congress of Phonetic Sciences, edited by M. J.

Sol¢, D. Recasens, and J. Romero (UAB, Barcelona, Spain, 2003) pp. 1021-1024.

T, Nazzi, G. lakimova, J. Bertoncini, S. Frédonie, and C. Alcantara, “Early segmentation of fluent speech by
infants acquiring French: Emerging evidence for cross-linguistic differences,” J. Mem. Lang. 54, 283-299
(2006).

°R. Brown, A First Language (Cambridge University Press, Cambridge, 1973).

oM. Shady, “Infants’ sensitivity to function morphemes,” Ph.D. dissertation, the State University of New York at
Buffalo, Buffalo, NY, 1996.

"R, Shi, J. F. Werker, and A. Cutler, “Recognition and representation of function words in English-learning
infants,” Infancy 10, 187-198 (2006).

"’B. Hohle and J. Weissenborn, “German-learning infants’ ability to detect unstressed closed class elements in
continuous speech,” Dev. Sci. 6, 122—-127 (2003).

R, Shi, A. Marquis, and B. Gauthier, “Segmentation and representation of function words in preverbal French-
learning infants,” in Proceedings of the 30th Annual Boston University Conference on Language
Development, edited by D. Bamman, T. Magnitskaia, and C. Zaller (Cascadilla, Somerville, 2006), pp. 549—-560.

"R, Shi, J. L. Morgan, and P. Allopenna, “Phonological and acoustic bases for earliest grammatical
category assignment: A cross-linguistic perspective,” J. Child Lang. 25, 169-201 (1998).

R, Shi, A. Cutler, J. Werker, and M. Cruickshank, “Frequency and form as determinants of functor sensitivity
in English-acquiring infants,” J. Acoust. Soc. Am. 119, EL61-EL66 (2006).

'°R. Shi and M. Lepage, “The effect of functional morphemes on word segmentation in preverbal infants,” Deyv.
Sci. (2008) in press.

17, Hohle, J. Weissenborn, D. Kiefer, A. Schulz, and M. Schmitz, “Functional elements in infants’ speech
processing: The role of determiners in segmentation and categorization of lexical elements,” Infancy 5, 341-353
(2004).

18T, H. Mintz, “Finding the verbs: Distributional cues to categories available to young learners,” in Action Meets
Word: How Children Learn Verbs, edited by K. Hirsh-Pasek and R. M. Golinkoff (Oxford University
Press, New York, 2006), pp. 31-63.

1S, Bernal, J. Lidz, S. Millotte, and A. Christophe, “Syntax constrains the acquisition of verb meaning,” Lang.
Learn. Dev. 3, 325-341 (2007).

2L, A. Gerken, B. Landau, and R. Remez, “Function morphemes in young children’s speech perception and
production,” Dev. Psychol. 27, 204-216 (1990).

*!S. Goldin-Meadow, M. Seligman, and R. Gelman, “Language in the two-year-old,” Cognition 4, 189-202
(1976).

D, Gentner, “Why nouns are learned before before verbs: Linguistic relativity versus natural partitioning,” in
Language, Thought and Culture, Language Development Vol. 2, edited by S. A. Kuczaj II (Erlbaum,
Hillsdale, NJ, 1982), pp. 301-334.

BT. Nazzi, L. C. Dilley, A. M. Jusczyk, S. Shattuck-Hufnagel, and P. W. Jusczyk, “English-learning infants’
segmentation of verbs from fluent speech,” Lang. Speech 48, 279-298 (2005).

J. Acoust. Soc. Am. 123 (4), April 2008 A. Marquis and R. Shi: Segmentation of verb forms by infants EL109



A. Marquis and R. Shi: JASA Express Letters [DOI: 10.1121/1.2884082] Published Online 31 March 2008

**T. H. Mintz, “Morphological segmentation in 15-month old infants,” in Proceedings of the 28th Annual
Boston University Conference on Language Development, edited by A. Brugos, L. Micciulla, and C. E. Smith
(Cascadilla, Somerville, 2004), pp. 363-374.

R, Shi and A. Moisan, “Prosodic cues to noun and verb categories in infant-directed speech,” in Proceedings of
the 32nd Boston University Conference on Language Development (2008) in press.

26 M. Sorenson, W. E. Cooper, and J. M. Paccia, “Speech timing of grammatical categories,” Cognition 6,
135-153 (1978).

D, Bassano, P. E. Eme, and C. Champaud, “A naturalistic study of early lexical development: General
processes and inter-individual variations in French children,” First Lang. 25, 64—101 (2005).

A, Gout, “Etapes précoces de 1’acquisition du lexique,” (“Early stages of lexicon acquisition”), Ph.D.
dissertation, Ecole des Hautes Etudes en Sciences Sociales, France, 2001.

N. Beauchemin, P. Martel, and M. Théoret, Dictionnaire de Fréquence des Mots du Francais parlé au
Québec: Fréquence, Dispersion, Usage, Ecart Réduit (Dictionary of Word Frequency in Québec Spoken
French: Frequency, Scattering, Usage, Reduced Deviation) (P. Lang, New York, 1992).

OM.-J. Cécyre and R. Shi, “Speech rate in maternal speech to French-learning infants,” presented at the
Canadian Society for Brain, Behaviour and Cognitive Science 15th Meeting, Montréal, 2005.

3IR, Cooper and R. Aslin, “Developmental differences in infant attention to spectral properties of infant-directed
speech,” Child Dev. 65, 1663-1677 (1994).

’Differential listening times to the target passage versus nontarget passage are standardly viewed in the field as
evidence of word recognition (e.g., Refs. 2, 7, 8, 12, 23, 28, and 33). Indeed, previous work showed that
infants only accept word forms during the test phase that are identical to the familiarized targets, and reject forms
that are altered in one segment [e.g., P. W. Jusczyk and R. N. Aslin, “Infants’ detection of the sound
patterns of words in fluent speech,” Cogn. Psychol. 29, 1-23 (1995)], suggesting that segmentation occurs for
the whole word forms in this type of task.

3y, Bortfeld, J. L. Morgan, R. Golinkoff, and K. Rathbun, “Mommy and me: Familiar names help launch babies
into speech-stream segmentation,” Psychol. Sci. 16, 298-304 (2005).

*R. M. Golinkoff, R. C. J acquet, K. Hirsh-Pasek, and R. Nandakumar, “Lexical principles may underlie the
learning of verbs,” Child Dev. 67, 3101-3119 (1996).

EL110 J. Acoust. Soc. Am. 123 (4), April 2008 A. Marquis and R. Shi: Segmentation of verb forms by infants



ACOUSTICAL NEWS—USA

Elaine Moran

Acoustical Society of America, Suite INO1, 2 Huntington Quadrangle, Melville, NY 11747-4502

Editor’s Note: Readers of the journal are encouraged to submit new 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.

New Fellow of the Acoustical Society of America

Larry E. Humes—For contributions to our understanding of the effects of
aging and hearing loss on auditory perception.

Anthony P. Nash—For contributions to the development of standards in-
volving acoustical measurement protocols.

President’s report on the 154th meeting of the
Acoustical Society of America held in
New Orleans, Louisiana

The 154th meeting of the Acoustical Society of America was held 27
November—1 December 2007 at the Sheraton New Orleans Hotel in New
Orleans, Louisiana. This is the second time that the Society has met in this
city, the previous meeting being held in 1992.

The meeting drew a total of 822 registrants, including 100 nonmem-
bers, 184 students and 96 registrants from outside North America. There
were 14 registrants from Japan; 11 from Korea; 10 from Germany; 9 each
from France and the U.K.; 5 from Belgium; 4 each from Finland and Hong
Kong; 3 each from Denmark, Netherlands, Portugal, People’s Republic of
China, Russia, and Sweden; 2 each from Israel, Italy, and Taiwan; and 1
each from Australia, Brazil, Norway, Slovenia, Spain, and Turkey. North
American countries, Canada, Mexico and the United States, accounted for
26, 1 and 696, respectively.

A total of 600 papers, organized into 71 sessions, covered the areas of
interest of all 13 Technical Committees. The meeting also included 19 meet-
ings dealing with standards. The evening tutorial lecture series was contin-
ued by Alfred Bedard, National Oceanic and Atmospheric Administration.
The tutorial titled “Weather and Acoustics” was presented to an audience of
about 80.

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

An exhibit was held in conjunction with the meeting and included
displays with materials and services for the acoustics and vibration commu-
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nity. It included exhibits of computer-based instrumentation, sound level
meters, devices for noise control and sound prediction among others. The
exhibit began with an opening reception on Tuesday evening and was open
on Wednesday and Thursday.

The ASA Student Council hosted a Student Reception with over 100
people in attendance. This reception, which was supported by the National

FIG. 1. Gilles A. Daigle, President of the Acoustical Society of America,
presides at the Plenary Session.
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FIG. 2. Manell Zacharia, Cochair of Acoustics’08 Paris, invites ASA meet-
ing participants to the Paris meeting.

Council of Acoustical Consultants, enabled students to meet with estab-
lished members of the Acoustical Society of America. Also, the Student
Council Mentoring Award was presented to David R. Dowling for excel-
lence in a wide variety of mentoring arenas. The Student Council organized
a Grant and Fellowship Workshop which was attended by representatives
from the National Science Foundation, Office of Naval Research, National
Institutes of Health, National Institute of Deafness and Other Communica-
tion Disorders, and the ASA Committee on Prizes and Special Fellowships.
These representatives gave presentations on various aspects of applying for
grants and fellowships. Several of the Technical Committees awarded Best
Student Paper Awards or Young Presenter Awards to students and young
professionals who presented papers at the meeting. The list of award recipi-
ents, as well as other information for students, can be found online at the
ASA Student Zone website (http://www.acosoc.org/student/)

The New Orleans meeting committee arranged a technical tour of the
New Orleans levees which attracted over 50 participants. The tour, which
was led by members of the Army Corps of Engineers, visited areas affected
by Hurricane Katrina.

FIG. 3. ASA President Gilles Daigle (1) congratulates Don Monroe, recipi-
ent of the 2006 Science Writing Award in Acoustics for Professionals.
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FIG. 4. David Dowling (1), recipient of the 2007 Student Mentoring Award,
is congratulated by ASA President Gilles Daigle.

Social events included the two social hours held on Wednesday and
Friday, an “icebreaker” and a reception for students, the Fellows Luncheon
and the morning coffee breaks. A special program for students to meet
one-on-one with members of the ASA over lunch, which is held at each
meeting, was organized by the Committee on Education in Acoustics. These
social events provided the settings for participants to meet in relaxed set-
tings to encourage social exchange and informal discussions. The local com-
mittee arranged for special decorations for the socials in order to give the
participants a sample of the exciting and fun atmosphere of the New Orleans
scene. The Women in Acoustics Luncheon was held on Thursday afternoon
and was attended by over 100 people.

Professor Shea Penland, University of New Orleans, was the speaker
at the Fellows luncheon which was attended by about 100 people. The

FIG. 5. Preston Wilson (1), recipient of the 2007 A. B. Wood Medal and
Prize, is congratulated by ASA President Gilles Daigle.



FIG. 6. ASA President Gilles Daigle (1) presents the 2007 Rossing Prize in
Acoustics Education to David T. Blackstock.

subject of his talk was “Restoring coastal Louisiana: The challenge for to-
morrow’s geologists and engineers.” The Fellows luncheon is open to all
meeting attendees.

The New Orleans organizing committee also arranged for a program
for Accompanying Persons which included daily presentations about New
Orleans including its history, architecture, food and music. A special treat
was the display of an elaborate gown worn at a Mardi Gras Ball.

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

ASA President Gilles Daigle presided over the Plenary Session and
Awards Ceremony (see Fig. 1). Manell Zacharia, Cochair of Acoustics’08
Paris, addressed the audience and invited and encouraged them to attend the
joint meeting of the Acoustical Society of America, the European Acoustics
Association, and the French Acoustical Society to be held in Paris, 30 June
to 4 July 2008 (see Fig. 2). Information about that meeting can be found
online at (http://www.acoustics08-paris.org/).

The ASA awarded three Science Writing Awards. The 2006 Science
Writing Award in Acoustics for Journalists was presented to Don Monroe for
his article “Why the Inner Ear is Snail Shaped,” published on the Physical

FIG. 8. ASA President Gilles Daigle presents the Silver Medal in Engineer-
ing Acoustics to Allan J. Zuckerwar (1).

Revew Focus website in May 2006 (see Fig. 3). A second 2006 Science
Writing Award in Acoustics for Journalists was awarded to John Gierland
for “The Sound of Silence,” published in W/IRED magazine in December
2006. The 2006 Science Writing Award for Professionals in Acoustics was
awarded to Gary S. Settles for his article “High-speed imaging of shock
waves, explosions, and gunshots,” published in American Scientist magazine
in the January/February 2006 issue.

The 2007 ASA Student Council Mentoring Award recipient, David
Dowling of the University of Michigan, was introduced (see Fig. 4) as was
Preston Wilson, recipient of the 2007 A. B. Wood Medal and Prize of the
Institute of Acoustics (U.K.) (see Fig. 5).

The 2007 Rossing Prize in Acoustics Education was presented to
David T. Blackstock, University of Texas at Austin. Dr. Blackstock pre-
sented the Acoustics Education Prize Lecture titled “Songs my students sang
to me” earlier in the meeting (see Fig. 6).

FIG. 7. ASA President Gilles Daigle (1) presents the Pioneers of Underwater
Acoustics Medal to Willam M. Carey.
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FIG. 9. ASA President Gilles Daigle (1) presents the Silver Medal in Speech
Communication to Ingo R. Titze.
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The Pioneers of Underwater Acoustics Medal was presented to Will-
iam M. Carey, Boston University, “for contributions to understanding ocean
ambient noise and in defining the limits of acoustic array performance in the
ocean” (see Fig. 7). The Silver Medal in Engineering Acoustics was pre-
sented to Allan J. Zuckerwar, NASA (retired), “for contributions to the
theory and practical development of transducers and their use in fundamen-
tal measurements” (see Fig. 8). The Silver Medal in Speech Communication
was presented to Ingo R. Titze, University of Iowa, “for contributions to
fundamental understanding of the physics and biomechanics of vocal fold
vibrations and for interdisciplinary work in voice studies” (see Fig. 9).

Election of sixteen members to Fellow grade was announced and fel-
lowship certificates were presented. New fellows are: William A. Ahroon,
Jeffrey E. Boisvert, Elizabeth A. Cohen, Dimitry M. Donskoy, Bruce E.

FIG. 11. Fred DeMetz, Chair of the New Orleans meeting.
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FIG. 10. New Fellows of the Acoustical
Society with ASA President and Vice
President: Top row: Brandon D. Tinianov,
Ronald A. Wagstaff, Vladimir E. Osta-
shev, Anthony P. Lyons, R. Glynn Holt,
Jean-Pierre Hermand, Sarah Hawkins.
Bottom row: George V. Frisk (ASA Vice
President), Steven 1. Finette, William T.
Ellison, Bruce E. Douglas, Dimitri M.
Donskoy, Jeffrey E. Boisvert, William A.
Ahroon, Gilles A. Daigle (ASA President).

Douglas, William T. Ellison, Steven 1. Finette, Sarah Hawkins, Jean-Pierre
Hermand, R. Glynn Holt, Anthony P. Lyons, Masayuki Morimoto, Vladimir
E. Ostashev, Brandon D. Tinianov, and Ronald A. Wagstaff (see Fig. 10).

ASA President Gilles Daigle expressed the Society’s thanks to the
Local Committee for the excellent execution of the meeting, which clearly
evidenced meticulous planning. He introduced Fred DeMetz (see Fig. 11),
Chair of the New Orleans meeting, who acknowledged the contributions of
the members of his committee including: George E. Ioup and Juliette W.
Toup, Technical Program Cochairs; William Sanders/Dennis Lindwall,
Audio-Visual; Sharon DeMetz/Jeanne Richardson, Food Service/Social
Events/Accompanying Persons Program; Richard Keiffer/Josette Fabre,
Signs; Michael D. Richardson/Kevin Briggs, Meeting Room Coordinators;
Guy V. Norton, Posters; Becky Rotundo, Publicity. He also expressed thanks
to the members of the Technical Program Organizing Committee: George E.
Toup and Juliette W. Ioup, Technical Program Cochairs; James F. Lynch,
Acoustical Oceanography; Natalia A. Sidorovskaia, Animal Bioacoustics;
David S. Woolworth, Angelo J. Campanella, Architectural Acoustics;
Charles C. Church, Biomedical Ultrasound/ Bioresponse to Vibration; James
M. Sabatier, Education in Acoustics; Daniel M. Warren, Engineering Acous-
tics; Scott D. McDermott, Musical Acoustics; Richard J. Peppin, Noise;
James P. Chambers, James M. Sabatier, Physical Acoustics; Robert G.
Turner, Psychological and Physiological Acoustics; Joe W. Posey, Signal
Processing in Acoustics; Emily A. Tobey, Speech Communication; W.
Steven Shepard, Structural Acoustics and Vibration; Guy V. Norton, William
Sanders, Richard S. Keiffer, Underwater Acoustics.

The full technical program and award encomiums can be found in the
printed meeting program or online for readers who wish to obtain further
information about the New Orleans meeting (visit scitation.aip.org/jasa and
select Volume 122, Issue 5, from the list of available volumes).

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

GILLES A. DAIGLE
President 2007-2008
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International Meetings Calendar

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

April 2008
8-11 Oceans’08, Kobe, Japan (Web:
www.oceansO8mtsieeekobe-
technoocean08.org/index.cfm).

Institute of Acoustics (UK) Spring Confer-
ence, Reading, UK (Web: www.ioa.org.uk/

viewupcoming.asp).

10-11

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

May 2008

26-29 “The Jubilee XXV Symposium on Hydroa-

coustics (7th EAA International Sympo-
sium on Hydroacoustics), Jastrzébia Gora,
Poland (Web: www.amw.gdynia.pl/sha2008).
June 2008
4-6 5th International Styrian Noise, Vibration
& Harshness Congress 2008, Graz, Austria
(Web: www.accgraz.com).

29-4 Acoustics’08 Paris: 155th ASA Meeting +
5th Forum Acusticum (EAA) + 9th Con-
gres Francais d’Acoustique (SFA), Paris,
France (Web: www.acoustics08-paris.org).

July 2008

6—10 15th International Congress on Sound and
Vibration, Daejeon, Korea (Web:
www.icsvl5.org).

7-10 18th International Symposium on Nonlin-
ear Acoustics (ISNA18), Stockholm, Sweden
(Web: www.congrex.com/18th_isna).

27-31 10th Mechanics of Hearing Workshop,

Keele University, UK
(Web: www.mechanicsofhearing.com).
August 2008

25-28 1st International Conference on Water
Side Security, Lyngby, Denmark (Web:
www.wss2008.org).

25-29 10th International Conference on Music
Perception and Cognition (ICMPC 10),
Sapporo, Japan (Web: icmpc10.typepad.jp).

September 2008

8-12 International Symposium on Underwater

Reverberation and Clutter, Lerici, Italy
(Web: isurc2008.org).
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6th International Symposium on Ultra-

sonic Doppler Methods for Fluid Mechan-

ics and Fluid Engineering, Prague, Czech

Republic (Web: isud6.fsv.cvut.cz).

Autumn Meeting of the Acoustical Society

of Japan, Fukuoka, Japan (Web:

www.asj.gr.jp/index-en.html).

International Conference on Noise and

Vibration Engineering (ISMA2008), Leu-

ven, Belgium (Web: www.isma-isaac.be).

INTERSPEECH 2008 - 10th ICSLP, Bris-

bane, Australia (Web:

www.interspeech2008.org).

October 2008

6-8 *Acoustics Week in Canada, Vancouver,

B.C., Canada (Web: www.caa-aca.ca/

vancouver2008)

*Underwater Noise Measurement,

Southampton, UK (Web:

underwaternoise2008.1boro.ac.uk).

International Conference on Low Frequen-

cyNoise and Vibration, Tokyo, Japan (Web.

www.lowfrequency2008.org).

acustica 2008, Coimbra, Portugal (Web:

www.spacustica.pt).

inter-noise 2008, Shanghai, China (Web:

www.internoise2008.org).

November 2008

2-5 IEEE International Ultrasonics Sympo-
sium, Beijing, China (Web: ewh.ieee.org/
conf/ius-2008).

5-7 Iberamerican Acoustics Congress (FIA

2008), Buenos Aires, Argentina (Web:

www.adaa.org.ar).

10-12

15-17

22-26

14-15

21-23

21-24

26-29

14-18 20th Session of the Russian Acoustical So-
ciety, Moscow, Russia (Web: www.akin.ru).

24-26 Australian Acoustical Society National
Conference, Geelong, Vic., Australia (Web:
www.acoustics.asn.au).

April 2009

5-9 Noise and Vibration: Emerging Methods
(NOVEM 2009), Oxford, UK (Web:
www.isvr.soton.ac.uk/NOVEM2009)

13-17 2nd International Conference on Shallow
Water Acoustics, Shanghai, China (Web
[soon]: www.apl.washington.edu)

9-24 International Conference on Acoustics,

Speech, and Signal Processing, Taipei.
R.O.C. (Web: icassp09.com)
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August 2009

23-28 Inter-noise-2009, Ottawa, Ont., Canada
(Contact: TBA).

September 2009

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

October 2009

26-28 Euronoise 2009, Edinburgh, UK (Web:

www.euronoise2009.org.uk).
August 2010

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

September 2010

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

www.interspeech2010.org).

Regional Chapter News

Madras Regional Chapter

The Madras Regional Chapter of the Acoustical Society of America
(MIRC-ASA) held four meetings in 2007, on 16 June, 21 July, 4 December,
and 5-7 December. The fourth meeting was held jointly with Acoustical
Society of India (ASI).

On 16 December 2006, the second Stanley Ehrlich Distinguished Lec-
ture was delivered by Baldev Raj, Distinguished Scientist and Director of
India Gandhi Center for Atomic Energy, Govt. of India, Kalpakkam, T.N.

On 16 June 2007, V. Bhujanga Rao, President of ASI and Director of
the Naval Science and Technology Lab., Govt. of India, Visakhapatnam,
AP, delivered the Distinguished Lecture on “Psychological and Physiologi-
cal Aspects of Sound” and V. Rajendran, Vice President of ASI and Director,
Research and Development and Center for Nanoscience and Technology, K.
S. Rangasamy College of Technology, KSR Kalavi Nagar, Tiruchengode,
T.N. delivered the invited lecture on “Prosperity of Ultrasonics in Science
and Technology” at Tamil Nadu Science and Technology Centre (TNSTC),
Chennai.

A core group of Chapter members including H.S. Paul, M. Kumaresan,
J. Jayapandian, and Baldev Raj visited the International Research Institute
for the Deaf (IRID), on July 18, 2007.

The MIRC-ASA and IRID Acoustics fair ceremony was conducted at
TNSTC on 21 July 2007. The following 10 students under 17 years of age
participated: B. K. Deepika, Sri S. Rajeswar, Sri C. Balajee, G. Brinda, M.
Divya Bharathy, Sri A. Avinash, G. Srividya, Sri N. Viganesh from MIRC-
ASA and K. Amrutha and K. Nivedidta from IRID. Since B.K. Deepika and
K. Amrutha received equal scores, they were both named first place recipi-
ents by MIRC-ASA and IRID, respectively. H. S. Paul (Chapter Represen-
tative of MIRC-ASA and President of AFECT & IRID) and R. Dhilsha
(Treasurer of MIRC-ASA) presented the awards (see Figs. 1 and 2).

On 4 and 5 December 2007, Allan D. Pierce, Editor-in-Chief of the
Acoustical Society of America, delivered the Stanley Ehrlich Distinguished
Lecture “Attenuation and Dispersion of Sound” at IIT Madras and KSRCT,
Tiruchengode. Dipali Nag delivered an invited lecture on “Music Education
as a Performing Art and its Cultural and Cognitive Impact” on 5 December
2007 at Tiruchengode.

Both A. D. Pierce and S. L. Ehrlich were elected Fellows of the Acous-
tical Foundation during their visit to the offices of MIRC-ASA and AFECT.
A. Ramachandraiah (Vice President of MIRC-ASA and Trustee of AFECT)
and S. Narayanan (First Technical Program Chair of MIRC-ASA and Past
President of ASI) were also present (see Fig. 3). The photo shows Prof.
Pierce writing in the minute book of MIRC-ASA.

The awards ceremony of MIRC-ASA and IRID (AFECT) was con-
ducted during the joint meeting between MIRC-ASA and ASI held on 5-7
December 2007 at K. S. Rangasamy College of Technology, Tiruchengode,
T.N. It was a memorable event for MIRC-ASA and AFECT to present the
First Silver Medal to Stanley L. Ehrlich who not only received the First
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FIG. 1. (Color online) (1 to r): H. S. Paul, B. K. Deepika, and R. Dhilsha.

Gold Medal in 2001 but is also co-founder of MIRC-ASA and AFECT. The
President and Vice President of ASI joined in the award ceremony as they
are President of AFECT and Member-at-Large of MIRC-ASA, respectively.

All Silver and Gold Medals were presented in the presence of trustees
of AFECT and the chapter’s executive members, namely H. S. Paul (C.R.
and Founder of AFECT and IRID), C. P. Vendhan (President of MIRC-ASA
and Trustee of AFECT), V. Bhujanga Rao (President of ASI and AFECT)
and V. Rajendran (Vice President of ASI and Member-at-Large of MIRC-
ASA). The AFECT Silver Medal and citation were presented to Stanley L.
Ehrlich (see Fig. 4) by C. P. Vendhan.

C
nl
FIG. 2. (Color online) (1 to r): H. S. Paul, K. Amurutha, and R. Dhilsha.
- =
' - - =

l---

FIG. 3. (Color online) (1 to r): H. S. Paul, C. P. Vendhan, A. D. Pierce, S. L.
Ehrlich, S. Narayanan, and A. Ramachandraiah.
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FIG. 4. (Color online) C. P. Vendhan presented the Silver Medal to S. L.
Ehrlich (1 to r): H. S. Paul, V. B. Rao, S. L. Ehrhch, C. P. Vendhan, V.
Rajendran.

FIG. 5. (Color online) S. L. Ehrlich (r) presents Stanley Ehrlich Gold Medal
to Baldev Raj (1), (1 to r): V. Rajendran, H. S. Paul, V. B. Rao, Baldev Raj,
S. L. Ehrlich, A. D. Pierce.

Two Stanley Ehrlich Gold Medals with citations were presented to
Baldev Raj (see Fig. 5) and Allan D. Pierce (see Fig. 6), respectively, by
Stanley L. Ehrlich (Adviser of AFECT and Past President of ASA) since the
Gold Medal is a joint venture of AFECT and MIRC-ASA.
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FIG. 6. (Color online) A. D. Pierce receives Stanley Ehrlich Gold Medal
and citation from S. L. Ehrlich (1 to r): H. S. Paul, V. B. Rao, A. D. Pierce,
S. L. Ehrlich, V. Rajendran.

FIG. 7. (Color online) (1 to r): C. P. Vendhan, Abhijit Sarkar, V. B. Rao, H.
S. Paul, A. D. Pierce, R. Kalai Selvi, and S. P. A. Catherine.

The following students won the best paper award which was presented
by Allan D. Pierce at the end of the meeting on 7 December 2007: Ms. R.
Kalai Selvi, Ms. S. P. A. Catherine, Mr. S. Aravindran, Mr. Abhijit Sarkar,
and Mr. D. M. Reddy. A group photo was taken with the students, trustees of
AFECT and Chapter’s officers at the end of meeting (see Fig. 7).
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BOOK REVIEWS

P. L. Marston

Physics Department, Washington State University, Pullman, Washington 99164

These reviews of books and other forms of information express the opinions of the individual reviewers
and are not necessarily endorsed by the Editorial Board of this Journal.

Riding the Waves—A Life in Sound, Science, and Industry

Leo Beranek

The MIT Press, Cambridge, MA, 2008, 256 pp. Price $24.95
(hardcover) ISBN: 978-0-262-02629-1

Fortune (“good luck™) falls on those who are prepared. If you are not
prepared, you may not even recognize the opportunity when it lands in your
lap. When Leo Beranek was a college junior in Iowa, he helped a stranger
with a flat tire. The conversation between them had an improbable twist:
Just that morning Leo had been reading in the library about some radio work
that the stranger had developed. Their instant friendship led to an invitation
for Leo to apply to Harvard graduate school. It’s an early example of “he
was prepared” when the opportunity presented itself. Leo’s drive and deter-
mination (and some other opportunities along the way) made other things
happen, too. Now, 73 years after the flat tire incident, Leo can look back on
a professional life filled with radio, electronics, acoustics, recording, re-
search, engineering, teaching, consulting, writing, computers, communica-
tion, music, fund raising, television, administration, education, and diplo-
macy. Let’s add family, travel, music appreciation, skiing, and philanthropy
to that list. He puts it all together in his autobiography, “Riding the
Waves—A Life in Sound, Science, and Industry.”

Leo Beranek was born in 1914 in a little town in Iowa. There was both
happiness and sadness in his early life. It was especially tough in the De-
pression years, but it is a revelation to learn of this farm boy’s energy, drive,
enthusiasm, and positive outlook as his family faced economic conditions in
those times that we cannot believe possible now. After graduating from
Cornell College in Iowa, Leo’s good fortune from the earlier flat tire inci-
dent landed him in Harvard University, where, in his second year, he had an
opportune interview with noted acoustician, Professor F. V. (“Ted”) Hunt.
They were a ready match, and Ted’s job for him helped push Leo toward the
field of acoustics. The two of them became lifelong friends and associates—
and Cruft Lab at Harvard (an historic site itself) became home for much of
Leo’s early work. He was a student of such Harvard scientists and physicists
as Leon Chaffee, G. W. Pierce, Harry Mimno, Roger Hickman, and John H.
van Vleck. One of his early papers to the Journal of the Acoustical Society
of America (JASA) attracted the attention of Professor Philip Morse at MIT
and that led to another valuable association. A short time later, Professor
Morse recommended Leo for a project that was being sponsored by the
National Defense Research Committee (NDRC). This was the beginning of
a noted run of important contributions to the war effort by the Electro-
Acoustics Lab (EAL) that Leo directed at Harvard during WW II. It had a
somewhat dubious start, however, when Leo was asked to offer a budget for
what he first thought was involved. He proposed $4000. The Army Air
Corps representative who came to the meeting was clearly underwhelmed.
He authorized $80 000 for the first year. That was a lot of money in 1940 for
this young Harvard doctorate, and it certainly raised the scope and emphasis
of the work required. Leo even got a telephone for his office (unheard of at
that time in Cruft Lab; they used a code of dots and dashes on a buzzer to
call people to the phone).

Following EAL, Leo accepted a move to MIT, to become Associate
Professor of Communication Engineering and Technical Director of MIT’s
Acoustics Laboratory, where Dick Bolt was already Administrative Director.
This led to a challenging MIT teaching load plus a vital role in a variety of
research undertakings at the growing Acoustics Lab. Those connections, in
turn, led to other opportunities; one (for the Office of Naval Research—
ONR) involved traveling to Europe to survey the acoustics activities of
many of those countries. A short time later, as a result of having two class
students from the Argentine Navy, Leo was invited to teach a summer
course in electro-acoustics in Argentina. Most of his lectures were in English
and were translated and handed out to the students. He gave one of his final
lectures in Spanish, after being coached and well-practiced.
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Even though they were on the MIT teaching staff, Leo and Dick Bolt
had approval to take on limited consulting jobs, which they did. This led to
the fairly early formation of their first consulting partnership, “Bolt and
Beranek,” in 1948 (Chapter 5). A variety of outside jobs kept them busy on
their days off from teaching, and this justified their adding Sam Labate, Bill
Lang (who later left to pursue his higher education elsewhere), Jordan
Baruch, and Bob Newman (who had already worked with Leo in his
Electro-Acoustics Lab and who had since taken an architectural degree at
MIT). Two really big jobs soon came to this new group: one was to take on
the architectural acoustics design work for several auditoriums of the United
Nations Building, and the other was a horrendous noise problem in Cleve-
land when an early NACA jet engine facility was turned on one night. Both
jobs were urgent and demanding, and both had some new and difficult
concepts that had to be carefully solved. Those two jobs, however, were
largely responsible for the early recognition of the growing company, then
“Bolt Beranek & Newman Inc.” (BBN). During the next few years, Leo was
directly involved in several major acoustical and noise reduction problems
for various well-known clients. He began to reduce his work load at MIT as
the BBN work grew. One important decision and new development was the
entrance of BBN into computer technology, assisted with a nudge from
Jordan Baruch. Leo convinced J. C. R. (“Lick”) Licklider that he had greater
future opportunities at BBN than at MIT. It took a hard sell to bring it about,
but Lick joined BBN and began an outstanding program of ‘“man-machine
symbiosis” that ultimately led to unbelievable advances in computer appli-
cations and communications. Have you heard of ARPAnet? How about the
Internet?

Two pictures on the front cover of the book (at the left, the top one and
third one down) show Leo at work on two BBN jobs. In the top photo, those
straps over his shoulders were to a parachute; that was for a helicopter-
quieting job. In the third photo, he was taking noise measurements in Seattle
of one of the first Boeing 707’s. With him on that field trip were Austin
Tobin (Executive Director of the Port of New York Authority) and John
Wiley (Director of Aviation for the Port Authority). At the meeting with
Boeing personnel before the measurement flights, Mr. Tobin assured Boeing
that their plane must not be noisier than the large four-engine propeller
aircraft then in use in international flights from Idlewild Airport (now JFK).
The whole unfolding story is told in Chapter 6, “Muffling the Jet Age.” The
dogged determination of Mr. Tobin, backed by the technical support of Leo
Beranek and Karl Kryter, made a major impact on the aviation industry,
leading to our present-day much-quieter commercial jet planes. Of course, a
lot of people in the aviation industry made it possible, but it was largely
Tobin and Beranek who applied the pressure at the right time and in the right
way to force the issue.

The dramatic end of Chapter 6 tells of the beginning of international
commercial jet travel, when, during the night of October 26-27, 1958, a Pan
Am Boeing 707 flew with a passenger load from New York to London, and
a BOAC de Havilland Comet 4 flew from London to New York. There are
14 pages of little-known aviation history in this chapter, and it’s packed with
dynamite!

Leo was deeply hurt by the critical assessments that some newspaper
music critics gave him the morning after Philharmonic Hall (now Avery
Fisher Hall) opened New York’s Lincoln Center on September 23, 1962. The
evening was so replete with famous personalities, the beautiful new building
and its ambience and decorations, and the entrance of this new musical
arrival in New York City, it is a wonder that anyone could concentrate on the
music program that was presented. In his book, he faced that negative pub-
licity headlong—right up there in front, in a four-page Prologue. Then, his
Chapter 7, entitled “Music, Acoustics, and Architecture,” summarizes this
part of his life. It was during that period that Leo was President of the
Acoustical Society of America and was a well-recognized acoustician inter-
nationally. In spite of that early unpleasant newspaper publicity, Leo re-
ceived The Gold Medal Award of the Acoustical Society of America in 1975
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and the National Medal of Science from President George W. Bush in 2003.
Also, a Special Session was planned to celebrate Leo’s 90th birthday at the
75th Anniversary Meeting of the Acoustical Society of America in New
York City in 2004. It took eight men 20 minutes each to talk about a par-
ticular specialty of his life and accomplishments in acoustics. Leo completed
the Session with a summary of his life under the title “My 65 Years in
Acoustics,” after which he received a long-lasting standing ovation for his
life and for his many contributions. Those are much more valued endorse-
ments than a few negative newspaper comments!

Chapter 8 is entitled “America’s Best TV Station.” That’s a pretty big
claim! Following a significant opening quotation from a January 1972 issue
of the Boston Globe, Leo begins this chapter with a powerful summary, as
follows:

“I took part in this dance (the analogy taken from the Boston Globe
article), risking at one point all of my life savings. The stakes were high—
financial independence or bankruptcy—yet even as I seemed to be losing
like some compulsive gambler, I kept betting more chips. So did thirty of
my colleagues. The story covers nearly a decade of legal dueling: four times
to the Federal Communications Commission, four times to the U. S. Court
of Appeals for the District of Columbia, and three times to the U. S. Su-
preme Court. There was much high drama along the way—personal con-
flicts, twists of fate and fortune, and the inevitable chance discoveries that, if
not recognized and acted on promptly, could have sunk the whole
endeavor.”

Leo’s serious interest in TV possibly began with a conversation that he
had in October 1962 with Jordan Baruch. Things started moving quickly,
and in about four months, while Leo and family were on a skiing vacation in
Switzerland, he was elected President of the newly formed “BBI” (Boston
Broadcasters Incorporated), which, indeed, had a distinguished group of
early owners over a variety of professions. The immediate goal was to
obtain FCC permission to start a TV station that would meet...

“the needs, problems and tastes of the community: One that brings the

best of Boston’s unique local resources...by infusing the whole schedule
with more exciting and meaningful material.”
It was a touch-and-go game lasting several years, that involved finances,
personnel, equipment, building permits, construction, lots of legal back-and-
forth wrangling, some unbelievably frequent and complicated delays that
many times seemed to make the whole venture impossible, and enough
bright spots to encourage them to keep going. One of his segments is en-
titled “Staying Calm with the Roof Falling In?,” but that heading could have
been used several other times as well. After one particular “Gut-Wrenching
Day,” they got the word, and Leo shouted out to anyone who was still in the
building, “We’re on the air!” Months later, the BBI Treasurer added up their
accumulated costs to be around $7.8 million before a penny of revenue came
in from the new station, WCVB-TV, Channel 5 in Boston. Leo tells us that
The New York Times carried a full-page article in 1981, with the headline,
“Some Say This is America’s Best TV Station.”

In 1982, Phyllis died, and this left Leo desolate. He always had excel-
lent family relationships with their two sons, Jamie and Tom, who provided
some much-needed consolation when their mother died. Friends and neigh-
bors helped as much as they could. With Phyllis” death and his earlier
stepwise retirements from BBN and then BBI, Leo had to find other outlets
for his restless energy. He already had committee connections with the Bos-
ton Symphony Orchestra and this grew into positions of stronger leadership
as Chairman of the Board of Overseers, and later as Chairman of the Board
of Trustees. Fund-raising was a major need, and Leo applied his available
time and abilities to that pursuit. It was an ambitious program but they even
went over their original goal for a One Hundredth Anniversary Fund. Other
innovative fund raisers have placed the Boston Symphony Orchestra on
fairly secure footing. Following retirement from the BSO job, Leo was
chosen to become President of the American Academy of Arts and Sciences,
where their financial considerations also became a major concern of his. In
this general time frame, Leo came to know Gabriella Sohn, and they were
married in 1985. Leo called it “one of the happiest times” in his life, and
they have been actively involved in travel and other varied interests. Gab-
riella even got Leo into a new venture: sailing.

During the period 1989 to 2001, Leo’s official title was “Acoustical
Design Consultant” for most of the six buildings that he worked on in Japan.
Chapter 10 gives considerable detail of his design work and his close col-
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laboration with the architects and engineers on those jobs. In some situa-
tions, he had disagreements on certain architectural features that he believed
would be deleterious to the acoustics of the space. With his usual calm, firm,
technical, and gentle persistence, he was able to prevail (except in one
situation which was not too serious anyway). He concludes this chapter with
this statement: “My experience in Japan had been favorable overall, with
many successful outcomes, and it was especially satisfying to call it quits on
the high note reached with...” and then he named those Japanese halls in
order of acoustical quality.

A few special anecdotes drop in on Leo’s writings from time to time.
About 68 years ago, Leo knew Arthur M. Schlesinger, Jr. (before Mr.
Schlesinger became a noted historian) and even helped him tie his bow-tie
before his wedding. One time, Leo had the job of recording the acclaimed
violinist Jasha Heifetz playing on a “bad” violin Mrs. Heifetz said, “He can
make any violin sound good.” Twice, Leo had occasion to have lunch with
Mrs. Eleanor Roosevelt. The first was quite by accident but the second was
by invitation to the White House. In 1990, Dr. and Mrs. Beranek were
invited by German Chancellor Helmut Kohl to attend meetings that he
called to discuss European and German-American relations. Of course, there
are detailed explanations of these situations in Leo’s autobiography. For
some of his work toward the end of WW II, Leo was dubbed “captain of the
Navy warship USS Beavertail.” That’s a special story in itself—was he
really a captain in the Navy?

Some of us had no idea that Leo was an accomplished skier. We just
knew that he and Phyllis went off to Europe several winters, presumably on
business, but he always carried skis. In 1957, he saw a sign, “Test your ski
capabilities by means of the Swiss Ski Tests.” He was considering the “Sil-
ver Badge Test” but his ski instructor said that he should try for the “Gold.”
Among several difficult maneuvers, there were two critical runs. At the end
of the first, his examiner said, “There are not more than a dozen skiers in
Switzerland who can handle deep snow better than you.” At the end of the
second run, the examiner said that he had passed. The “Gold Badge” asserts
“It is the badge of a first-class skier.” We should have expected it: Leo
excels at anything he tries! He did have a problem one year, though, when
he went to Moscow to collect the royalties gained from their printing and
selling one of his books. He had trouble spending it all in Russia.

For just a moment, consider the concluding pages 231 through 233.
With the title “Degrees, Awards, and Honors,” Leo identifies two and one-
half pages (41 items) of distinctions that he has received in his lifetime of
accomplishment and public service in acoustics, education, national defense,
music, engineering, and science. It is truly an impressive list for a very
humble fellow.

Chapter 10 carries a meaningful heading: “Art+Physics=Beautiful
Music.” That was taken from an April 19, 2000, article in The New York
Times that included photos in color of Leo and the architect, Yanagisawa,
with this statement: “An unusually intense collaboration between architects
and acousticians has put the science of acoustics to test, with two major
successes in Tokyo.” That heading also summarizes a lot of Leo’s life. He
has applied art and physics in a very careful, practical, quantitative, and
realistic way, and has brought harmony to his life and ours. I especially
value my contacts with him. I worked at BBN for 27 years, had many
contacts with Leo during that time, and enjoyed working directly and
closely with him on at least three major jobs, major for both of us. He has
been a wonderful teacher: patient, thorough, kind, intensely honest, and a
real motivator. There are so many things that I would like to add, but I've
said enough. Nevertheless, it has been a distinct honor to be asked to review
Leo’s “Riding the Waves.” He has taken us along for an enjoyable ride.

LAYMON N. MILLER, (Retired BBNer)
1504 Harbor Court
Fort Myers, FL 33908-1651
E-mail: laymnluce @aol.com

(Reviewer’s personal comment: Leo Beranek is an icon in acoustics. |
have known him for about 66 years and worked for him and with him at
BBN for 27 of those years. I cannot keep some personal connections out of
this review. Please forgive me. It’s a wonderful book. How can I enthuse
more than I have?)
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7,251,195

43.20.Ye APPARATUS FOR GENERATING AN
ACOUSTIC SIGNAL

Christian G. Reiff ef al., assignors to United States of America as
represented by the Secretary of the Army
31 July 2007 (Class 367/139); filed 23 October 2003

Electrodes 14-16, which are rounded to prevent coronal discharge, are
mounted to one side of a dielectric substrate 12. A voltage is applied, via
conductors 22 and 24, from power supply 10, that is just below that required
for surface arc discharge. A connector strip 34 is placed on the other side of
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the dielectric. A trigger voltage is applied to strip 34 such that the electric
field between the high voltage electrodes is exceeded, thus causing the
air to ionize and create a surface arc. This arc produces an acoustic
impulse.—NAS

7,280,433

43.30.Pc DEVICE AND METHOD FOR SONAR
MEASUREMENT OF A SWIMMING POOL

Robert J. McEwen IV and Jeffrey D. McEwen, both of Charlotte,
North Carolina
9 October 2007 (Class 367/96); filed 28 September 2005

Tlustrated is a method of profiling a pool with sound prior to cutting a
pool liner—GFE
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7,283,424

43.30.Wi HIGH SPEED UNDERWATER PROJECTILE
TRACKING SYSTEM AND METHOD

Robert Kuklinski, assignor to The United States of America
represented by the Secretary of the Navy
16 October 2007 (Class 367/118); filed 2 August 2006

A straightforward method of tracking underwater projectiles fired
within a series of hoops is detailed. —GFE

7,260,229

43.38.Dv POSITION SENSOR FOR A
LOUDSPEAKER

Stefan R. Hlibowicki, assignor to Audio Products International
Corporation
21 August 2007 (Class 381/96); filed 16 October 2002

Tapered conductive element 28 induces a current in inductive coils
22-24 as it moves relative to voice coil 32. The shape of element 28 is such
that it generates a linear change in inductance as a function of displacement.

20

Coils 22-24 are connected to an electronic circuit that uses the inductance
signal to compensate for some of the non-linearities in the voice coil (and
loudspeaker) displacement.—NAS
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7,292,227

43.38.Dv ELECTRONIC DEVICE, VIBRATION
GENERATOR, VIBRATION-TYPE REPORTING
METHOD, AND REPORT CONTROL METHOD

Masaaki Fukumoto and Toshiaki Sugimura, assignors to NTT
DoCoMo, Incorporated

6 November 2007 (Class 345/173); filed in Japan 8 August 2000

Instead of acoustic (beeps) indication of a touch panel input the au-
thors suggest the use of vibration. That is, if the touch panel input is re-
ceived, the panel and/or the housing of the panel vibrates letting an operator
know that his/her input is processed. This 86 page patent (including 85
figures and 82 claims) describes the operation of the reaction force shaker
controlled by a magnetic brake.—DMD

7,250,832

43.38.Rh METHOD FOR REALIZING SURFACE
ACOUSTIC WAVE FILTER ARRANGEMENTS AND
FILTER ARRANGEMENT OBTAINED IN
ACCORDANCE TO THIS METHOD

Serguei Kondratiev, assignor to TEMEX
31 July 2007 (Class 333/193); filed in the European Patent Office
21 December 2001

An improved surface acoustic wave (SAW) radio frequency band pass
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filter is claimed where parasitic elements of length 1 are added.—AJC

7,281,429

43.38.Zp OPTICAL HYDROPHONE FOR A SHOCK-
WAVE FIELD WITH LONG SERVICE LIFE

Bernd Granz and Ralf Nanke, assignors to Siemens
Aktiengesellschaft

16 October 2007 (Class 73/655); filed in Germany 29 November
2002

A fiber-optic hydrophone designed to measure the spatial distribution
of an impinging shock wave is described by illuminating the boundary of an
optically-transparent body and a sound-conducting medium.—GFE
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7,289,919

43.40.Le CYCLIC TIME AVERAGING FOR MACHINE
MONITORING

Johannes I. Boerhout, assignor to SKF Condition Monitoring
Incorporated
30 October 2007 (Class 702/56); filed 30 July 2004

Monitoring of a machine for the early detection of potential faults is
accomplished on the basis of signals obtained from accelerometers. The
time signals from an accelerometer are averaged over several periods and
each average is subjected to “cycle time averaging,” which provides a cir-
cular diagram that relates the data to one period of the phenomenon under
consideration. This permits determination of the energy contributions of
various sources and thus the identification of potential problems.—EEU

7,249,442

43.40.Tm STORAGE RACK VIBRATION ISOLATORS
AND RELATED STORAGE RACK SYSTEMS

John B. Pellegrino ef al., assignors to Ridg-U-Rak, Inc.
31 July 2007 (Class 52/167.8); filed 10 April 2006

A storage rack seismic isolator against horizontal seismic vibrations is
claimed. Because of diagonal stiffeners 16, such racks have more stiffness
against cross-aisle motion 10 than for along-aisle motion 12. Seismic (earth-
quake) events can cause stored objects in trays on 17 to slide off and fall

into aisles and onto personnel there. Movable supports 30a are made free to
slide in tracks 34a. Horizontal restraint is direction 10 is provided by a
spring or a stack of rubber pads fastened inside isolator housing 20a, pro-
viding an isolator resonance frequency of from 0.5 to 1.6 Hz.—AJC
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7,249,509
43.40.Tm ANGULAR VELOCITY DETECTOR

Kenji Hirano, assignor to DENSO Corporation
31 July 2007 (Class 73/504.12); filed in Japan 8 July 2004

Isolation 300 of angular velocity sensor 100 against vibration of pack-
age S5 and its environment is claimed. Sensor 100 operates via coriolis
force on an element vibrating at a high frequency within 100 resulting from
angular velocity (rotation of) package S5. Environmental vibration of S5 can
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result in errors by the coriolis sensor 100. Isolation against such environ-
mental vibrations is provided by resilient buttons or strips 300 on each
corner or side of sensor 100.—AJC

7,255,529

43.40.Tm COOLING FAN MOUNTING
ARRANGEMENT WITH VIBRATION ISOLATION
MEMBER

Chin-Long Ku et al., assignor to Fu Zhun Precision Industry
(Shenzhen) Company, Limited
14 August 2007 (Class 415/119); filed 17 December 2004

An economical personal computer cooling fan vibration (noise) isola-
tor 20 is claimed having locking protrusions 26 which pass through slotted

hole 15-16. Isolator material 22, 26 is an elastomer. It was not made clear
what sort of fastener is to be used to hold fan assembly 10 onto the computer
framework.—AJC
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7,284,527
43.40.Tm TUNED VIBRATION ABSORBER

Eric Herrera and Bilal A. Bazzi, assignors to Freudenberg-NOK
General Partnership
23 October 2007 (Class 123/195 C); filed 6 April 2004

This dynamic absorber is intended to be used with a bolt, such as one
that fastens a cover to an engine, and consists of a mass 26 that is attached
to a supporting pedestal 22 via an elastic element 24. The pedestal, which in
essence is made of an upper ring that is connected to a lower ring by two
rods, is fastened to the cover 30 by a bolt 28 that also holds the cover onto
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the engine via a washer 34 and grommet 36. The mass 26 is in the form of
a hollow cylinder and the element 24 is ring shaped to permit a tool to reach
the bolt head. An absorber of this type may be added to each of several bolts
on an engine cover.—EEU

7,290,374

43.40.Tm VIBRATION CONTROL APPARATUS
USING WATER TANK LOCATED AT TOP FLOOR OF
A TALL BUILDING

Sung Won Yoon et al., assignors to Seoul National University of
Technology

6 November 2007 (Class 52/167.1); filed in Republic of Korea 10
September 2003

Water in tanks atop tall buildings can serve as a dynamic absorber to
protect the building from excessive lateral vibrations, such as those that may
result from wind or seismic excitation. The water tanks are fitted with stra-
tegically located wire mesh screens to damp the water’s sloshing motion.
Rather than adding a water tank that only serves as a damper, it is desirable
to use the building’s water supply tank also to fulfill this function. The
present patent describes constructions of such tanks that facilitate cleaning
and replacement of the screens in these tanks.—EEU
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7,290,644

43.40.Tm VIBRATION ABSORBER WITH DYNAMIC
DAMPER

Kazuo Miyake, assignor to Kurashiki Kako Company, Limited
6 November 2007 (Class 188/379); filed in Japan 23 March 2005

This patent pertains to an engine mount in which an inner load-bearing
element is isolated from an outer supporting shell via an elastomeric ele-
ment. An outer toroidal rubber “stopper” is added to limit the relative mo-
tion between the two supporting elements in the event of an overload. One
or more metal disks or spirals are embedded in the rubber stopper, so that
this assembly also serves as a dynamic absorber.—EEU

7,286,919

43.40.Vvn METHOD AND APPARATUS FOR
CONTROLLING DAMPING OF A VEHICLE
SUSPENSION

John Nordgren et al., assignors to GM Global Technology
Operations, Incorporated
23 October 2007 (Class 701/37); filed 18 May 2006

Semi-active control of the dampers of a vehicle suspension is achieved
by an algorithm that limits heave, roll, and pitch of the vehicle body. The
body movement is measured with accelerometers and vehicle-speed-
dependent maximum and minimum limits to the damper control are applied.
The rate of each damper is adjusted depending on its location on the vehicle,
with the intent of always having a balanced setting of the four
dampers.—EEU

7,250,087
43.40.Yq CLOGGED NOZZLE DETECTION

James Tyson, Pennsauken, New Jersey and Janez Makovsek,
Maribor, Slovenia
31 July 2007 (Class 134/18); filed 16 May 2006

“...by monitoring the intensity of vibrations caused by the impinge-
ment of the spray jet, we can gauge the mass flow of the water producing the
vibrations and consequently the performance of the jet nozzle itself.” The
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patent claims use in cleaning the insides of tanks, and by mention, dish-
washers, where multiple rotating nozzles are used for the cleaning
process.—NAS

6,848,252

43.50.Gf EXHAUST ENHANCEMENT FOR
AFTERMARKET MOTORCYCLE EXHAUST PIPES
WITH A STRAIGHT PIPE TYPE DESIGN AND
WITH INSIDE PIPE DIAMETER FROM 1.875” AND
LARGER

James Charles Maybeck, Charlotte, North Carolina
1 February 2005 (Class 60/312); filed 7 April 2003

As the title suggests, this patent is aimed at “enhancing” the noise and
power of a motorcycle engine. The stock muffler baffles are removed and
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replaced by “thunderbolts,” Fig. 4, and “thunderprobes,” Fig. 5, which “cre-
ate a vortex which allows the gases to exit more efficiently,” thus providing
improved throttle response and a deeper sound.—KPS

7,249,987
43.50.Gf AIR INTAKE DEVICE FOR WATERCRAFT

Yoshiaki Noda and Masatsugu Matsumoto, assignors to Honda
Motor Company, Limited
31 July 2007 (Class 440/88 A); filed in Japan 29 March 2005

A personal watercraft engine air intake noise suppression method is
claimed. Cool combustion air is drawn through an opening in the top front
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35

of the craft, through long duct 35, air filter 57 and flame arrester 56 into
throttle assembly 62. The long length duct 35 promotes reduction of noise
emission from the remote air inlet. Duct 35 also passes under air cleaner 36
so that the entire assembly can be narrower than, and placed behind, any
in-line engine for a more compact craft assembly.—AJC

7,258,287

43.50.Gf MODULAR FUEL INJECTOR WITH A
SPIRAL DAMPER MEMBER AND METHOD OF
REDUCING NOISE

Yong D. Cho and Zeki Alyanak, assignors to Siemens VDO
Automotive Corporation
21 August 2007 (Class 239/585.1); filed 3 June 2004

This is an advancement over United States Patent 7,128,281 (reviewed
in JASA 121:2487). Engine fuel injector noise reduction is claimed where
noise and vibration caused by armature 214 impacts is absorbed by damper
400. Damper 400 is formed from 1-mm-thick sheet material of density 2.7
and greater, rolled into a cylinder and pressed into injector aperture 204A.
Acoustical tests of 23 treated injector samples indicated a noise emission
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reduction of from 0.5 to 2.06 dBA, with an overall average noise reduction
of 1.6 dBA.—AJC

7,254,240
43.50.Ki ACTIVE NOISE CONTROL SYSTEM

Toshio Inoue et al., assignor to Honda Giken Kogyo Kabushiki
Kaisha
7 August 2007 (Class 381/71.4); filed in Japan 9 March 1999

This is an advancement over United States Patent No. 7,062,049 (re-
viewed JASA 120:3448) which had error microphones under the driver’s
seat 31 and in the trunk 35 and under the roof center. Here, side micro-
phones 43, 44 by the front seat occupants’ ears and 45 on the floor are added
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to update controller active noise control (ANC) coefficients to drive speaker
25. Road noise frequency components to be suppressed are around 40 and
80 Hz.—AJC

6,848,410

43.50.Lj SOUND TRANSMISSION DEVICE FOR A
MOTOR VEHICLE

Reinhard Hoffmann ef al., assignors to Mahle Filtersysteme
GmbH

1 February 2005 (Class 123/184.57); filed in Germany 23 March
2001

A device to introduce engine sounds into the passenger cabin of an
automobile is described in which sound transmission tubes connect between
the air intake of the engine, 11, and the bulkhead, 19. Each transmission tube
connects to resonators 13, 15, which in turn are connected to an exit throat

18. Each transmission tube may be tuned to a different resonant frequency
by selection of the tube length and the resonator characteristics. Actuators
25, and control flaps 23, may be used to close off any of the transmission
tubes, thus allowing control of the character of the noise reaching the ve-
hicle occupants.—KPS

6,826,901

43.50.Nm CONVERGENT/DIVERGENT SEGMENTED
EXHAUST NOZZLE

Leonard J. Hebert, assignor to The Boeing Company
7 December 2004 (Class 60/204); filed in 13 October 2003

Exhaust noise suppression in a high by-pass ratio turbofan engine can
be achieved by means of segmentation of the nozzle exit, also known as
chevrons (Fig. 1). These triangular chevrons are curved into the flow to
promote mixing and hence noise reduction. The present invention aims to
ameliorate the performance penalties associated with such designs. Figure 2
illustrates the inner, 12, and outer, 14, walls of the fan exhaust stream. The
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changes in cross section from 20 to 22 to 24 to 26 constitute a converging-
diverging arrangement designed to minimize any performance penalties.
Location AEL1 represents the exhaust area of a conventional nozzle, and
AE2 represents a typical chevron arrangement, absent the present
invention.—KPS

7,257,230

43.55.Lb IMPULSE RESPONSE COLLECTING
METHOD, SOUND EFFECT ADDING APPARATUS,
AND RECORDING MEDIUM

Shigetaka Nagatani, assignor to Sony Corporation
14 August 2007 (Class 381/56); filed in Japan 24 September 1998

A fairly straightforward, but complex (there are at least 25 aspects of
the invention disclosed just in the summary), means of simulating reverbera-
tion is presented. A digital signal, described as a time stretch pulse, is sent to
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a device via D/A and A/D converter(s), which in the patent is a steel plate
but could be almost any physical object including a concert hall. The digital
signal thus obtained is synchronously averaged and the stereo impulse re-
sponse is calculated.—NAS
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7,249,654

43.55.Ti HEAT INSULATING ACOUSTICAL
STRUCTURE AND CARBODY SHELL STRUCTURE
USING THE SAME

Hidekazu Nakamoto ef al., assignor to Hitachi, Limited

31 July 2007 (Class 181/290); filed in Japan 9 February 2005

An improved and thinner railroad passenger car shell thermal and
noise barrier assembly 10-20 is claimed. The rail car structural shell 10 is
double skin aluminum with internal stiffener ribs 13 across a 40-mm-thick
airspace. Vacuum insulating material 21 is 6 mm thick. Fibrous non-woven
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acoustical insulating material 30 is 16 mm thick. Interior panel finish mate-
rial 24 is 2 mm thick plastic. Overall shell thickness is 64 mm. Compared
with 90-mm-thick conventional construction, sound transmission loss at
sound frequencies above 250 Hz is improved by 1-3 dB.—AJC

7,257,452

43.58.Ta GUI FOR DIGITAL AUDIO SIGNAL
FILTERING MECHANISM

Philip R. Wiser ef al., assignor to Microsoft Corporation
14 August 2007 (Class 700/94); filed 29 June 2005

Digital distribution of audio files via computer networks, the internet,
and other means is ubiquitous. The many different end user requirements
and capabilities of the end user equipment means that the delivery format of
the file may not be optimum. A comprehensive means of processing a source
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audio file or files for delivery in many encoded formats, for which a profile
for each format is prepared, stored, and accessible, in which the end user
requirements are considered, is disclosed.—NAS

7,273,105
43.60.Dh MONITORING OF A RESERVOIR

John A. Johansen and Morten Sivertsen, assignor to FMC
Kongsberg Subsea AS

25 September 2007 (Class 166/336); filed in Norway 19 December
2001

Upon its completion, an underwater oil well is typically capped and
temporarily ignored. A method to communicate with the completed
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wellhead via standard acoustic communications is described for the purpose
of improving future well drilling in the area.—GFE

7,277,538

43.60.Dh DISTORTION COMPENSATION IN AN
ACOUSTIC ECHO CANCELER

James H. Parry, assignor to Tandberg Telecom AS
2 October 2007 (Class 379/406.01); filed 4 October 2005

Another version of an adaptive equalizer to cancel echoes in telephony
is described. —GFE

7,280,070

43.60.Fg ROBUST OPTIMAL SHADING SCHEME
FOR ADAPTIVE BEAMFORMING WITH
MISSING SENSOR ELEMENTS

Unnikrishna Sreedharan Pillai, Harrington Park, New Jersey
9 October 2007 (Class 342/195); filed 30 November 2004

A technique to automatically recalculate beam shading parameters
when individual elements die is described.—GFE

7,277,116

43.60.Jn METHOD AND APPARATUS FOR
AUTOMATICALLY CONTROLLING VIDEO
CAMERAS USING MICROPHONES

Antonio Messina, 40126 Bologna, Italy
2 October 2007 (Class 348/14.08); filed in Italy 3 July 1998

Yet another time delay of arrival system is put forth, this one directing
video cameras toward the direction of an acoustic source.—GFE

7,277,359

43.60.Jn NAVIGATION PROCESSOR, A SYSTEM
COMPRISING SUCH A NAVIGATION

PROCESSOR AND A METHOD OF CONTROLLING
AN UNDERWATER SYSTEM BY SUCH A
NAVIGATION PROCESSOR

Francois Bernard, assignor to Think! Global B.V.
2 October 2007 (Class 367/131); filed 28 December 2006

The obvious idea of using environmental measurements to improve
acoustic propagation has been seized upon again. This time the improved
acoustic estimations are used to more accurately position objects on the sea
floor—GFE

7,286,672

43.66.Ts BINAURAL HEARING DEVICE AND
METHOD FOR CONTROLLING A HEARING DEVICE
SYSTEM

Hans-Ueli Roeck, assignor to Phonak AG
23 October 2007 (Class 381/23.1); filed 7 March 2003

Beamforming is implemented in a monaural or binaural middle ear
implantable hearing system, taking into account the acoustic signals present
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at the two ears of the wearer. A hard-wired, fiber optic or wireless commu-
nication link is established between the devices associated with each ear.
One or more microphones may be utilized in each device, and Wiener fil-
tering is performed before transmission to the other device. If two or more
microphones are utilized in the device at each ear, their output signals are
combined and pre-processed before transmission to the other device. Histo-
grams keep track of acoustical source changes over time.—DAP

7,286,673

43.66.Ts EMBEDDED INTERNET FOR HEARING
AIDS

Joerg Bindner and Wolfram Meyer, assignors to Siemens
Audiologische Technik GmbH
23 October 2007 (Class 381/60); filed in Germany 15 January 2002

Diagnostic information such as status of the battery in a hearing aid is
sent to a hearing aid specialist via the Internet or other wide-area network.
The hearing aid has built in bi-directional communication, which may be
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wireless, and Internet functionality. The goals are to determine if a battery
was changed by the user at a time later than it should have been and training
the user to change the battery at the appropriate time.—DAP
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7,286,677
43.66.Ts DIRECTIONAL MICROPHONE ASSEMBLY

Mead C. Killion et al., assignors to Etymotic Research,

Incorporated
23 October 2007 (Class 381/313); filed 12 July 2004

To reduce size of an in-the-ear hearing aid directional microphone
assembly, opposing side portions of a directional microphone cartridge ex-
tend partially into the opposing sound ducts of the opposing side walls of the
directional microphone assembly. The result is that sound passage inlets for
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the directional microphones are spaced apart such that the shortest distance
between them is less than or approximately equal to the length of the mi-
crophone cartridge.—DAP

7,286,678

43.66.Ts HEARING DEVICE WITH PERIPHERAL
IDENTIFICATION UNITS

Herbert Bichler and Christian Berg, assignors to Phonak AG
23 October 2007 (Class 381/314); filed 6 July 2000

The hardware block configuration peripheral to the digital signal pro-
cessing unit in a hearing aid is stored to facilitate a modular design and
construction process with no manual writing required and self-identification
of the system constellation during manufacturing and fitting. Components
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may be connected together on two buses. Included on the first bus are
microphones, sensors, amplifiers, and receivers and on the second bus trans-
ceivers, memories and switches.—DAP
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7,286,679

43.66.Ts AUTOMATIC BINAURAL SHELL
MODELING FOR HEARING AIDS

Tong Fang et al., assignors to Siemens Medical Solutions USA,
Incorporated
23 October 2007 (Class 381/322); filed 18 December 2003

Data obtained from scanning the impressions of the first and second
ears are used to automatically model and process relative position and
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orientation information for the second custom earshell from the modeling
results on the first earshel.—DAP

7,289,639
43.66.Ts HEARING IMPLANT

Eric Abel et al., assignors to Sentient Medical Limited
30 October 2007 (Class 381/312); filed in United Kingdom 24
January 2002

An ear canal module houses a microphone and an LED or other light
source converts incoming sounds to light energy such as infrared, which in
turn is transmitted through the eardrum. A middle ear or inner ear implant
includes a photoreceiver that detects the light signal, amplification circuitry

and a piezoelectric or other type of actuator that produces mechanical or
electrical stimulation to the middle or inner ear. Also claimed is that a
second light signal can be transmitted to charge a battery housed in the
implantable portion of the device.—DAP
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7,292,698

43.66.Ts DATA TRANSMISSION DEVICE FOR
HEARING AIDS

Torsten Niederdrink et al., assignors to Siemens Audiologische
Technik GmbH

6 November 2007 (Class 381/315); filed in Germany 12 February
2003

To facilitate wireless communication in a hearing aid while minimiz-
ing extra space required, an inductor is used both as an antenna and as a coil
in a modulatable LC resonant oscillator circuit. A current mirror and com-
parator actuation circuit monitors the polarity of oscillation and delivers an
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adjustable amount of energy into the oscillator circuit during a negative or
positive half-cycle of oscillation. The current mirror can also be controlled
externally to produce an amplitude modulation.—DAP

7,292,699

43.66.Ts BAND-LIMITED ADAPTIVE FEEDBACK
CANCELLER FOR HEARING AIDS

Shawn X. Gao et al., assignors to House Ear Institute
6 November 2007 (Class 381/318); filed 23 March 2005

To reduce adaptation time, signal distortion and signal processing
complexity, acoustic feedback cancellation is performed only in a frequency
band that encompasses unstable frequencies. An adaptive filter is formulated

Feedback Canceller

Hearing Aid Process

Acoustic Feedback signal

to approximate the external feedback path of the hearing aid in conjunction
with first and second bandpass filters. Delays are shortened and optimized
throughout the system to minimize phase distortion.—DAP
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7,295,676

43.66.Ts HEARING AID AND METHOD OF
ADAPTING A HEARING AID

Josef Chalupper, assignor to Siemens Audiologische Technik
GmbH

13 November 2007 (Class 381/313); filed in Germany 5 November
2003

The goal is a system that focuses spatially on one desired sound source
direction quickly using blind source separation, even during hearing aid
wearer head movement. With the wearer’s head position and the outputs of
multiple microphones, the system can identify the direction of one acoustic
signal. The position of the hearing aid wearer’s head is determined with an
accelerometer or a flux gate that detects the earth’s magnetic field. The
position of the head may be transmitted wirelessly from the first to the
second hearing aid in a binaural fitting.—DAP

7,288,071

43.66.Yw SPEECH DISCRIMINATION IN
AUTOMATED DIAGNOSTIC HEARING TEST

Jeffrey S. Harrison ef al., assignors to Tympany, Incorporated
30 October 2007 (Class 600/559); filed 16 May 2003

A patient uses a computer-based, multi-media device to perform
speech discrimination and other audiometric tests automatically on his or
her own hearing with minimal assistance from a hearing health professional
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and without a sound isolation chamber. Optimal intensity and masking
levels are calculated and presented during testing with word-picture
groups.—DAP

7,292,971

43.70.Kv LANGUAGE PHONETIC SYSTEM AND
METHOD THEREOF

Kuojui Su and Van Nuys, California
6 November 2007 (Class 704/5); filed in Taiwan 27 October 2003

This patent describes a new phonetic spelling system intended to ease
the task for English speakers of learning to speak the Chinese language.
Acknowledging the success of the now widely used Pinyin spelling system,
a number of changes have been made to help sort out some of the confu-
sions which can arise while using that system. For example, Pinyin uses the
character combinations “zh,” “ch,” and “sh” to represent sounds which do
not occur in English. The authors of this system argue that less confusion
occurs through the use of nonoccurring combinations “tz,” “td,” and “s"”” to
represent these sounds. Other similar innovations appear to reflect a good
understanding of many of the issues involved in learning to speak a foreign
language.—DLR
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7,283,962

43.71.Bp METHODS AND SYSTEMS FOR
DETECTING, MEASURING, AND MONITORING
STRESS IN SPEECH

James L. Meyerhoff and John H. L. Hansen, assignors to United
States of America as Represented by the Secretary of the Army
16 October 2007 (Class 704/270); filed 21 March 2003

This patent describes a method of speech analysis designed to detect
stressful conditions affecting the speaker. While acknowledging that stress
will often affect the speech pitch or pitch range, the method does not include
a pitch analysis. Instead, the primary detector seems to be a peakiness de-
tector, which looks for spikes in the energy across either time (analysis
frames) or frequency (filter bands). The patent is a study in hedging one’s
bets. Ideally, the method would detect speaker stressful conditions, but an-
other claim will also be satisfied if any of 42 other emotional states is
detected. The error rate would ideally be 1% or less, but other claims are
satisfied by error rates up to 4.7%. And so it goes.—DLR

7,292,901

43.72.Gy HYBRID MULTI-CHANNEL/CUE CODING/
DECODING OF AUDIO SIGNALS

Frank Baumgarte and Peter Kroon, assignors to Agere Systems
Incorporated
6 November 2007 (Class 700/94); filed 18 September 2002

Conventional techniques of encoding the sum and the difference of left
and right audio channels require a large amount of data and transmission
bandwidth. With the binaural cue coding technique (BCC) recommended in
this patent, the amount of data to be transmitted is reduced since the spectral
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components for the input signals are downmixed into a single monaural
signal which forms a hybrid signal with at least one spectral component for
each input signal that was left unmixed. The result is encoded using con-
ventional coding techniques.—DAP

7,286,987

43.72.Ne MULTI-PHONEME STREAMER AND
KNOWLEDGE REPRESENTATION SPEECH
RECOGNITION SYSTEM AND METHOD

Philippe Roy, assignor to Conceptual Speech LLC
23 October 2007 (Class 704/270); filed 30 June 2003

The speech recognizer presented here is said to perform better than
others because of its front-to-back comprehensive set of domains and meth-
ods of analysis, including phoneme classification, word identification, part-
of-speech analysis, syntactic parsability, and semantic appropriateness. Each
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of these steps is described in considerable detail, resulting in a bulky patent
of 71 pages and with 290 claims.—DLR

7,286,989

43.72.Ne SPEECH-PROCESSING SYSTEM AND
METHOD

Gerhard Niedermair et al., assignors to Siemens Aktiengesellschaft
23 October 2007 (Class 704/275); filed in Germany 3 September
1996

Selections from several different types of speech recognition modules
and speech output modules are made depending on the specific type of input
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signal and application situation.—DAP

7,277,852

43.75.Xz METHOD, SYSTEM AND STORAGE
MEDIUM FOR COMMERCIAL AND MUSICAL
COMPOSITION RECOGNITION AND STORAGE

Miwako Iyoku and Tatsuhiro Kobayashi, assignors to NTT
Communications Corporation
2 October 2007 (Class 704/236); filed in Japan 23 October 2000

Even though such tools already exist, a technique has been put forth
to record music from the radio, extract features, and compare them to a
known database, in order to automatically determine the singer and song
title.—GFE
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7,277,550

43.75.Zz ENHANCING AUDIO SIGNALS BY
NONLINEAR SPECTRAL OPERATIONS

Carlos Avendano et al., assignors to Creative Technology Limited
2 October 2007 (Class 381/94.2); filed 24 June 2003

A tool for sharpening or smoothing music is described using simple
filters and the short-time Fourier transform.—GFE

7,285,092

43.80.Vj COMPUTERIZED ULTRASOUND RISK
EVALUATION SYSTEM

Nebojsa Duric et al., assignors to Barbara Ann Karmanos Cancer
Institute
23 October 2007 (Class 600/443); filed 18 December 2002

Tissue is fixed in position and illuminated with acoustic waves. Re-
flected and transmitted waves are received. The received waves are
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processed to derive a representation of the tissue.—RCW

7,285,093

43.80.Vj SYSTEMS FOR ULTRASONIC IMAGING OF
A JAW, METHODS OF USE THEREOF AND
COUPLING CUSHIONS SUITED FOR USE IN THE
MOUTH

Victor Anisimov et al., assignors to Imadent Limited
23 October 2007 (Class 600/443); filed 10 October 2003

The position of a specially configured ultrasonic probe that consists of
one, two, or more transducer elements is used to image a portion of a
jaw.—RCW

7,285,094

43.80.Vj 3D ULTRASONIC IMAGING APPARATUS
AND METHOD

Timothy J. Nohara et al., Fonthill, Ontario, Canada
23 October 2007 (Class 600/447); filed 28 January 2003

A two-dimensional array of transducer elements with a different pitch
in each dimension is used to transmit and receive ultrasonic waves. Beam-
forming in an azimuth or elevation dimension or in both dimensions is used
to scan a region. Data processing yields ultrasound echoes along a line, in a
plane, or throughout a volume.—RCW
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7,285,095

43.80.Vj METHOD OF ANALYZING AND
DISPLAYING BLOOD VOLUME USING
MYOCARDIAL BLOOD VOLUME MAP

Hiroshi Ito and Yasuhiro Nakajima, assignors to YD, Limited
23 October 2007 (Class 600/458); filed in Japan 27 December 2002

A contrast-echo image showing the myocardium and a cardiac cham-
ber is used to determine the volume of blood within the myocardium. In the
image, regions covering a portion of the myocardium and a corresponding
portion of a cardiac chamber are identified. A difference in intensity between
the myocardium region and chamber region is obtained and the myocardium
region is colored using the difference. —RCW

7,289,842

43.80.Vj SYSTEM FOR MEDICAL EXAMINATION OR
TREATMENT

Michael Maschke, assignor to Siemens Aktiengesellschaft
30 October 2007 (Class 600/478); filed in Germany 22 September
2003

This is a catheter-based system with a sensor for optical coherence
tomography, a sensor for intravascular ultrasound imaging, and a processing
unit to develop and display images derived from each sensor.—RCW

7,288,068

43.80.Vj AUTOMATIC OPTIMIZATION FOR
ULTRASOUND MEDICAL IMAGING

Miige M. Bakircioglu ef al., assignors to Siemens Medical
Solutions USA, Incorporated
30 October 2007 (Class 600/455); filed 15 December 2003

Blood flow velocity values are unwrapped to avoid aliasing artifacts.
The unwrapped velocity information is used to optimize the pulse repetition
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rate and the frame rate. In the optimization, the pulse repetition rate is
determined from a systolic time period of the heart cycle and the frame rate
is determined by a correlation as a function of penetration depth. One or
more thresholds for velocity or energy in a flow image or displacement in
the imaging plane may be used in the process.—RCW

7,291,108

43.80.Vj ULTRASONIC TRANSMISSION/
RECEPTION APPARATUS FOR GENERATING AN
IMAGE BASED ON ULTRASONIC ECHOES

AND VIBRO-ACOUSTIC SOUNDS

Tomoo Satoh, assignor to FUJIFILM Corporation
6 November 2007 (Class 600/437); filed in Japan 19 September
2003

A small amount of tissue around a bone and also a small amount of
tissue inside the bone are imaged with a high resolution by using a

40

PROCESSING UNIT

COMPRESSK)N AMPLIFICATICN| 47

DISPLAY
UNIT

PULSE LI LOGARITHMIC |f e recrion 4

DISPLAY-IMAGE|
ARITHMETIC
UNIT

DETECTION SIGNAL OF VIBRO-ACOUSTIC SOUND
DETECTION SIGNAL OF ULTRASONIC ECHO

swept-frequency technique to excite a vibro-acoustic sensor from which
signals are processed to obtain the image.—RCW
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Comment on “Silent research vessels are not quiet”
[J. Acoust. Soc. Am. 121, EL145-EL150] (L)

Olav Sand®
Department of Molecular Biosciences, University of Oslo, P.O. Box 1041 Blindern, NO-0316 Oslo, Norway

Hans Erik Karlsen
Department of Biology, University of Oslo, P.O. Box 1066 Blindern, NO-0316 Oslo, Norway

Frank R. Knudsen
Simrad, P.O. Box 111, NO-3191 Horten, Norway

(Received 13 November 2007; revised 4 January 2008; accepted 9 January 2008)

The recent paper by Ona et al. [J. Acoust. Soc. Am. 121, EL145-EL150] compared avoidance
reactions by herring (Clupea harengus) to a traditional and a “silent” research vessel. Surprisingly,
the latter evoked the strongest avoidance, leading to the conclusion that “candidate stimuli for vessel
avoidance remain obscure.” In this Comment, it is emphasized that the otolith organs in fish are
linear acceleration detectors with extreme sensitivity to infrasonic particle acceleration. Near-field
particle motions generated by a moving hull are mainly in the infrasonic range, and infrasound is
particularly potent in evoking directional avoidance responses in several species of fish. The stimuli

initiating vessel avoidance may thus include infrasonic particle acceleration.
© 2008 Acoustical Society of America. [DOI: 10.1121/1.2839134]

PACS number(s): 43.80.Nd, 43.30.Sf, 43.30.Nb, 43.80.Ev [RWG]

Several studies have demonstrated that fish may respond
to an approaching vessel by diving and moving laterally
away from the ship (for review, see Mitson and Knudsen,
2003). Vessel avoidance may bias estimates of fish abun-
dance obtained by acoustic surveys (Olsen, 1979), and is
thus a major concern in fisheries management. Assuming that
vessel avoidance is mainly caused by propagating noise
emitted from the ship, the International Council for the Ex-
ploration of the Sea (ICES) has formulated recommendations
for maximum radiated underwater noise from research ves-
sels (Mitson, 1995). The acceptable noise levels were defined
approximately 30 dB above the hearing thresholds, ex-
pressed as sound pressure, for Atlantic cod (Gadus morhua)
and herring (Clupea harengus). The herring is a hearing spe-
cialist with an upper frequency cut-off of about 3 kHz,
whereas the cod is a hearing nonspecialist with its audible
frequency range below about 500 Hz.

The recent paper by Ona et al. (2007) presents the first
detailed comparison of the avoidance reactions by herring to
a traditional research vessel and a vessel complying with the
standards set by ICES for a silent survey vessel. Contrary to
expectations, the avoidance reactions evoked by the “stealth”
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vessel were stronger and more prolonged than the responses
initiated by the conventional vessel. The authors concluded
that the “candidate stimuli for vessel avoidance remain ob-
scure.”

In this context, it is relevant to draw attention to previ-
ous reports demonstrating that fish are exceedingly sensitive
to infrasonic particle motions, which dominate in the near
field of a moving hull, and that such stimuli are particularly
potent in evoking directional avoidance responses in several
species of fish. In the following, these reports and some rel-
evant facts about the hearing capabilities of fish are briefly
reviewed.

Otolith organs in the inner ear of fish behave as nearly
critically damped mass loaded accelerometers. They are thus
inherently sensitive to the kinetic sound component (particle
motion), and not to sound pressure (Chapman and Sand,
1974). However, the existence of a swim bladder may in
addition make the fish sensitive to sound pressure, although
the otolith organs remain sensitive to particle motion. When
a volume of gas is exposed to oscillating pressure changes, it
will display larger volume pulsations than a comparable vol-
ume of water. In a sound field, the radial motion amplitudes
of the surface of a gas-filled bladder may therefore be larger
than the water particle motions in the absence of the bladder.
These amplified motions may be transmitted to the inner ear,
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thus providing pressure sensitivity and auditory improve-
ment. The pulsation amplitude of a gas-filled bladder ex-
ceeds the free field particle motion only above a certain fre-
quency, and a gas-filled bladder therefore provides no
auditory gain in the very low frequency range (Sand and
Hawkins, 1973). It should be noted, however, that the acous-
tic behavior of a swim bladder is affected by the surrounding
tissue. For instance, the resonance frequency may be higher
than predicted due to added stiffness (Sand and Hawkins,
1973).

When auditory thresholds in fish are related to particle
acceleration, which is the relevant stimulus parameter at very
low frequencies even in species possessing a swim bladder,
the audiogram displays no lower frequency cutoff and ex-
tends into the infrasound range. This was first demonstrated
for the Atlantic cod by Sand and Karlsen (1986), who ob-
tained a threshold value of about 10~ ms™2 at 0.1 Hz. This
represents a sensitivity to linear acceleration about 10 000
times higher than in humans. Similar high sensitivity to in-
frasound was later demonstrated in perch (Perca fluviatilis)
(Karlsen, 1992a) and plaice (Pleuronectes platessa)
(Karlsen, 1992b). The acute sensitivity to infrasound may
provide fish with a wide range of information about the en-
vironment (for review, see Sand and Karlsen, 2000).

Acoustically, fish and other moving objects under water
are best approximated by a dipole mainly producing sound
with the major acceleration components in the infrasound
range (Kalmijn, 1989). Infrasound sensitivity in fish may
thus be important in, for instance, prey—predator interactions,
and it is reasonable to suggest that avoidance reactions to
infrasound may have evolved as protection against predators.

Juvenile Atlantic salmon (Salmo salar) display strong
avoidance reactions to infrasound, while frequencies com-
monly assumed to be within the optimal hearing range
(100—150 Hz) have hardly any deterring effect (Knudsen er
al., 1992). Pacific salmonids show similar avoidance reac-
tions to infrasound (Knudsen et al., 1997). Infrasonic accel-
eration and pressure are potent in eliciting directional fast
start escape responses in roach (Rutilus rutilus) (Karlsen er
al., 2004). In field experiments, intense infrasound has been
used to direct the movement of juvenile Atlantic salmon
(Knudsen et al., 1994), European silver eels (Anguilla an-
guilla) (Sand et al., 2000), and various species of cyprinids
(Sonny et al., 2006).

It should be stressed, however, that the reports on re-
sponses of fish to infrasound are limited, both regarding spe-
cies and the kinds of behavior elicited. For example, it is
likely that predatory fish may be attracted to infrasound, as a
cue signaling potential prey. It has been known for decades
that predatory sharks are attracted to low frequency sound
down to 20-60 Hz (Nelson and Gruber, 1963). It is thus
possible that intense infrasound may evoke very different
behaviors in for instance herring and adult cod. Obviously,
more information is needed on the behavioral responses of
various species of fish to infrasound in the field.

In the analyses of vessel noise, the focus has been on
propagating sound rather than on the near-field particle mo-
tions generated by the moving hull, and only sound pressure
measurements have been performed. It is not trivial to esti-
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mate particle motions within the acoustic near field based on
single sound pressure measurements. Under such circum-
stances, and particularly for acoustic dipoles like a moving
hull, it is preferable to measure the kinetic sound component
directly in order to quantify the effective sound stimulus
(particle acceleration).

The imaginary boundary between the near field and the
far field, i.e., where the particle motions linked to the local
flow and the propagating sound wave are equal, is wave-
length (\) dependent. For a dipole, the range of the nearfield
is also dependent on the direction to the source. At the axis
of movement, the boundary is at a distance of N/, com-
pared to N/27 for a monopole, whereas the boundary re-
cedes from the source at angles deviating from the dipole
axis. At an angle of 90°, the boundary approaches infinity, as
the far-field component vanishes (see Kalmijn, 1988 for a
thorough discussion of this topic). For example, at 10 Hz the
near field of the particle motions generated by a moving hull
will extend to at least 50 m from the ship. Since the magni-
tude of the particle motions generated by a dipole is in-
versely related to the cube of the distance, it is likely that
particle motions sufficiently large to evoke behavioral re-
sponses will mainly occur within the near field. However, it
should be noted that clupeids, like herring, possess acute
sound pressure sensitivity that extends into the infrasound
range (Denton and Gray, 1980), in addition to detecting par-
ticle acceleration. Therefore, propagating (i.e., far reaching)
infrasound may also be involved in avoidance responses to
vessel noise in such species.

Experts studying vessel avoidance by fish should con-
sider possible effects of near-field particle motions associated
with the local flow field generated by the moving vessel. In
particular, the directionality of such flow fields should be
compared and correlated to the directionality of the avoid-
ance responses. However, the recent paper by Ona et al.
(2007) does not discuss the acute infrasound sensitivity in
fish or the potency of infrasound to evoke directional avoid-
ance responses in fish. It is tempting to suggest that the “ob-
scure stimuli” for vessel avoidance may include infrasonic,
near-field particle accelerations associated with the moving
hull. This may also explain why the “stealth” vessel initiated
more pronounced avoidance responses than the conventional
vessel, because the displacement volume of the former was
more than twice that of the latter (Ona et al., 2007). The
optimal stealth vessel for acoustic fish surveys should per-
haps be constructed to generate minimum water displace-
ment, like for instance hovercraft or foil type of vessels.

Chapman, C. J., and Sand, O. (1974). “Field studies of hearing in two
species of flatfish Pleuronectes platessa (L.) and Limanda limanda (L.)
(Family Pleuronectidae),” Comp. Biochem. Physiol. A 47A, 371-385.

Denton, E. J., and Gray, J. A. B. (1980). “Receptor activity in the utriculus
of the sprat,” J. Mar. Biol. Assoc. U.K. 60, 717-740.

Kalmijn, A. J. (1988). “Hydrodynamic and acoustic field detection,” in Sen-
sory Biology of Aquatic Animals, edited by A. Atema, R. R. Fay, A. N.
Popper, and W. N. Tavolga (Springer, New York), pp. 83-130.

Kalmijn, A. J. (1989). “Functional evolution of lateral line and inner ear
sensory systems,” in The Mechanosensory Lateral Line - Neurobiology
and Evolution, edited by S. Coombs, P. Gorner, and M. Miinz (Springer,
Berlin), pp. 187-215.

Karlsen, H. E. (1992a). “The inner ear is responsible for detection of Infra-
sound in the perch (Perca fluviatilis),” J. Exp. Biol. 171, 163-172.

Sand et al.: Letters to the Editor



Karlsen, H. E. (1992b). “Infrasound sensitivity in the plaice (Pleuronectes
platessa),” J. Exp. Biol. 171, 173-187.

Karlsen, H. E., Piddington, R. W., Enger, P. S., and Sand, O. (2004). “In-
frasound initiates directional fast-start escape responses in juvenile roach
Rutilus rutilus,” J. Exp. Biol. 207, 4185-4193.

Knudsen, F. R., Enger, P. S., and Sand, O. (1992). “Awareness reactions and
avoidance responses to sound in juvenile Atlantic salmon, Salmo salar L,”
J. Fish Biol. 40, 523-534.

Knudsen, F. R., Enger, P. S., and Sand, O. (1994). “Avoidance responses to
low frequency sound in downstream migrating Atlantic salmon smolt,
Salmo salar L,” J. Fish Biol. 45, 227-233.

Knudsen, F. R., Schreck, C. B., Knapp, S. M., Enger, P. S., and Sand, O.
(1997). “Infrasound produces flight and avoidance responses in Pacific
juvenile salmonids,” J. Fish Biol. 51, 824-829.

Mitson, R. B. (1995). “Underwater noise of research vessels: Review and
recommendations,” ICES Coop. Res. Rep. 209, 1-61.

Mitson, R. B., and Knudsen, H. P. (2003). “Causes and effects of underwater
noise on fish abundance estimation,” Aquat. Liv. Res. 16, 255-263.

Nelson, D. R., and Gruber, S. H. (1963). “Sharks: Attraction by low-
frequency sounds,” Science 142, 975-977.

J. Acoust. Soc. Am., Vol. 123, No. 4, April 2008

Olsen, K. (1979). “Observed avoidance behaviour in herring in relation to
passage of an echo survey vessel,” Copenhagen, ICES C.M.1979/B:18, 21
pp-

Ona, E., Godg, O. R., Handegard, N. O., Hjellvik, V., Patel, R., and Peder-
sen, G. (2007). “Silent vessels are not quiet,” J. Acoust. Soc. Am. 121,
EL145-EL150.

Sand, O., Enger, P. S., Karlsen, H. E., Knudsen, F. R., and Kvernstuen, T.
(2000). “Avoidance responses to infrasound in downstream migrating Eu-
ropean silver eels, Anguilla anguilla,” Environ. Biol. Fish. 57, 327-336.

Sand, O., and Hawkins, A. D. (1973). “Acoustic properties of the cod swim-
bladder,” J. Exp. Biol. 58, 797-820.

Sand, O., and Karlsen, H. E. (1986). “Detection of infrasound by the Atlan-
tic cod,” J. Exp. Biol. 125, 197-204.

Sand, O., and Karlsen, H. E. (2000). “Detection of infrasound and linear
acceleration in fish,” Philos. Trans. R. Soc. London, Ser. B 355, 1295—
1298.

Sonny, D., Knudsen, F. R., Enger, P. S., Kvernstuen, T., and Sand, O.
(2006). “Reactions of cyprinids to infrasound in a lake and at the cooling
water inlet of a nuclear power plant,” J. Exp. Biol. 69, 735-748.

Sand et al.: Letters to the Editor 1833



Target detection and location with ambient noise (L)

Christopher H. Harrison?
NATO Undersea Research Centre, Viale San Bartolomeo, 400, 19126 La Spezia, Italy

(Received 28 September 2007; revised 17 January 2008; accepted 17 January 2008)

By placing a vertical array in an ambient noise field and forming an upward and a downward beam
one obtains two time series which can be cross correlated to reveal a subbottom profile of the seabed
[Siderius et al., J. Acoust. Soc. Am. 120, 1315-1323 (2006)]. Here the cross-correlation approach
is applied to the location in range and bearing of a point target. An experiment was designed using
floats and weights mounted (and dismounted) on the same cable as the vertical array. Careful
measurements were made of the location of all likely floats, ballast weights, array terminations, and
so on. After suitable coherent averaging, peaks were seen at delays (correlation offsets) agreeing
with the reflector positions and were shown to be absent when reflectors were removed. A trivial
extension of the theory developed in Harrison and Siderius [J. Acoust. Soc. Am. 123, 1282-1296
(2008)] is used to explain the rough amplitudes of the reflections. The approach differs from

“acoustic daylight” principally in having a capability to determine a target range.
© 2008 Acoustical Society of America. [DOI: 10.1121/1.2872516]

PACS number(s): 43.30.Pc, 43.30.Nb, 43.30.Gv, 43.30.Jx [RCG]

I. INTRODUCTION

The cross correlation of the time series received on a
pair of hydrophones in a noise field is closely related to the
impulse response that would be received on replacing one of
them by a sound source. A relationship was established by
Weaver and Lobkis (2004) and has since been developed in
underwater acoustics by Roux and Kuperman (2004), Roux
et al. (2005), Sabra et al. (2004), and Sabra et al. (2005).
More recently it was demonstrated by Siderius et al. (2006)
that the process could be used to survey subbottom layering
with a moving vertical array. The correlation peak is caused
by a small area of sea surface sources immediately above the
array from which an almost identical wave form passes, first
directly to the array, then to the seabed, and back to the array.
The steered vertical beams cut out a large part of the inef-
fective, uncorrelated noise but retain contributions from this
small area. By this reasoning one might also expect to see a
reflection from a point scatterer (target) under, or at least,
below the center line of the array. In fact, some circumstan-
tial evidence for this has already been pointed out in Harri-
son and Siderius (2008) where correlation peaks at round-
trip path lengths of about 20 m from the array were
attributed to a reflection from a ballast weight mounted be-
neath the array. In principle, taking account of surface noise
reflected from the seabed, both target and array are sur-
rounded by sources, so targets above the array ought to be
just as detectable. In practice, these would require much
longer integration times to eliminate the competing direct
and much louder surface noise. Laboratory passive imaging
of objects has already been demonstrated using a single ul-
trasonic receiver and autocorrelation (Larose et al., 2006). In
principle, underwater subbottom profiling or target detection
would also be possible with a single hydrophone (in effect,
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the hydrophone and its image in the seabed can be thought of
as a pair), but integration times would be prohibitive.

In a recent experiment (CLUTTER 2007) the exact po-
sitions of the array elements, ballast, array termination, and
so on were measured. In addition, on a separate occasion
three hollow glass sphere floats were mounted between the
array and the ballast weight. Thus all conceivable reflectors
above and below the array were controlled. This letter re-
ports the successful detection and ranging of these targets. To
be precise there are correlation peaks where there are known
scatterers below the array and no peaks where there are no
scatterers. In addition, there are no peaks corresponding to
the delays of the floats above the array, which agrees with
expectations since the sound sources are predominantly at
the surface.

Although this is not the first demonstration of target de-
tection with noise, this approach is novel in resolving the
target range, and it operates like a passive radar. In this re-
spect it is quite distinct from acoustic daylight (Buckingham
et al., 1992; Potter, 1994; Epifanio er al., 1999) which, being
an analogue of daylight vision, resolves a two-dimensional
angle. The passive radar range resolution is dependent on the
bandwidth and is not particularly dependent on frequency. Its
angle resolution just depends on the array size, and in prin-
ciple, the cross-correlation process still functions with a
single hydrophone, though with complete absence of angle
resolution. Also, in principle, the weakest target can still be
detected even though it sits in a noise field, provided it does
not move and given long enough integration time.

Il. THEORY

A recent paper (Harrison and Siderius, 2008) developed
a formula for the correlation peak height given by a plane
reflector and checked it against simulations and experimental
results (BOUNDARY?2003 and BOUNDARY2004) using a
cross-correlation normalization that would result in a peak
height of unity if the two arriving time series were identical.

© 2008 Acoustical Society of America



Noise Source
-

C

FIG. 1. Geometrical construction to convert existing horizontal plane reflec-
tion formulas for use with point targets. Ray paths associated with an arbi-
trary noise source C on the sea surface and the locations A and B are shown.
A represents the receiving array, and the direct path has length r. In the
reflection case, B is interpreted as the image of A in a horizontal plane
reflector (dashed line), and the complete reflected path CB has length r,. In
the target scattering case, B is interpreted as a point target (in the absence of
the plane reflector), and the complete scattered path CBA has length r,+r5.

With this normalization the result is independent of reflection
coefficient magnitude since, with up and down beam time
series denoted, respectively, by U, D, the cross-correlation
numerator is U3 D and the denominator is the product of the
standard deviations ((U?){D?))/?. Thus the magnitude of the
reflection coefficient, which is contained only in D, cancels.
One could just as easily have used a normalization where the
denominator was (U?) instead. Thus the magnitudes of the
noise sources still cancel but the result does depend on the
magnitude of the reflection coefficient. In the context of
demonstrating a target detection it is desirable to avoid the
first normalization because, although the peak height in the
numerator would depend only on the target (through D), the
standard deviation of D in the denominator would also de-
pend on reflections from the seabed. With the second normal-
ization the resulting peak height depends only on the target.
We avoid lengthy derivations here by modifying the for-
mula for plane reflector peak height P derived by Harrison
and Siderius (2008) with geometry as in Fig. 1, which was

2L sign(R)
(-8’

where L is the array length, vy is the ratio of sample fre-
quency to design frequency for the array y=f,/f,, B is a
numerical constant, of order unity, that depends on the ar-
ray’s cross-spectral density matrix and shading, R is reflec-
tion coefficient, and z;, z, are the respective depths of the
array (center) and its image in the seabed.

With the second type of normalization the formula for a
plane reflector converts to

2LR
(20— 21)718.

First we note that the path of length r; from an arbitrary
surface noise source to the array center is identical whether
we consider plane reflectors or targets. Harrison and Siderius

(1)

2)

Ppry=

J. Acoust. Soc. Am., Vol. 123, No. 4, April 2008

(2008) denoted the path from the same noise source to the
image receiver (in the reflection surface) as r,. To make use
of the existing formula we remove the reflector and place the
target where the image used to be. (This is a mathematical
construct, and has nothing to do with the physical arrange-
ment in the experiment. The point target and plane reflector
geometries are both indicated in Fig. 1.)

The path from the noise source to the target is still 7.
The remaining path from target to array is a fixed length
(denoted r3), so from a cross-correlation point of view the
geometry is the same for a target placed where the reflection
image used to be except for a constant offset r;. The original
amplitude of the reflected arrival includes a spreading term
R/r, (since r, is the complete path from source to image
receiver), and this is now replaced for the target by s/(r,r3)
[since the source to target range is r, and the target to re-
ceiver range is r3, where target strength is TS=20 log;o(s)].
Thus for a point target at depth z, with the second normal-
ization, noting that the depth difference z3=z,—z;, we arrive
at the formula

2Ls

= 3
Fr (22—21)2%3 ®)

lll. EXPERIMENTAL GEOMETRY

The experimental arrangement was a drifting 32-element
vertical array with hydrophone separation 0.18 m connected
by a length of cable to a radio buoy. The array was stabilized
and isolated from wave motion by a 29 m length of buoyant
hose forming a spar buoy. All potential targets of interest
here are attached to the same cable as the array and so any
vertical or horizontal motion of the array becomes unimpor-
tant. Beneath the array center there was always a solid metal
termination of the array hose (approximately 0.10 m diam-
eter) with top face at about 6.6 m, an Edgetech 8201 acoustic
release between 16.3 and 17.5 m, and a ballast weight of
150 kg (a horizontal rectangular iron bar approximately
0.15X0.15X0.50 m) with its top face at 19.45 m. Because
the dominant noise sources are above the array one would
expect targets only to be effective below the array since their
reflections are the only ones to enter the downward beam.
Nevertheless there were also objects above the array that are,
in principle, capable of reflection and so to avoid postexperi-
ment uncertainty because of sidelobes, etc., their distances
from array center were set so as never to coincide. In fact,
there is the upper array termination at 12.6 m above array
center and a pair of buoyancy glass spheres at about 75 m
above.

Rather than rely on these unchanging “targets of oppor-
tunity,” in a separate experiment three Benthos 0.43-m-diam
hollow glass spheres were attached to the cable (actually
with their sides pressing against the taut cable) at center
depths 9.64, 12.19, and 14.74 m. Their front (i.e., top) faces
were therefore at depths 9.42, 11.97, and 14.52 m.

IV. TARGET STRENGTH ESTIMATES

As a check on the strength of the various target peaks we
estimate their linear target strengths s. The design frequency
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of the array is 4.167 kHz, and the processing passband is
between 2 and 4 kHz. Thus all acoustic wavelengths consid-
ered are greater than 0.38 m, and the targets tend to be of the
order of, or smaller than, the wavelength. We consider three
types of target: A horizontal rectangular iron bar, the steel
end cap at the bottom of the array hose, and a hollow glass
sphere.

A. Horizontal rectangular iron bar

The iron bar has a rigid, flat, horizontal upper face
whose area a X b is smaller than the Fresnel zone so that the
scattering term s=ab/\ (Urick, 1975), and for the highest
frequency s~0.15X0.5/0.38=0.20 m.

B. Steel end cap

Treating the end cap as a rigid disc of radius a
=0.045 m we have s=ma?/\ (Urick, 1975) and s=0.017.

C. Hollow glass sphere

The scattering term s for a rigid sphere depends on the
wave-number-radius product ka (Urick, 1975) which in this
case, with a=0.215 m, is between 1.8 and 3.6. Above ka
=1 the backscattering cross section is the same as the physi-
cal cross section, so s is given by s=a/2=0.11. However,
the cavity and the wall thickness of 0.014 m result in Lamb
waves which enhance s by a factor between 1 and 2. On the
other hand, the glass sphere is housed in a protective plastic
casing that is likely to spoil this enhancement. In addition,
there is a spread in arrival time caused by the Lamb wave
circumnavigating the sphere many times (Tesei et al., 2002).
The first and strongest of these arrives a couple of meters in
path length behind the arrival from the front face.

Because the depth resolution with the cross-correlation
technique and this bandwidth is about 0.5 m (i.e., I m in
path length), the spheres are resolvable at their separations of
2.55 m, so (with the possible exception of weak Lamb wave
multiples) one does not need to consider addition (coherent
or incoherent) of the three spheres. Nevertheless, the spheres
and the ballast weight are close enough to each other to be
partially obscured by the upper spheres.

V. ACOUSTIC MEASUREMENTS AND PROCESSING

During the CLUTTER 2007 experiments in the area of
the Mediterranean between Malta and Sicily several hours of
ambient noise data were collected with and without the three
spheres attached. The array center was at 115.6 m in the first
experiment without spheres, and at 90.6 m in the second
with spheres. Otherwise, cable lengths beneath the array
were the same in both cases, and although the ballast weights
were jettisoned, they were identical. The water depth was
about 142 m depth in both cases and this ensured that com-
peting bottom reflections were well separated in time from
the desired target echoes. In fact subbottom layering, though
not discussed here, has been extracted independently.

The ambient noise was sampled at 12.0 kHz and stored
in files of length 131 072 samples (~11 s). Processing is the
same as described in Harrison and Siderius (2008) for sub-
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FIG. 2. Correlation amplitude, to be interpreted as an impulse response
showing labeled returns (a) excluding the glass spheres and (b) including the
glass spheres. Black triangles indicate measured two-way path lengths to the
ballast weight, the array end cap, and the three spheres. The processing
artifact corresponding to the array length is also indicated.

bottom layer extraction (namely, filter, beam form, cross cor-
relate, differentiate). [Note that processing in Siderius et al.
(2006) is the same except for omission of differentiation.]
The processing is most efficient in the frequency domain
since the filters, beam forming, cross correlation, and time
differentiation can all be performed in the same operation.
The only free parameter is the filter shape, and here a band-
pass from half the design frequency up to the design fre-
quency was used.

The time differentiated cross correlation of the upward
and downward beam-formed time series is the impulse re-
sponse, and the quantity plotted in the following graphs cor-
responds to the formula in Eq. (3) with L=5.76 m, y=2.88,
and B=1.87. The result in the first experiment with no
spheres attached and coherently averaged over 600 files (ap-
proximately 100 min) is shown in Fig. 2(a). The abscissa is
two-way path length assuming the measured sound speed in
the vicinity of the array to be 1513 m/s. There are two clear
peaks at two-way paths corresponding to the array hose ter-
mination (13.2 m) and the ballast weight (39.4 m). In be-
tween there are no significant peaks. The black triangles in-
dicate the actual measured target positions (double their
depths), and for comparison purposes, one should take the
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actual acoustic peak position (rather than the leading edge)
since time zero in this cross-correlation function corresponds
to the central peak at zero meters. At shorter delays there is a
peak corresponding to the length of the array (5.76 m),
which is believed to be a processing artifact since it is en-
hanced by removing the beam-forming shading (Hamming)
(see Gerstoft et al., 2008). It is not surprising that there are
large peaks at shorter delays still because the up and down
beams are constructed from the same 32 hydrophones.
Though not shown here, it is possible to investigate the sta-
bility of all these peaks and the reduction in the background
level as the size of the average increases.

The peak height for the ballast weight is calculated using
Eq. (3) with z,—z,=19.5 m and values for L, s, vy, B speci-
fied earlier, as 0.0011. This is close to the actual peak height
of 0.00135. Similarly, the expected peak height for the array
end cap at 6.6 m away is calculated as 0.82X 107>, and the
actual peak is close at 0.67 X 1073,

With the spheres attached the result of a coherent sum
over 600 files is shown in Fig. 2(b). First notice that the
processing artifact at 5.76 m and the end cap return at
13.2 m are virtually identical to the earlier case. There are
two additional broad peaks, each with a precursor, at two-
way paths between 19 and 28 m. The position of the earliest
arrival is close to that of the top face of the top sphere
(shown by the left-most triangle), and the main peak is
slightly later at about 21.3 m. This is believed to be the sig-
nature of a glass sphere that supports Lamb waves, possibly
slightly suppressed by the plastic protective housing as dis-
cussed earlier. There is a similar but slightly weaker se-
quence corresponding to the second sphere starting at 23.5 m
as indicated by the second black triangle. One cannot, how-
ever, see a clear return from the third sphere, but neither can
one see a strong reflection from the ballast in this case. It is
suspected that the first sphere has a slight screening effect.
Substituting the estimated scattering term s in Eq. (3) the first
sphere’s peak height is calculated as 0.0027 and the second
as 0.0016. The actual peaks are somewhat lower in both
cases and a possible explanation is damping by the plastic
cover.

VI. CONCLUSIONS

This paper has demonstrated the detection and ranging
of targets suspended underneath a vertical array using only
surface ambient noise sources. The targets always included
the array’s ballast weight and the array hose’s end cap, and
on a separate occasion three glass spheres were also attached.
In the absence of the spheres there was a clear reflection
from the ballast and from the end cap. When the spheres
were added there was a strong reflection from the first
sphere, a slightly weaker return from the second, and no
evidence of the third. Also, the ballast weight return was
weaker, suggesting that the lower targets were partially ob-
scured by the upper ones. This is consistent with the effective
source being located at the center of the array. In contrast,
the peak height for the array end cap, which was obviously
closer than the other targets, was identical in both cases. In
all cases the strength of the peak values was well predicted
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by Eq. (3), which is adapted from an equivalent formula for
plane reflectors. Equation (3) clearly shows that the strength
depends only on separation of the array and target and not
the positions of the noise sources.

It is important to note that this method differs from ear-
lier acoustic daylight techniques in determining the range to
the target and being more dependent on bandwidth than fre-
quency. Its detection limits are set by the ability to discrimi-
nate one target from other target-like features rather than
from noise, since the background of uncorrelated noise can
be lowered without limit given enough integration time (and
a stationary target and statistically stationary noise).

By coincidence in these experiments the targets were
hanging under the vertical array, but there is no reason to
doubt that the amplitude formula and detection should work
just as well with the targets moved to one side of the vertical
array axis. For practical integration times the target simply
needs to be below the level of the array, so that one can draw
a straight line from the target through the array fo an area of
noise sources on the sea surface. Range and intensity would
be determined in exactly the same way as with a target on the
vertical axis, and the normalization takes care of variation in
noise source level. Angle would be resolved by the array’s
steered beams. By the same reasoning if angle resolution is
sacrificed and there is unlimited integration time the array
size can be reduced right down to a single hydrophone.
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This letter investigates the effectiveness of various configurations of reference sensors for
feedforward active control systems in vehicles using unconstrained frequency domain optimization.
The results from a model problem are based on a fully coupled analysis between the vibration of a
car panel and an enclosed acoustic field. These suggest that with correct locations, only a small
number of microphones or accelerometers are needed to give good overall performance, despite
many uncorrelated primary disturbances being present. Similar results are predicted from road test

data. © 2008 Acoustical Society of America. [DOI: 10.1121/1.2836745]

PACS number(s): 43.50.Ki, 43.55.Ka [KAC]

I. INTRODUCTION

Automotive manufacturers have recognized that reduc-
ing the interior noise of vehicles promises better quality in
their products. The road noise inside vehicles arises from the
irregularities in road profile, which generate the vibrations of
tires and wheels. This random broadband noise is then trans-
mitted into the car interior predominantly via structural paths
at frequencies below about 300 Hz.'

The work presented here initially models the active con-
trol of sound transmission into a structural-acoustic system
by considering a rectangular acoustic enclosure coupled with
a flexible structural panelz_4 driven by multiple random
forces as the primary sources and with an acoustic monopole
as the secondary sound source, as illustrated in Fig. 1. The
use of alternative reference sensors in a feedforward control-
ler are discussed, in order to achieve a more cost-effective
method of active sound control. Measured road noise data
are then analyzed to address the same issue, taken from a
vehicle instrumented with 11 accelerometers (positioned at
various locations on the suspension and body structure), 10
reference microphones (8 microphones were on the car floor
and 2 were on the parcel shelf) with 4 error microphones
(positioned at each headrests).

Il. SIMULATIONS OF ACTIVE CONTROL IN A
COUPLED STRUCTURAL-ACOUSTIC SYSTEM

In a fully coupled analysis, the kinetic energy of the
panel not only depends on the primary force, excitation, but
also from the backreaction of the pressure in the enclosure.’
The potential energy of the stochastically excited loaded sys-
tem, Ep, can be calculated from>”’
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E,= trace[SaC %] = trace[E[aCtag]], (1)

where E denotes expectation operator, a is the total com-
plex amplitude of acoustic modal pressure vector, and all
variables are implicitly functions of frequency. This can be
written as

a,=a, +B.q,, ()
where

a, =Z[1+ YZ]'b,, 3)

B.=[1+ZY]"'B,, (4)

and a. is the coupled acoustic mode amplitude without ac-
tive control, B, is the matrix of structural-acoustic coupling
coefficients, Y is the M X N structural modal mobility matrix
of the panel, Z is the N X M acoustic modal impedance ma-
trix of the enclosure, b, is the uncoupled complex vibration
velocity amplitude of the flexible panel in the absence of the
enclosure, and B, is the uncoupled coupling coefficient be-
tween the mth secondary actuator and the nth acoustic
mode.”

In order to consider different reference signals as the
input to the system, the secondary acoustic source can be
assumed to be driven via a matrix of control filters, W, by a
general vector of K reference signals, x, where

q,=Wx. (5)
Equation (2) can thus be written as

a,=a, + B Wx. (6)

Expanding the outer vector product of Eq. (1), we then
obtain
E, = trace[B.WS,,W"B! + BWS!, +S,, W'B/

P

+8, a1 (7

& €p

where
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Secondary
acoustic
source,q,

AN

Optimal

filter, H FIG. 1. Multiple random forces, which in this case also

act as the reference signals, excite the flexible panel
which is coupled to an acoustic enclosure controlled by
a secondary acoustic source, (.

Sixteen primary
random forces, £

S, =E[xx], K X K matrix, (8)

S, = E[a.x"], N X K matrix, 9)
« o =Ela, afp , N X N matrix, (10)
cpep 4

are auto and cross-spectral density matrices between the ref-
erence signals and the primary mode amplitudes.

The optimal filter, W, which minimizes Eq. (1) is ob-
tained by using least mean squares method, assuming that
BfBC and S, are nonsingular and can be written as®

(11)

By substituting Eq. (11) into Eq. (7), the minimized
acoustic potential energy can be written as

Wopl == [BEBC]_IBfo,awS;xl .

E, =trace[B,W S, WepBL + B(.WoptSfan
+Sa0, WopBl +80_ a1 (12)

The reference signals could, in the simulation study, be
assumed to be the primary forces driving the panel, as shown
in Fig. 1. In general, however, the reference signals could be
linearly derived from the acceleration of the panel or the
pressure inside the enclosure, in which case the reference
signals can be written as

TABLE I. A list of dimension and material properties used in the model
problem.

Descriptions Properties

(1.9%X1.1X1.0) m
(0.5%0.2%0.002) m
[0.1, 0.1, 0] from left front corner of enclosure
207 X 10° N/m?

Size of acoustic enclosure
Size of structural panel
Position of panel
Young’s modulus of panel

Density of panel 7870 kg/m?3
Density of air 1.21 kg/m?
Speed of sound in air 343 m/s
Damping ratio of enclosure 0.1
Damping ratio of panel 0.05
Poisson’s ratio 0.292
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Sixteen reference
signals, x

x = VI, (13)

where V is a linear transformation matrix and f is the vector
of primary random forces.

lll. RESULTS OF THE SIMULATIONS WITH THE
NUMERICAL MODEL

The structural-acoustic coupled model has the dimen-
sions and material properties listed in Table I. The aim is to
model a simplified automotive application in which a floor
panel, with a first natural frequency of about 140 Hz, is
coupled to an acoustic enclosure which has about the same
dimensions as a small car and hence has a first longitudinal
acoustic resonance at about 90 Hz.

For these simulations, it is assumed that 16 uncorrelated
random forces are exciting the flexible panel simultaneously
and up to 16 reference signals were used to determine the
performance of a feedforward controller using Eq. (12).
These reference signals could be obtained from direct obser-
vation of the primary forces, from accelerometers on the
panel, or from microphones inside the enclosure adjacent to
the panel. The results were not very sensitive to the positions
of the random excitation forces or the reference sensors, but
the details for this simulation are listed in Ref. 7. The result
of these simulations is shown in Fig. 2, in which the overall
acoustic potential energy within the enclosure, Eq. (1), is
plotted as a function of frequency before control and after
feedforward control with a single secondary loudspeaker, lo-
cated in the middle of the panel with a distance 0.05 m
above the panel, and either 4 accelerometers on the vibrating
panel or 4 microphones next to the panel as reference sen-
sors. Active control has clearly substantially reduced the en-
ergy in the enclosure at the resonances below about 170 Hz
and slightly reduced the energy up to 500 Hz. If the acoustic
potential energy is integrated up to 500 Hz, and the differ-
ence is taken between the level of the energy before and after
control, a single value for the overall attenuation in energy
level is derived. This is plotted in Fig. 3, not only for the 4
accelerometers and 4 microphone references, but also when
using different numbers of these sensors as reference signals
in the feedforward controller, together with the case when
using different numbers of the primary forces as reference
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FIG. 2. The potential energy in the enclosure before
control (—) and after control when 4 accelerometers
(- - -) or 4 microphones (---) are used as the reference
Sensors.
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sensors. In Fig. 3, we see that despite the fact that there are
always 16 random forces acting as primary disturbances, as
long as the accelerometers or microphones were carefully
positioned on the panel, then only four reference sensors are
needed to obtain near optimal attenuation in potential energy
(about 4.3 dB), with the microphone having slightly better
performance compared to using accelerometers.

Other simulations have been carried out with twice the
number of primary disturbances as well as reference sensors
in different sensor position configurations, and it was again
found that only about four accelerometers or microphones
are required for good control.

The required number of reference signals thus appears to
depend on the number of modes that are significantly con-
tributing to the energy in the enclosure, which appears to be
about four in Fig. 2, rather than the number of uncorrelated

Different reference sensors with 16 random forces

450 500

sources exciting the system. As a consequence, the optimal
attenuation of the potential energy is not reached in the con-
figuration using only a limited number of primary forces as
reference signals.

IV. ANALYSIS OF MEASURED ROAD NOISE DATA AS
PRIMARY RANDOM DISTURBANCES

Road noise data were acquired by driving an Alfa
Romeo 156 JTD saloon along a rough road surface at a con-
stant speed of 70 mph. The signals from 10 accelerometers
(positioned at various locations on the suspension and body
structure), 10 reference microphones (8 microphones were
on the car floor and 2 were on the parcel shelf), and 4 error
microphones (positioned at each headrest) were recorded si-
multaneously using a 25-channel digital data acquisition

FIG. 3. The average attenuation in acoustic potential
energy at all frequencies when 1-16 random forces
were used as reference signals (X), or when selected
accelerometers (O) or microphones () are used as ref-
erence sensors.
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computer, with signal conditioning provided by two 16-
channel filter boxes, which were all installed in the vehicle.
The data were sampled at 1 kHz and stored directly into
MATLAB. A feedforward controller was assumed with perfect
internal cancellation of the feedback paths from the second-
ary loudspeakers to the reference sensors.® The optimum fil-
ter can be calculated from the power and cross-spectral den-
sity matrices of the measured reference and error signals in a
similar way to that used in Sec. II.

The overall attenuation of the sum of squared error sig-
nals in decibels, averaged for all frequencies between 1 and
500 Hz, is shown in Fig. 4 for the best combinations of dif-
ferent numbers of reference signals selected either from both
accelerometers and microphones.

The reference microphones have slightly better perfor-
mance than the accelerometers, in this case, with 10 refer-
ence microphones, giving reductions of up to about 11 dB
while 10 accelerometers give about 8 dB. It can also be ob-
served in Fig. 4 that 4 reference microphones can give about
the same maximum overall attenuation (approximately 7 dB)
as using 6 accelerometers. These results are comparable with
the theoretical result in Sec. III, since it is known that a very
large number of partially coherent forces act on the car body
to produce the internal noise, certainly greater than the maxi-
mum number of the available reference signals.8

V. CONCLUSIONS AND FURTHER WORK

The feedforward control of random sound transmission
into a fully coupled structural-acoustic system has been con-
sidered when excited by many uncorrelated random forces.
Less reference signals than excitation forces are required for
good performance, using either microphones or accelerom-
eters as reference sensors. The required number of reference
sensors depends on the number of plate and enclosure modes
significantly excited, rather than the details of the structural
excitation. Minimizing the number of reference signals re-
duces the computational requirements of the controller and

J. Acoust. Soc. Am., Vol. 123, No. 4, April 2008

can hence help to control costs in a practical implementation.
Similar results are observed from simulations on road test
data taken in a vehicle, with slightly better performance be-
ing observed for microphone references.

Future work will investigate the effect of multiple ran-
dom inputs with time domain optimization of the controller,
in order to investigate the time advance available from the
reference microphones and accelerometers. There are also
possible robust stability problems that may arise due to vari-
ability in the feedback from the secondary sources to the
reference microphones. Although these could, in principle,
be completely canceled with an electrical model of these
paths,6 the responses of these paths will vary with tempera-
ture, the number of people in the vehicle, etc. Thus, if fixed
feedback cancellation filters are used, residual feedback
paths would still be present in practice. The effect on control
performance of extraneous sounds in the car, such as speech
and music, would also need to be investigated in a practical
implementation.
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Statistically optimized near field acoustic holography (SONAH) is usually based on the assumption
that all sources are on one side of the measurement plane whereas the other side is source free. An
extension of the SONAH procedure based on measurement with an array of pressure-velocity
probes has recently been suggested. An alternative method uses a double layer array of pressure
transducers. Both methods make it possible to distinguish between sources on the two sides of the
array and thus suppress the influence of extraneous noise and reflections coming from the “wrong”

side. This letter compares the two methods. © 2008 Acoustical Society of America.

[DOI: 10.1121/1.2875308]
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I. INTRODUCTION

Near field acoustic holography (NAH) is used for ex-
perimental analysis of sound fields near sources.' Statisti-
cally optimized near field acoustic holography (SONAH) is a
variant of NAH developed by Steiner and Hald in order to
overcome the truncation errors associated with the spatial
Fourier transform used in conventional NAH.>?

NAH and SONAH are usually based on measurement of
the sound pressure. However, it has recently been demon-
strated that NAH based on measurement of both the pressure
and the normal component of the particle velocity in general
gives more accurate sound field reconstructions than NAH
based exclusively on pressure measurements.* The perfor-
mance of SONAH is also improved if it is based on mea-
surements of both quarltities.5 An additional advantage of the
pressure-velocity technique is that one can combine
pressure- and velocity-based predictions, which makes it
possible to distinguish between sound coming from the two
sides of the measurement plane in the same way as one can
do with a double layer array of pressure transducers.®’ This
makes it possible to distinguish, e.g., between incident and
reflected waves, which can be very useful when measure-
ments take place under nonideal conditions. However, it is
far more difficult to calibrate particle velocity transducers
than condenser microphones.8 Thus, the purpose of this letter

Portions of this work were presented in “Statistically optimized near field
acoustic holography with pressure-velocity probes and with a double layer
array,” Proceedings of Inter-Noise 2007, Istanbul, Turkey, August 2007.
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is to compare SONAH based on pressure and velocity mea-
surements in a single layer with SONAH based on pressure
measurements in a double layer.

Il. OUTLINE OF SONAH THEORY

The theory of SONAH has been presented, e.g., in Refs.
2 and 3; therefore the description given in what follows is
very brief.

A. SONAH based on measurement of the sound
pressure

The conventional SONAH procedure assumes that all
sources are on one side of the measurement plane and ex-
presses the pressures in the prediction plane as a weighted
sum of pressures in the measurement plane,

p'(r) =p'(r)(A"A + D)~ 'A a(r), (1)

where p’(r) is a transposed column vector with N pressures
in the prediction plane, p’(r)) is a similar vector with N
pressures in the measurement plane, A”A is a matrix that
depends on the N positions in the measurement plane, A a
is a matrix that depends on the N positions in the prediction
plane and the N positions in the measurement plane, I is the
identity matrix, and 6 is a regularization parameter.3 All ma-
trices are N by N. The transfer matrix represents the regular-
ized optimal least-squares solution to the overdetermined
problem posed by requiring that M propagating and evanes-
cent elementary waves (M > N), all having a pressure ampli-
tude of unity in the virtual source plane, satisfy Eq. (1). In
the limit of M — o all matrix elements become integrals that
can be evaluated partly analytically and partly numerically.3

© 2008 Acoustical Society of America



The normal component of the particle velocity in the
prediction plane is obtained from a similar transfer matrix
where Afa is replaced by

—_l &AHa(r)

H _
A ==

)

B. SONAH based on measurement of the particle
velocity

The normal component of the particle velocity in the
prediction plane can also be determined from the normal
component of the particle velocity in the measurement plane
using the same transfer matrix as in Eq. (1).5 The corre-
sponding pressure can be determined from a similar transfer
matrix where A” e is replaced by

Ally(r) = —ja)pfAHa(r)dZ. (3)

The two transfer matrices for particle velocity-based
SONAH are determined from an infinite set of propagating
and evanescent elementary waves with a particle velocity
amplitude of unity in the virtual source plane, unlike the two
transfer matrices for pressure-based SONAH. Surprisingly,
the weighting of the elementary waves has been found to
have almost no influence on the results.”

C. SONAH based on measurement of the pressure
and the particle velocity

One cannot distinguish between wave components com-
ing from the two sides of the measurement array from mea-
surements of the pressure or from measurements of the par-
ticle velocity; hence, the assumption of the region opposite
to the source side of the measurement plane being “source
free.” However, the fact that the particle velocity is a vector
component, unlike the pressure, makes it possible to separate
contributions from two sides of the measurement array from
each other when both quantities are available.” Thus the
sound pressure in the primary prediction plane generated by
the primary source can be estimated as the average of a
pressure- and a particle velocity-based estimate, and the
sound pressure in the secondary prediction plane generated
by a source on the other side of the measurement plane can
be estimated as half the difference between a pressure- and a
particle velocity-based estimate. The same holds for the par-
ticle velocity. In what follows this method of combining two
estimates based on pressure and particle velocity measure-
ments is referred to as “the p-u method.”

Note that the prediction plane for estimates based on
subtracting pressure- and particle velocity-based predictions,
here referred to as the secondary prediction plane, is the
symmetrically placed image of the prediction plane for esti-
mates based on averaging pressure- and particle velocity-
based predictions, here referred to as the primary prediction
plane. The reason for this is that the elementary waves used
in determining the transfer matrices appear to be coming
from the image of the virtual source plane.
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D. SONAH based on measurement of the pressure
in two parallel planes

An alternative to the p-u method is based on measure-
ment of the sound pressure in two parallel planes. The
double layer technique, originally proposed by Tamura as an
extension of NAH,6 also works with SONAH.” The sound
pressure in the prediction plane is expressed as a weighted
sum of sound pressures measured in the two planes a and b,
here assumed to be parallel,

T _ p(rZ)>T(<Gaa Gah>H<Gaa Gab) >_1
p(“)‘<p<rz> 67 Go) \G G, )t

ha(r)
x <hb(r) ) ’ “)

where p(r}) and p(rﬁ) are column vectors with N pressures
in the two measurement planes, G,, and G,, are N by N
matrices that depend on the N positions in measurement
plane a and in both measurement planes, respectively, I is
the identity matrix (2N by 2N), and h, and h, are N by N
matrices that depend both on the N positions in the predic-
tion plane and the N positions in measurement plane a and b,
respectively. As noted earlier, the transfer matrix represents
the regularized optimal least-squares solution to an overde-
termined problem posed by requiring that a large number of
propagating and evanescent elementary waves satisfy Eq.
(4). However, now there are two virtual source planes placed
symmetrically on either side of the two measurement planes,
and two corresponding sets of elementary propagating and
evanescent waves.

The normal component of the particle velocity can be
determined from a similar transfer matrix where h, and h,
are replaced by

(hf}‘)(r)) _-14 (ha(r)> -
h{’(r) ) jwp iz \hy(r) )’
In what follows the method based on measurement of the

pressure in a double layer is referred to as “the DLA
method.”

lll. A SIMULATION STUDY

A study with simulated measurements has been carried
out. The p-u method is compared with the DLA method for
realistic, complicated sources. Regularization is done with-
out human intervention using the generalized cross valida-
tion method."”

The measurement plane for the p-u method is placed
midway between the two source regions at z=0, and the two
measurement planes for the DLA method are placed sym-
metrically at z= = 1.5 cm. All measurement arrays have di-
mensions of 21 X 21 cm with 8 X 8 transducer positions. The
prediction planes have the same dimensions. The two predic-
tion planes of the p-u method are placed symmetrically at
z=*4.5 cm, and the same prediction planes have been cho-
sen for the DLA method. The virtual source plane for the p-u
method is at z=—7.5 cm, and the virtual source planes for the
DLA method are at z==*7.5 cm. In the primary prediction
plane the sound field that would be generated by source re-
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gion 1 in the absence of the disturbance from source region 2
is predicted; and in the secondary prediction plane on the
other side of the double layer array the sound field that
would be generated by source region 2 in the absence of the
disturbance from source region 1 is predicted.

The test case consists of two baffled, simply supported,
vibrating 5 mm steel panels, placed in the planes z
==*7.5 cm. Both panels have dimensions 1X1 m and a
critical frequency of about 2.4 kHz, and both are driven by
point forces of the same strength, but the driving points are
not placed symmetrically. The two sources are modeled as
modal sums, and the radiated sound field is calculated by a
numerical approximation to Rayleigh’s first integral.l Reflec-
tions from the panels and baffles have been ignored. Ignoring
such reflections for this configuration is evidently not realis-
tic. However, no method can take account of such reflec-
tions, and the purpose of this test case is not to model a
realistic situation but to compare the performance of the two
methods with a realistically complicated sound field. Note
that the measurement arrays are much smaller than the
sources; this is no problem for the SONAH method. >’

Figure 1 shows a comparison of the “true” and predicted
undisturbed pressure and particle velocity in a diagonal
across the primary prediction plane when the two panels are
driven at 1.5 kHz. It is apparent that both methods give ac-
ceptable results in spite of the strong disturbance. The p-u
method predicts both the pressure and the particle velocity
somewhat better than the DLA method.

Figure 2 shows the relative global errors of the predicted
undisturbed pressure, particle velocity, and sound intensity
for the same test case as functions of the frequency. The
results are based on an ensemble of 20 pairs of vibrating
panels with driving points at random positions. The relative
global error is defined as the ratio of the Euclidian norm of
the local deviations between predicted and true values to the
Euclidean norm of the true quantity.3 As can be seen the
relative errors of all quantities are of the order of —17 dB (or
14%) in the medium frequency range. On the whole the DLA
method predicts the sound pressure somewhat better than the
p-u method, whereas the p-u method predicts the particle
velocity and the sound intensity somewhat better than the
DLA method.

Finally, Fig. 3 compares the results of the p-u and the
DLA method with and without the disturbing sound field
generated by a secondary source of the same strength as the
primary source. Without the disturbing source the pressure is
also predicted just from pressure measurements (in a single
layer at z=0) and the particle velocity is predicted just from
particle velocity measurements. It is clear that in the absence
of disturbing sound from the other side of the measurement
array the pressure is predicted better from the pressure in a
single layer than with the p-u or the DLA method, and the
particle velocity is predicted better from the the particle ve-
locity than with the p-u or the DLA method. Under such
circumstances the p-u and the DLA methods give similar
results. With the disturbing sound field the DLA method pre-
dicts the pressure somewhat better than the p-u method,
whereas the p-u method predicts the particle velocity slightly
better than the DLA method.
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FIG. 1. (Color online) “True” and reconstructed undisturbed sound pressure
(a) and particle velocity (b) in a diagonal across the primary prediction
plane. Sources: Two baffled panels driven at 1.5 kHz by point forces of the
same strength.

IV. DISCUSSION

In a previous investigation of SONAH it was concluded
that prediction of the pressure from measurements of the
pressure and prediction of the particle velocity from mea-
surements of the particle velocity without disturbing sound
from the other side of the measurement plane in general are
better than predicting one quantity from the other.” Thus it is
perhaps not surprising that the p-u method is no better than
the DLA method in the absence of disturbing noise, and it is
clear that these two methods should only be used when it is
necessary to suppress noise coming from the other side of
the measurement plane. In the presence of disturbing sound
from the other side of the measurement plane, the p-u
method relies on pressure- and particle velocity-based esti-
mates of the same two quantities being identical; if this is not
the case the disturbing sound will contaminate the predic-
tion; this explains why the performance of the method is not
significantly better than the performance of the DLA method.
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FIG. 2. (Color online) Relative global error of reconstructed undisturbed
particle velocity, sound pressure, and sound intensity in the primary predic-
tion plane as a function of the frequency. Sources: Two baffled panels driven
by point forces of the same strength.

V. CONCLUSIONS

Statistically optimized near field acoustic holography
can be based on measurements of the pressure in a plane,
measurements of the normal component of the particle ve-
locity in a plane, measurements of both quantities in the
same plane, or measurements of the pressure in two parallel
planes. Both the double layer method and the method based
on measurements of pressure and particle velocity make it
possible to distinguish between sound field components com-
ing from the two sides of the measurement array and thus
suppress even strong unwanted disturbing sound coming
from the other side, and there is no significant difference
between predictions determined with the two methods under
such circumstances. However, in the absence of such disturb-
ing sound field components then the most accurate prediction
of the pressure near the source under test is obtained on the
basis of pressure measurements in a single plane, and the
most accurate prediction of the particle velocity is obtained
from particle velocity measurements.
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The present study investigates the decay of pitch memory over time. In a delayed pitch comparison
paradigm, participants had to memorize the pitch of a Shepard tone, with silent, overt, or without
any rehearsal. During overt rehearsal, recordings of the rehearsing were effectuated. Performance
was best for silent rehearsal and worst for overt rehearsal. The differences, although partially
significant, were not marked. The voice pitch during overt rehearsal was compatible with a random
walk model, providing a possible explanation of why rehearsal does not improve the retention of the

pitch trace. © 2008 Acoustical Society of America. [DOL: 10.1121/1.2875365]

PACS number(s): 43.66.Ba, 43.66.Hg, 43.66.Mk [AJO]

I. INTRODUCTION

Auditory sensory memory has been shown to share
many characteristics with classical short-term memory, such
as lifetime, capacity, and susceptibility to interference
(Kaernbach, 2004). However, a major difference seems to be
that rehearsal does not appear to be as effective with sensory
information as with categorical information.

Keller et al. (1995) note that no measures are taken to
prevent rehearsal in standard delayed pitch comparison tasks.
However, this does not fully prevent the loss of auditory
information over time. They found a slight decrease in per-
formance in a pitch memory task, if a rehearsal-preventing
distractor task is to be performed during the retention inter-
val. They suggest that attention might help to maintain the
trace in the condition without the distractor task.

In contrast to this, Demany et al. (2001, 2004) failed to
demonstrate a beneficial influence of attention and/or covert
rehearsal. They investigated the influence of a cue that di-
rected the attention toward one out of three possible charac-
teristics or components of a stimulus in a delayed matching
experiment. If the cue fell in the retention interval, it made
no difference whether it came early or late. If a rehearsal
algorithm would have been effective, the early cue should
have been more helpful.

The beneficial effects of rehearsal, if any, are small.
Overt rehearsal has even been reported to be detrimental to
the retention of a pitch trace (Massaro, 1970). This is in
contrast to classical short-term memory for categorical infor-
mation, where the lifetime of a trace can be lengthened, ad
infinitum, by rehearsing the stored information. For a better
understanding of this discrepancy it would be useful to study
the temporal dynamics of the decay of the sensory trace. The
voice pitch during overt rehearsal might be a tool to probe
the actual state of the sensory trace during decay. Therefore,
the present study compared overt, covert, and no rehearsal
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conditions. The recorded pitch data during overt rehearsal
were compared to theoretical predictions of the time course
of the sensory trace during the retention interval.

Il. METHODS

Three individuals with an auditory-related profession
(two female, one male, age range 29 to 30) participated in
our experiment. All of them had been playing an instrument
for 15 to 24 years. Two of them had had formal vocal train-
ing for 15 years. Participants had to compare two stimuli (S1
and S2) that were separated by a certain retention interval.
The second stimulus would be slightly higher or slightly
lower than the first stimulus, with equal probability. Partici-
pants had to indicate which of these two possibilities was the
case.

In order to facilitate rehearsal, we employed Shepard
tones (Shepard, 1964). These octave-complex tones elicit cir-
cular pitch percepts, with a well-defined chroma (pitch class,
e.g., C vs C#), but an ambiguous pitch height (octave regis-
ter, e.g., C4 vs C3). Shepard tones enable participants to
rehearse the presented tone at whatever octave is most ap-
propriate to their vocal range. The duration of the tones was
1 s, with 0.1 s ramps at the onset and the offset of the tones.
We presented the tones at a level 60 dB above threshold. The
chroma of the first stimulus was randomized uniformly on a
logarithmic frequency scale over the range of one octave.
After each single trial, we gave feedback in order to help the
participants to improve their performance. The next trial
started 1.2 s after the preceding trial.

Prior to the main experiment, we determined the just
noticeable difference (JND) for these stimuli (interstimulus
interval 0.5 s) for each participant. Using an unforced-choice
adaptive procedure (Kaernbach, 2001), we estimated the
point of the psychometric function where 75% of the judg-
ments were correct. The JNDs for the three participants were
close to 3, 4, and 5 cents. We rounded them off to these
integer values. A JND of 4 cents corresponds to a frequency
difference of 0.23%. This is compatible with what is known

© 2008 Acoustical Society of America



about the JND for the pitch of complex tones (see, e.g.,
Hoekstra, 1979; Shackleton and Carlyon, 1994).

In the main experiment, we tested four different condi-
tions. These conditions were tested blockwise in blocks of 20
trials of the same type. Participants performed several train-
ing blocks until they felt at ease with the different tasks.
Then, they performed 20 blocks of each condition in rotating
order.

In one condition, the duration of the retention interval
was 0.5 s. In this condition, no specific rehearsal instruction
was given. The second stimulus S2 differed from the first
stimulus S1 by —1.67, —1, —0.33, +0.33, +1, or +1.67 JNDs.
The actual difference was taken randomly from these six
possibilities. This condition was tested 400 times per partici-
pant, i.e., approximately 400/6=67 times per difference.

In three other conditions, the duration of the retention
interval was 6 s. The difference between S2 and S1 was
taken randomly from -3, —1, +1, or +3 JNDs. Each differ-
ence was tested approximately 400/4 =100 times per partici-
pant in each condition. The three different conditions dif-
fered only by the rehearsal instruction.

The first rehearsal instruction was “no rehearsal.” It was
symbolized by a mandala appearing on the computer screen,
and the participants were told not to pay attention to the pitch
of the first stimulus until the second stimulus appeared. The
other two conditions were rehearsal conditions, with silent
versus overt rehearsal. They were also symbolized by icons
on the computer screen, but this time the participants had to
direct their attention toward the pitch of S1. All participants
stated that they were able to act differently in these condi-
tions as compared to the no rehearsal condition, and that they
believed that this would improve their performance. In the
overt rehearsal condition, we recorded the voice during the
retention interval.

lil. PITCH DISCRIMINATION PERFORMANCE

The data analysis was performed by calculating maxi-
mum likelihood fits and likelihood ratios, in order to test the
various hypotheses against each other.

The data of the three participants were similar if com-
pared on a JND scale. A likelihood ratio test revealed that
they could be pooled into a single data set. Figure 1 shows
the pooled psychometric functions for all four conditions.
The psychometric function for the 0.5 s retention condition
is much steeper than the other three psychometric functions,
illustrating that the precision of the trace is much higher after
0.5 s than after 6 s. The differences among the other three
psychometric functions are not marked.

Cumulative normal distributions were fitted to the four
psychometric functions. Table I shows the maximum likeli-
hood estimates for the means and the standard deviations of
the trace for these four conditions. The means are compatible
with zero for the 0.5 s retention condition and for the 6 s
silent rehearsal condition. For the other two conditions, the
means are significantly different from zero (p <0.05). Note
that the mean is lower than zero in the overt rehearsal con-
dition, which would result from a decreasing voice pitch, as
is often observed in singing.
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FIG. 1. Psychometric functions for the four experimental conditions.

The standard deviations for the three 6 s retention con-
ditions differ slightly from each other, with the silent re-
hearsal condition resulting in the lowest spread of the trace,
and the overt rehearsal condition resulting in the highest
spread of the trace. The difference in the standard deviations
between silent and overt rehearsal is significant (p <0.05),
whereas the other two differences are not significant.

IV. VOICE PITCH ANALYSIS

In each single trial of the overt rehearsal condition,
voice pitch during the retention interval was determined with
the YIN algorithm (de Cheveigné and Kawahara, 2002) for
eleven 1 s segments. These started with the interval [0,1] s,
going forward in steps of 0.5 s, and ending with the interval
[5,6] s. In total, there were 1200 trials of this condition,
giving 13200 1 s intervals. YIN could determine the voice
pitch in 10 027 of these intervals. In the other 3173 intervals,
the voice was either too soft or absent.

The voice pitch was then set into relation to the nearest
octave component of the S1 stimulus. On average, it was 1.2
cents lower than this component. The standard deviation was
43 cents, i.e., nearly half of a semitone. In order to reduce the
effect of outliers, voice pitches, which lay farther apart from
the nearest component of S1 than 2 s.d., were excluded from
further processing.

V. APPLYING A RANDOM-WALK MODEL OF
SENSORY RETENTION

Kinchla and Smyzer (1967) have proposed and success-
fully tested a random walk model of sensory retention. Al-
though this model was recently challenged by Gold et al.

TABLE 1. Maximum likelihood estimates for the mean and the standard
deviation of the trace expressed in just noticeable differences (3-5 cents). To
obtain estimates in cents multiply by a factor of about 4.

6s 6s 6s
0.5 s no rehearsal silent rehearsal overt rehearsal
Mean 0.01 0.27 0.03 -0.34
Standard deviation 1.29 2.65 2.34 3.05
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(2005) for visual information, and by Demany et al. (2005),
concerning its dependence on the sensory noise, it should
apply to the present data.

In this model, the stimulus S1 is encoded to trace S1’.
The encoding process is affected by the encoding noise N,
with standard deviation S,. During retention, the trace under-
goes degradation and the standard deviation increases. The
variance of the trace increases linearly with time with diffu-
sion rate ¢. Stimulus S2 is encoded to trace S2’ with the
encoding noise having the same variance as for the encoding
process for S1. The total variance of the comparison variable
S2"—S1' is hence:

Var(§2' —S1') = 82 + o + §2. (1)

In an unbiased model and for an infinite number of ran-
dom walks, the mean across all random walks stays equal to
the starting point. However, if the set of random walks to be
averaged is selected depending on its end point (comparison
with S2'), the subsets [S1’(end)>S2’ vs S1'(end)<S2']
will have drifting means. In this case, the mean of the subsets
will drift linearly away from the starting point.

Overt rehearsal suffers from voicing noise, and the voice
pitch feeds back on the trace S1’ and might possibly degrade
it further. The standard deviation of the voice error (43 cents)
is very large compared to the standard deviation derived
from the judgments (5 cents after 0.5 s, about 12 cents after
6 s) and to the effect of the voice on the trace (difference
between overt and silent rehearsal about 3 cents). This tells
us two things: The audible feedback supplied by the voice
can definitively not be helpful for the maintenance of the
trace; on the other hand, it does not change much for the
retention process.

While the voice is not helpful for the maintenance of
S1’, it is a valuable probe into the state of S1’. It represents
a noisy image of S1’, but this noise can be reduced by av-
eraging across large numbers of recorded voice segments. It
can thus help to understand what is going on during reten-
tion. By averaging across successful versus unsuccessful tri-
als, we can test whether the voice data are compatible with
the linearity predicted by the random walk model; and we
can derive estimates for S, and ¢. Figure 2 shows the mean
voice error during overt rehearsal as a function of time for
successful and unsuccessful trials. The data of S2<<S1 trials
have been mirrored so that Fig. 2 can be interpreted in terms
of S2>S1 trials. The direction of the voice error is corre-
lated with the judgment of the participant: A large deviation
of the voice in the direction of S2 (upwards in Fig. 2) is
typical for an error of judgment.

The data show a clear tendency of increasing voice error
over time. There is a contrary effect of large initial errors
only for the first two time segments (center at 0.5 and 1 s);
the smallest errors are found at 1.5 s. This initial error has
certainly to do with the difficulties that the participants had
in matching the internal trace S1’ with their voice. Once they
achieved the match, the voice error increases due to the in-
ternal random walk process. Also plotted in Fig. 2 are the
model predictions, with the two parameters of the model (
S,=1.3 JNDs, [(¢X6s)=2.0 JNDs) optimized, so as to
minimize the x? distance over all points of all curves, except
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FIG. 2. Mean voice error during overt rehearsal for successful (light gray
symbols) and unsuccessful (dark symbols) trials. Triangles are for trials with
3 JNDs difference, and squares are for trials with 1 JND difference between
S2 and S1. Voice data of trials with S2<<S1 have been mirrored at the
nearest matching component of S1. Solid lines give the model prediction for
a 3 JND difference, and dotted lines for a 1 JND difference.

the first two points. For these parameters, x* is 3.18, indicat-
ing a very good fitting of the model. Note that the slopes and
intercepts of all four straight lines in Fig. 2 (eight param-
eters) are not fitted individually but follow from only two
parameters, S, and ¢.

The voice data allow the parameters of the random walk
to be estimated. The estimates of these parameters give an
estimate for the final judgment performance. Following the
model, the decision of the participant should be determined
by the total variance [see Eq. (1)], which, with the present
data, yields a standard deviation of 2.72 JNDs, slightly better
than the actual performance in the overt rehearsal condition
(3.05 JNDs), and quite comparable to the performance in the
no-rehearsal condition (2.65 JNDs).

VI. DISCUSSION

In our study, we have compared performance in a pitch
memory task for three rehearsal conditions: no rehearsal, si-
lent, and overt rehearsal. We found that the different re-
hearsal conditions had little effect on the performance in the
memory task. This is quite in line with previous research,
where rehearsal and/or attention effects on the retention of a
sensory trace were either small or absent.

In our study, the different rehearsal conditions were cre-
ated by instruction. There was no control of whether the
participants did what they were instructed to do, except for
the condition of overt rehearsal where we recorded the voice.
It may be argued that this could be the cause of the similarity
of the data. This “instruction only” approach may, on the
other hand, be seen as an attempt to minimize other sources
of variance, such as attention effects, or interfering noises
produced by movements of the participants when performing
the distractor tasks. To the best of our knowledge, our study
is the first attempt to compare no rehearsal and silent re-
hearsal based on an instruction only approach. Given that the
participants reported that they were able to follow the in-
structions, and that they were convinced that they would per-
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form markedly better in the rehearsal conditions, the result
may be seen as adding further evidence to the uselessness of
rehearsal for the retention of a sensory trace.

The main focus of our study was, however, to compare
overt and covert rehearsal and to test the explanatory power
of voice recordings during overt rehearsal. The discrepancy
between the large effect of rehearsal on categorical informa-
tion and the small or absent effect of rehearsal on the reten-
tion of a sensory trace remains intriguing. The present study
provides evidence in support of the random walk model of
Kinchla and Smyzer (1967) for sensory retention. This
model could offer an explanation: In this model of sensory
retention, there is no place for rehearsal as a retention-
supportive mechanism. The (overt or covert) rehearsal can, at
best, mirror the actual state of the sensory trace as it under-
goes the random walk. It is not at all helpful in maintaining
this trace. For the rehearsal of categorical information (Bad-
deley and Hitch, 1974), however, the random walk model
does not apply. It is assumed that the trace is perfectly rees-
tablished at regular intervals.

In our study, the analysis of the voice recordings sug-
gests that this view is plausible. The voice error was related
to the judgment of the participants, which would not be true
if the recorded voice had no relation to the sensory trace. The
voice could hence be considered a mirror of the internal
trace. At first view, the quality of this mirror is not excellent:
The standard deviation of the voice was 43 cents, much
larger than the quality of the sensory trace (about 12 cents).
After averaging across many trials, however, the voice error
reflected the linear drifts predicted for unsuccessful versus
successful trials. Moreover, the judgment performance pre-
dicted from the voice errors (2.72 JNDs) was in the range of
the actual judgment performance of the participants (3.05
JNDs). In other words, 80% [(2.72/3.05)%] of the internal
variance leading to judgment errors is explained by analyz-
ing averaged voice data. After all, voice data mirror the in-
ternal trace quite well.

The similarity of the performance in the overt and the
covert rehearsal condition suggests that the results obtained
for the dynamics of the internal trace, in the case of overt
rehearsal, is also valid for the covert rehearsal condition.
This would be different if the performance had been better
for overt rehearsal than for covert rehearsal. In this case, one
would have to assume that overt rehearsal involves retention
algorithms different from those involved in covert rehearsal.
As it is, however, the most parsimonious assumption is that
both conditions involve very similar retention algorithms. If
one accepts that participants did follow the instructions, this
conclusion is also valid for the no rehearsal condition. The
slight disadvantage for overt rehearsal is in line with previ-
ous findings (Massaro, 1970).

It is puzzling that the participants performed so well in
the overt rehearsal condition (12 cents), given that the voice
error (43 cents) was much larger than the judgment error in
the silent rehearsal condition (9 cents). It is well known,
from many experiments on pitch memory, that interfering
tones during the retention interval degrade the performance
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in a pitch memory task (e.g., Deutsch, 1970). Why would it
be that the sound of the participant’s own voice, being some-
times nearly a semitone off, interferes less than sounds intro-
duced by the experimenter? The sound of the participant’s
voice is surely different from the sound of the Shepard tones,
however, experiments by Semal and Demany 1991, suggest
that timbre differences do not explain this effect. We can
only speculate that the fact that the participants produce
these sounds themselves is crucial to this effect.

Voice data support the view that the sensory trace under-
goes a random walk process during the retention interval.
This would explain why rehearsal is of little help: It would at
best reflect the increasingly distorted internal representation
of the sensory trace. The present study has demonstrated that
voice recordings can improve our understanding of the dy-
namics of sensory retention.
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The observer-based procedure, used in research applications to measure the hearing sensitivity of
young infants, is analyzed within the framework of a two-stage (infant-judge) detection model
involving a minimum number of assumptions. The model is taken to develop convergence theorems
useful for estimating the number of judges and/or trials required to achieve a desired level of
accuracy using the procedure. The model is also used to consider ways in which bias in estimates,
known to be associated with the procedure, might be evaluated and reduced. Finally, a method is
proposed by which the results of the analysis and different procedural variations designed to

improve estimates can be evaluated empirically. © 2008 Acoustical Society of America.
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PACS number(s): 43.66.Yw, 43.66.Fe, 43.66.Ba [JHG]

I. INTRODUCTION

In the clinical evaluation of hearing, behavioral audiom-
etry remains the gold standard. Yet, behavioral measures are
not easily obtained from those who stand to benefit most
from early diagnosis of a hearing loss: infants less than
5 months of age. Before 5 months of age the infant does not
reliably turn their head in the direction of a sound; hence,
hearing sensitivity is difficult to measure using standard vi-
sual reinforcement audiometry (cf. Moore and Wilson,
1978). Olsho et al. (1987) have proposed an alternative be-
havioral procedure for evaluating the hearing sensitivity of
infants at this young age. In the observer-based procedure the
sensitivity of the infant is estimated from a judge’s ability to
detect the presence or absence of the signal based exclu-
sively on the infant’s gross behavior. The procedure is essen-
tially an adaptation to hearing of the forced-choice,
preferential-looking procedure, developed some years earlier
by Teller (1979) to measure visual acuity in infants. Though
the procedure has been used primarily in research applica-
tions, it has a significant advantage of providing an objective
means of evaluating the hearing sensitivity of infants. Spe-
cifically, there is a standard (the presence or absence of the
signal) by which the judge’s decision on each trial can be
scored as correct or incorrect (see Olsho et al., 1987 for a
discussion of other advantages of the procedure). In this pa-
per, we examine the observer-based procedure within the
context of a simple two-stage (infant-judge) detection model
to arrive at a few analytical results that might prove useful in
evaluating and/or improving the accuracy of the procedure
and its variants.

YAuthor to whom correspondence should be addressed. Electronic mail:
ralutfi@wisc.edu
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Il. TWO-STAGE DETECTION MODEL

Our analysis is undertaken within the framework of the
general two-stage detection model shown in Fig. 1. The first-
stage detector is the child whose sensitivity to sound we are
interested in measuring; the second stage detector is the
judge who must decide on each trial whether or not a signal
was presented based exclusively on the various aspects
r1s7,...ry of the child’s observable behavior. The signal in
this case is represented by the binary variable s € {0,1} indi-
cating simple presence or absence; although s could just as
easily represent two different sound waveforms or classes of
waveforms that are to be discriminated by the child. All fac-
tors that would limit the child’s ability to detect or discrimi-
nate s (neural noise, imperfections in auditory transduction
and the like) are incorporated in the stochastic function f.
Based on the outcome of f(s) on each trial the child comes to
a binary decision x € {0, 1} regarding the presence or absence
of the signal. The sensitivity of the child is, therefore, com-
pletely described by the hit and false alarm probabilities

Bc=Plx=1ls=1), (1)
ac=Px=1|s=0). (2)

Now we wish to measure S, and «, but cannot do so
directly because we do not have direct access to child’s de-
cision, x. Instead, in the observer-based procedure, we take
as an estimate of B, and a the hit and false alarm rate of the
child-judge duo. The estimate of the hit and false alarm rate
of the child is

Be=Bic=Pz=1ls=1). (3)
dc=a;c=P(z=1|s=0), 4)

where, B;c and «a;c are taken to denote the hit and false
alarm rate of the child-judge duo. These estimates, of course,
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FIG. 1. Model of two-stage detection representing observer-based method
for estimating child hearing sensitivity (see text for specific details).

are not perfect because the child does not generally convey
their decision unambiguously through their behavior. Ran-
dom movements of the child may be mistaken for a response
to the sound, or no obvious response may be elicited even
though the sound is clearly audible to the child, as might be
the case, for example, when the child is not attending.1 Here
we represent the ambiguous relation between the child’s de-
cision and their behavior by the probabilistic function g.
Other inaccuracies in the estimates of B¢ and a result from
the judge’s perception of the child’s response. For example,
certain reliable indicators of the child’s decision (possibly
head movements) may go unnoticed by the judge, even while
others (possibly facial expressions) are given much greater
attention than they deserve. We represent all such imperfec-
tions in the judge’s perception by the probabilistic function
h. Taken together g and & represent all factors that limit the
accuracy and reliability of the estimates of the child’s sensi-
tivity in the two-stage detector model. By allowing these
functions to be quite general we encompass a wide variety of
models of the possible relation between the child’s decision
and the judge’s response.

The hit rate of the child-judge duo can now be expanded
from the general expression of the two-stage detector model.
Conditioning the probability ;- on the child’s decision x
and using the law of total probability, we get

Bic=P(z=1|s=1)=P(z=1|s=1,x=1)P(x=1|s=1)

+P(z=1s=1,x=0)P(x=0|s=1). (5)

Now since s —x—z forms a Markov chain, z is condition-
ally independent of s, given x. This means that P(z=1]s
=1,x=1)=P(z=1|x=1), which is the hit rate of second stage
detector alone (i.e., the hit rate of the judge for the child’s
decision). Similarly, P(z=1|s=1,x=0)=P(z=1|x=0) is the
false alarm rate of the judge for the child’s decision. Denot-
ing these probabilities respectively as 8; and «, the hit rate
of the child-judge duo from Eq. (5) is

Bic=B;Bc+ ajac. (6)

The false alarm rate of the child-judge duo is obtained in
similar fashion,
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aJC=P(Z= 1|S=O)=P(Z:1|s:0,x:1)P(_x:1|s=O)
+P(Z:1|S:0,X=O)P(x:05:0)

=Brac+ a (1 —ap). (7)

Now, Egs. (6) and (7) lend themselves to mathematical
analysis of various conditions in which the particular experi-
ment or similar tests using the observer-based procedure may
be performed. We consider three such conditions intended to
improve estimates of the hit and false alarm rates of the
child.

lll. MULTIPLE JUDGES

Let us suppose that instead of a single judge, we have n
judges, each of whom makes a binary decision {z;}’_, regard-
ing the presence or absence of the signal. The overall deci-
sion is taken to be some function of all the z;. Here we give
sufficient conditions on the statistical characterization of the
judges to attain optimal detection performance. At the same
time we develop expressions for the rate at which the esti-
mation error decays with number of judges. This will give us
the trade-off between the cost and accuracy of using multiple
judges.

Consider then the following conditions for the second-
stage detector: (1) The judges form independent decisions
regarding s. (2) The statistical performance of individual
judges differs, but for each judge the hit rate is at least
slightly greater than the false alarm rate; i.e., P(z;=1]s=1)
> P(z;=1|s=0) for all i=1...n. (3) The individual decisions
from all judges are simply averaged to arrive at a group
decision. Denoting z"=3z;/n as the average, the group de-
cision is

~ 1, W= 7](11)
°= 0, z"<y™, ®)

where 7™ is an arbitrary judgment criterion. Note here that
we do not claim the simple averaging of the judges’ re-
sponses to be optimal in any sense. We use the average as a
means to derive the expressions for convergence which is
mathematically tractable. Later we consider how more effi-
cient combination rules may be implied by the results of
experiments designed specifically to test the derived analytic
expressions. Note too that condition (2) might otherwise be
stated that the hit rate of a judge is more likely to be greater
than their false alarm rate; the statement as given is simply
more tractable mathematically.

Now, let B;"C) and a&"c) denote the group hit and false
alarm rates of judges, comparable to B, and a; for a single
judge. We use a special case of the Hoeffding concentration
inequality (Hoeffding, 1963) to show that B;”C) converges rap-
idly with n to 8., while agnc) converges rapidly to a .

That is, for any £>0

P(z" - E[z"] = &) < exp(-2ne?). )

where z; €{0,1} and S,=nz". Now, consider the false alarm
rate of the second-stage detector alone; that is, the probabil-
ity that the judges’ decide a signal is present (z=1) when the
child, in fact, decides it is not (x=0). We can express this
probability as
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oV = Pz = 7"|x=0)
= P(2" - Eg[z"] = 7" - Eg[z"]), (10)

where E; is used here to denote the expected value condi-
tioned on x=0. The expression for convergence of a&") fol-
lows from Eq. (9) by conditioning on x=0 and by setting &
= 7" —-Eo[z"]>0 according to condition (2),

o\ < exp[- 2n&?]. (11)

This shows that aﬁ") converges to 0 exponentially as n be-

comes large. The convergence of the hit rate of the second-
stage B(J")=P(z(”) = 7"|x=1) is obtained in a similar fashion
from the miss rate

1- ,B(Jn) - P(Z(n) _ E][Z(n)] = E][Z(”)] _ 77(”)). (12)
Setting e =E1[Z(")] — 7](”) > 0’
1- ,3(1”) < exp[-2ne?]. (13)

This further shows that ﬂ(J") converges exponentially to 1 as n
becomes large. Finally, from Egs. (6) and (7) we determine
that as ag’l)—>0 and ,B(J")—> 1, ,B(J”C converges exponentially to
Bc, while a(l"c) converges exponentially to a.

Equations (11) and (13) are useful for estimating the
number of judges required to achieve a desired level of ac-
curacy in the estimate of the child’s hearing sensitivity. For
example, if we wish to limit the false alarm rate of the sec-
ond stage detector to a value « (Neyman-Pearson criterion)
then the number of judges should be at least

n= . ln<l> (14)

2¢2 al’
To get an idea of the rate of convergence implied by this
inequality consider the following hypothetical case: The ex-
perimenter chooses an arbitrary criterion of 7™=0.7 for de-
termining whether the response of the judges as a group is
positive or negative. They wish the false alarm rate for the
child’s response (x=0) to be no greater than a=0.2. More-
over, they estimate the average of judges’ decisions when x
=0 to be E,[z""]=0.3 (yielding a value of e=7" —E,[z"]
=0.4). For these conditions the inequality above indicates
that the clinician will require n=35 judges. Furthermore, by
adding two more judges the experimenter can cut this false
alarm rate in half (for «=0.1, n=7). The exponential rate of
approximation is encouraging. It suggests that accurate mea-
sures of child sensitivity can be obtained in many fewer trials
than when a single judge is used. Note in this regard that the
conclusions derived here for multiple judges apply as well to
multiple trials assuming that the decisions across trials are
independent, as they were assumed for the individual judges.

IV. JUDGE’S TASK

Despite its many positives, the observer-based procedure
is known to have at least one notable disadvantage: it gener-
ally underestimates the sensitivity of the child. The bias oc-
curs because the expected performance of the judge can at
best equal, but never exceed that of the child. In the context
of the two-stage detector model, detection is limited by the
second stage as an added noisy channel. Here we consider a
change in the judge’s task intended to reduce the bias in
estimate.
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Consider first that there is no bias when the second stage
detector is transparent (y=x). Clearly, the sensitivity of the
judge must equal that of the child when the judge’s decisions
exactly mimic those of the child. In theory, then, 8;+ and «;¢
are equivalently estimates of B and - when the judge is
instructed to report the decision of the child, x, rather than
the presence or absence of the signal. This, parenthetically, is
the instruction given to the judge in what is known as behav-
ioral observation audiometry (Thompson and Thompson,
1972). The advantage of this approach is that the judge may
be given prior knowledge of the signal on each trial to both
improve their performance and to provide an equal opportu-
nity to overestimate as well as underestimate the sensitivity
of the child.

Consider then that second stage detector conditions its
decision on knowledge of the random variable s on each
trial. The hit rate of the two-stage detector in this case is
given by Eq. (5) as before. However, s—x—z now no
longer forms a Markov chain; z is now conditioned on s.
Reflecting this dependency, the hit rate of the second-stage

detector with prior signal knowledge is denoted ,[§,=P(z
=1|s=1,x=1). The probability BJ can be expressed as

P(z=1]s=1,x=1)
P(z=1lx=1)

B;=Pz=1lx=1)- =B,-b, (15

where 8,=P(z=1|x=1), as in the previous section, denotes
the hit rate of the second-stage detector without prior knowl-
edge of the signal. In a similar fashion, the false alarm rate of
the second-stage detector with prior knowledge is given by

P(z=1|s=0,x=0)
P(z=1x=0)

&JZP(ZZH)C:O)' Zaj'a. (16)

Now, knowing that the signal was present, the judge can
improve their performance by more often reporting that the
child responded positively. That is, for P(z=1|s=1,x=1)
>P(z=1|x=1), b>1 so that B,>B,. Similarly, knowing
that the signal was not present, the judge can improve their
performance by more often reporting that the child did not
respond; in this case, a<<1 so that a;< «;.

Of course, whether or not judges will make appropriate
use of the signal knowledge is ultimately an empirical ques-
tion. Too much or too little reliance on the signal will either
result in an overestimate or underestimate of the sensitivity
of the child. However, by allowing the outcome to go in
either direction, the average is expected to be a less biased
estimator than when all judges underestimate sensitivity, as
they can only do not knowing the signal.

Finally, it is important to note here that, while asking the
judge to report the child’s decision may reduce the problem
of the bias in estimate, the cost is a loss of objectivity in the
estimate. One can determine with certainty how accurately
judges report the presence or absence of a signal, but not the
decision of the child. What is needed is a cross check on the
judge’s performance against some other type of empirical
estimate of accuracy. One such measure, which can be ap-
plied with or without signal knowledge, is proposed in the
next section.
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V. HIGH SIGNAL STRENGTH

We consider next a means by which the analytic results
of the previous two sections might be put to an empirical
test. The method involves presenting the signal at a high
level so that, except in the case of a profound hearing loss,
one can be reasonably sure that the signal is audible to the
child. In this case we expect the hit rate of the child to be
near one and the false alarm rate to be near zero. (Note here
we take the position, consistent with other authors, that inat-
tention would affect how the child responds to the signal, g
in the model, not what they hear, f in the model; cf. Bar-
gones et al., 1995; Werner and Boike, 2001). Using an aster-
isk to denote the high signal level condition, we have ,BC
~1 and aC~ 0. The judge is not given information about the
level of the signal; hence, it seems reasonable to assume that
neither g nor & is ekhanged by presenting the signal at a high
level. If so, then B, and a, can be substltuted for ﬁc and a¢
in Eqs. (6) and (7) to yield B,~ :31c and o=~ a, ;o In other
words, the observed hit and false alarm rates of the child-
judge duo for the high signal level condition can be used to
estimate the hit and false alarm rates of the judge alone.
Substituting these empirically obtained values into Egs. (6)
and (7) and solving for B¢ and a then gives an estimate of
the hit and false alarm rate of the child when the signal is
presented at a lower level. Specifically,

Bic— a,.ac
Be~ ——"—, (17)
’BJC
ES
CYJC—CY
ac~_— 1€ (18)
Bic= ¢

where, B;¢ and ¢, denote, as before, the hit and false alarm
rate of the child-judge (}kuo obtamed at the lower-level signal.

Note here that 8;- and a, ;¢ represent the empirical
equivalent of the asymptotic performance of judges as the
number of judges increases. Given that the child detects the
high-level signal with perfect accuracy, ,8 ¢ and a, ¢ are only
limited by the random component of the child’s response and
the perception of the judge. This leads to two outcomes.
First, it allows the analytic results of Secs. III and IV to be
tested empirically. This can be done by measurlng the rate at
which 8- and a,c converge to B,, and «a,. for various
conditions of feedback and multiple judges, and then com-
paring the obtained rate in these cases to that predicted by
the analytic expressions of Secs. III and IV. Second, it means
that the high-level signal method can be used to improve
procedures for estimating the child’s response. This can be
done, for example, by selecting only the best judges to par-
ticipate in the observatlfk)n those previously found to 4<produce
the highest values of 8, and the lowest values of a,. Or, it
can be done by differentially weighting judges’ responses
based on these values for each judge. It can also be done by
informing an appropriate selection of criterion 7" for decid-
ing the group or individual response of judges. Note, in this
regard, that having obtained estimates of hit and false alarm
rates of the child using the high-level signal method, we also
have an estimate of the child’s response bias. One may then
use this information in subsequent observations to improve
estimates by selecting a judgment criterion 7" that more
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closely matches that of the child. The benefit could be great
as a mismatch of judgment criteria for the two-stage detector
model has been shown to have a significantly adverse effect
on estimates of sensitivity (Sorkin er al., 2001). The authors
know of two cases in the literature where results from high
signal level conditions have been used to calibrate judge’s
performance in a fashion similar to that proposed here (Bar-
gones et al., 1995; Werner and Boike, 2001). However, we
know of no attempts so far to use such information to spe-
cifically select or give differential weighting to judges.

VI. CONCLUSIONS

The observer-based procedure offers an objective behav-
ioral assessment of the hearing sensitivity of young infants
who are otherwise incapable of performing visual reinforce-
ment audiometry or other standard behavioral tests. In the
present paper, we offer a theoretical analysis of the procedure
within the context of a two-stage detection model to derive
some analytic results that might be used improve estimates
of the hearing sensitivity of infants. Clearly it remains for
future studies to determine whether the analytic results pre-
sented here will survive empirical tests, and whether they can
be used to any advantage in clinical and/or research settings.
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A frequency-domain numerical model of brass instrument sound production is proposed as a tool to
predict their brassiness, defined as the rate of spectral enrichment with increasing dynamic level. It
is based on generalized Burger’s equations dedicated to weakly nonlinear wave propagation in
nonuniform ducts, and is an extension of previous work by Menguy and Gilbert [ Acta Acustica 86,
798-810 (2000)], initially limited to short cylindrical tubes. The relevance of the present tool is
evaluated by carrying out simulations over distances longer than typical shock formation distances,
and by doing preliminary simulations of periodic regimes in a typical brass trombone bore
geometry. © 2008 Acoustical Society of America. [DOI: 10.1121/1.2872342]

PACS number(s): 43.75.Fg, 43.25.Gf [NFH]

I. INTRODUCTION

At high dynamic levels, brass instruments generate
sounds having strong high frequency components; these
sounds are called “brassy” or “cuivrés.” They are due to the
essential nonlinearity of the wave propagation in the pipe
(Hirschberg er al., 1996). The brassiness of the instruments
defined as the rate of spectral enrichment with increasing
dynamic level, can be very different due to the variety of
their bore geometry. For example, a conical bore implies a
faster decay of the wave than a cylindrical bore, which re-
duces the nonlinear wave steepening. Recently, Gilbert
(2006), Myers et al. (2007), and Gilbert et al. (2007) have
suggested classifying brass instruments from the brassiness
point of view. A numerical model would be a useful tool to
investigate the brassiness behavior of brass instruments char-
acterized by their bore geometry. Numerical models have
been developed in the time domain (Msallam et al., 2000;
Vergez and Rodet, 2000), or in the frequency domain (Th-
ompson and Strong, 2001) by making some restrictive as-
sumptions like modeling the wave steepening only on a part
of the bore or ignoring backward nonlinear wave propaga-
tion.

In this letter we present a simulation tool in the fre-
quency domain extending the work of Menguy and Gilbert
(2000), which was limited to short cylindrical tubes. Brass
instruments are characterized by nonuniform ducts which
can be significantly longer than typical shock formation dis-
tances. It is shown (Sec. II) that the tool is relevant, first by
exploring the weakly nonlinear wave propagation at long
distances, and second, by doing preliminary simulations of
periodic regimes in a typical brass trombone bore geometry
(Sec. 11I0).
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Il. WEAKLY NONLINEAR ACOUSTIC SIMULATIONS IN
DUCTS

A. Theoretical background

The study of weakly nonlinear propagation in a dissipa-
tive viscothermal homogeneous fluid assuming a one-
dimensional flow in a nonuniform duct leads to first-order
nonlinear differential twin equations using the dimensionless
variables o (a slow geometric scale equal to (y+1)/2Mx,
where vy is the specific heat ratio, M a Mach number, x a
dimensionless geometric scale), 6, and 6_ (dimensionless de-
layed time scales), and ¢, and ¢_ (forward and backward
variables). They are the “generalized Burgers equation” for
the forward-traveling wave [Eq. (1)], and for the backward-
traveling wave [Eq. (2)],

dg.  dq.  dIn(D(0)/D(0)) 1&g,
; - CI+[?_0+ q+ 90 =+ Fo"_ei
s m
€ 90,
%+q_%—q_&]n(D(a)/D(0)) =_l&+2(9”2q_’
do 96_ dor I 98 € 30"
(2)

where I', the Gold’berg number, is a measure of the impor-
tance of effects of volume dissipation compared to those of
nonlinearity. A plane wave that propagates in a duct with
rigid walls experiences dispersion and attenuation as a result
of the viscothermal boundary layer along the walls. As a
consequence, the right-hand side of Egs. (1) and (2) contains
a second term controlled by the dimensionless number 7/&
(Menguy and Gilbert, 2000), which is a measure of the
strength of nonlinearity relative to that of wall dissipation. If
the volume viscothermal effects—controlled by I'—are fre-
quency squared dependent, the classical dependence of the
viscothermal boundary-layer losses—controlled by 7/e—is
on the square root of the frequency. The left-hand side of
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Egs. (1) and (2) exhibits a term which is function of the
interior diameter D(x) of the nonuniform duct, characterizing
its slowly varying cross section. This term is linear in g. It is
assumed that the duct diameter D is small enough (kD<1, k
being the wave number), and that the area varies sufficiently
slowly on the scale of a wavelength, (1/kD).(dD/dx)<1, to
justify a one-dimensional propagation model.

The two waves are assumed to propagate in opposite
directions, independently in the linear limit. They are nonin-
tegrable, and there is almost no chance of general analytical
progress (Hamilton and Blackstock, 1998). That is why nu-
merical methods such as the one described in the following
section should be used.

B. Simulations in uniform and nonuniform ducts

Generalized Burger’s equations (1) and (2) have no
known analytical solutions. Numerical solutions are per-
formed in the frequency domain, the method described in
Menguy and Gilbert (2000) is summarized hereafter.

The following simple wave ¢,(o, 6) is considered:

q.(0,0) = > [a,(o)sin n@+ b,(a)cos nb]. (3)

n=1

Equalizing each term of the Fourier series coming from Eq.
(1) leads, for each harmonic component n, to

aan=n(§<%e MB) 2 (ayna,
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Equation (4) is solved numerically using a spatial finite
difference method, with the boundary condition ¢.,(0,6),
which is a time periodic function. At first order, the classical
Euler method is used, and correction is performed using the
Adams Moulton second-order method.

Although the simulation method has been verified for
small propagation distances in Menguy and Gilbert (2000), it
has to be tested for distances greater than the shock forma-
tion distance o,, in order to be used in brass instrument
simulations. Tests have therefore been carried out for weakly
dissipative fluids without any viscothermal wall effects
(T/e=0) for which weakly nonlinear propagation can be de-
scribed by the Burgers equation. One of them, defined by a
Gold’berg number I" equal to 100 (I'> 1), is discussed now.
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FIG. 1. First three Fourier coefficients Q,, (harmonics 1 to 3) vs the dimen-
sionless propagation distance o/ o, for a weakly dissipative fluid (I'=100)
in uniform duct, according to two cases: (a) 7/e=0 and (b) 7/&=10. The
fluid is excited at 0=0 by a monofrequency source. There are two calcula-
tions: Results simulated from Eq. (1) (solid lines) and Fay-Blackstock ap-
proximation, Eq. (5) (dashed lines).

The harmonic components, P, =\ ai+bﬁ, as a function of
o/ o, varying from O to 10 for a wave generated by a monof-
requency source are displayed in Fig. 1. The behavior of the
harmonic components simulated from Eq. (4) is close to the
so-called Fay-Blackstock solutions available for o>3.
These analytic Fourier coefficients Q, are written as follows:

E sin(n6)

q.(0.0) = 2 sin(n0)0,(0) = 5.2 2 T S
n=1

(5)

Moreover, simulations of a plane wave propagating in a
uniform duct, defined by T/&=10, are carried out from Eq.
(4). The harmonic components as a function of ¢ varying
from O to 10 for a wave generated by a monofrequency
source are displayed in Fig. 1. The wave deformation along
the propagation, from sine wave to a decreasing amplitude
sawtooth wave, is obtained. The wave forms are typical of
those reported in literature for high intensity sound in ducts
(Hamilton and Blackstock, 1998): The boundary-layer losses
are predominant, their dispersion effects are visible on the
wave forms, and the Fay—Blackstock solutions are not a
good approximation anymore. The spectral enrichment can
be globally estimated from the following dimensionless pa-
rameter, called the spectral centroid SC:

Eann
Z}‘lQ}‘l '

Figure 2 shows the rapidly increasing and then slowly
decreasing evolution of SC, respectively, before one and af-
ter three shock formation distance values corresponding to
the results displayed in Fig. 1, the shock formation distance
o, being still defined from the cylindrical tube.

Simulations of a plane wave propagating in a nonuni-
form duct, a cone, are also carried out from Eq. (1). The
expanding bore of the cone implies a faster decay of the
wave which reduces the nonlinear wave steepening; the

SC= (6)
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cylinder
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FIG. 2. Spectral centroid SC vs the dimensionless propagation distance
o/ o, for a cylindrical tube, and a cone having the same input radius as the
cylindrical tube.

spectral enrichment SC increases more slowly than in a cy-
lindrical tube having the same input radius (see Fig. 2).

lll. BRASSINESS SIMULATIONS
A. Numerical method summary

The brassiness of the sound, in other words its spectral
enrichment, generated by brass instruments at high dynamic
level is mainly due to the essential nonlinearity of wave
propagation in the pipe, resulting in wave steepening and
generation of shock waves (Hirschberg er al., 1996). The
spectral enrichment can be evaluated from the radiated pres-
sure SC estimation during a crescendo. In expanding bores, a
faster decay of the wave amplitude reduces the nonlinear
steepening effect: This provides a hypothesis to explain the
fact that “conical” instruments are not as brassy as “cylindri-
cal” instruments. More precisely, the brassiness of two brass
instruments, or of two fingerings or positions of a given in-
strument, can be compared from their spectral centroid val-
ues for a given crescendo (Gilbert, 2006). The comparison
can also be made by simulation, the input data being the
internal geometry of the instrument, its bore, and typical
acoustical pressures at the input end of the instrument.

The frequency model simulation method is based on the
previous publications of Menguy and Gilbert (2000) and Gil-
bert et al. (2005) dedicated to uniform ducts and clarinet-like
instruments, and here adapted to nonuniform ducts and brass
instruments. The simulation can be summarized as follows:
Postulating the pressure spectrum P;, at the input end, a ra-
diated impedance boundary condition at the output end [ra-
diation impedance formula from Caussé et al. (1984), ex-
tended by the iterative impedance when kR is greater than
4.84], and the bore geometry of the instrument, the pressure,
and velocity acoustic field are first calculated everywhere
inside the bore using the weakly nonlinear approximation.
Indeed the simple waves propagating in each direction are
supposed not to interact in the body of the fluid as in the
linear approximation, and they are solutions of the nonlinear
differential equations (1) and (2). The numerical solving of
Eq. (4) and its twin has been presented in the previous sec-
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FIG. 3. The bore profiles corresponding to the three slide positions (first),
(fourth), and (sixth) of a bass trombone vs the geometric position from the
input end of the instrument without its mouthpiece.

tion, details of the numerical method and a harmonic balance
convergence method is detailed in Menguy and Gilbert
(2000). The volume velocity spectrum Q. at the output end
of the instrument is estimated by multiplying the output area
by the output acoustic velocity spectrum. By using the low-
frequency approximation for a monopole having a volume
strength equal to Q,,, a radiated pressure spectrum P, 4 and
its spectral centroid SC,,4 are estimated at a distance d from
the open end of the pipe from

Qe .
Pra= m] @0 oy (7)

B. Testing the model

Simulations were done using the bore geometries of a
bass trombone corresponding to three slide positions in
which F4 can be played: first, fourth, and sixth positions (see
Fig. 3). From the first to the fourth (sixth), there is an added
cylindrical tube of 2X0.27 m (2X0.46 m). Pressures spec-
tra P;, at the input end have been measured to provide input
data for simulations. They come from experimental data col-
lected in the side of the mouthpiece backbore during playing
performance of a F4 using the bass trombone. One corre-
sponding to loud playing having a SC;, value equal to 1.6 is
displayed in Fig. 4. The simulated radiated pressure is dis-
played, too.

Dimensionless Pressure (dB)

5 6 7 8 9 10

3 4
Harmonic number

FIG. 4. Dimensionless pressure spectra P;, (circle) at the input end, and P4
(triangle) radiated, corresponding to a loudly played F4 at the first position.
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FIG. 5. Spectrum centroid SC,,4 vs rms pressure of P, having an increasing
value of SC;, from 1.22 to 1.62, simulations corresponding to the first (dia-
mond), fourth (asterisk), and sixth (circle) positions.

Several tests were performed to determine the reliability
of the simulation method. Two kinds of crescendo have been
chosen for simulations. One is created by the input pressure
P;, being a sine wave (spectral centroid SC;, constant equal
to 1), and having an increasing rms value from
500 to 3000 Pa. The second is created by the input pressure
P;, increasing with a rms value from 500 to 3000 Pa, its
spectral centroid varying linearly from 1.22 to 1.62 (see Fig.
5). The fundamental frequency is 350 Hz in both cases and
the wave forms are defined by their first ten harmonics. The
two simulated crescendos have been carried out using the
three bore profiles displayed in Fig. 3. The resulting values
of the spectral centroid SC,,4 of the radiated sound are dis-
played in Fig. 5. All the simulated spectral centroid values
are increasing with the rms pressure Py, at the entrance of the
instruments, showing the spectral enrichment of the radiated
sound. As expected the spectral enrichment is greater and
greater from the first to the sixth slide position because of the
increasing length of the cylindrical part of the instrument.
These predictions are qualitatively comparable with experi-
mental results shown in Gilbert (2006). Note that the values
of SC,,q are depending on the input data P;,: Results ob-
tained using a variable SC;, are greater than the one obtained
from SC;, constant equal to one.

IV. CONCLUDING REMARKS

A frequency domain simulation tool has been developed
to predict the brassiness behavior of brass instruments. It is
based on the generalized Burger’s equations (1) and (2) ap-
plied to weakly nonlinear acoustic propagation in nonuni-
form ducts. First, numerical simulations of traveling waves
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in uniform ducts have been carried out over large distances
to check their reliability far from the shock formation dis-
tance. The results have been successfully compared with
known theoretical predictions. Second, in the weakly nonlin-
ear propagation approximation, waves in ducts of finite
length propagate in both directions, independently as in the
linear limit, except for coupling at the ends. Then the internal
sound field can be described by the superposition of two
simple waves propagating in opposite directions which do
not interact in the body of the fluid. This is the major hy-
pothesis of the simulation tool already described in Menguy
and Gilbert (2000), applied to cylindrical tubes of short
length. In the present paper it has been extended to nonuni-
form ducts, having lengths greater than realistic shock for-
mation distances, and has been used with a bass trombone
bore. The spectral enrichment of the radiated sound during
crescendos has been simulated, and the results are compa-
rable with experimental results already presented in confer-
ence (Gilbert, 2006; Gilbert et al., 2007).

While the numerical tool presented in the present paper
is promising, it must be borne in mind that many simulations
have to be carried out and compared with experimental re-
sults, in order to establish the reliability of the tool as a
predictor of the brassiness of brass instruments defined by
their bore (Myers et al., 2007).
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The use of ultrasonic sounds in alarms for gillnets may be advantageous, but the deterring effects
of ultrasound on porpoises are not well understood. Therefore a harbor porpoise in a large floating
pen was subjected to a continuous 50 kHz pure tone with a source level of 122+ 3 dB (re 1 uPa,
rms). When the test signal was switched on during test periods, the animal moved away from the
sound source. Its respiration rate was similar to that during baseline periods, when the sound was
switched off. The behavior of the porpoise was related to the sound pressure level distribution in the
pen. The sound level at the animal’s average swimming location during the test periods was
approximately 107+3 dB (re 1 wPa, rms). The avoidance threshold sound pressure level for a
continuous 50 kHz pure tone for this porpoise, in the context of this study, is estimated to be
108 =3 dB (re 1 wPa, rms). This study demonstrates that porpoises may be deterred from an area
by high frequency sounds that are not typically audible to fish and pinnipeds and would be less
likely masked by ambient noise. © 2008 Acoustical Society of America. [DOL: 10.1121/1.2874557]

PACS number(s): 43.80.Nd, 43.80.Ev, 43.80.Jz, 43.80.Lb [WWA]

I. INTRODUCTION

At present, most acoustic alarms used in fisheries to re-
duce harbor porpoise (Phocoena phocoena) bycatch have a
fundamental frequency of 11 kHz and harmonics to above
100 kHz (Kastelein et al., 2007). The fundamental frequency
and some of the harmonics can be heard by pinnipeds, and
possibly by certain fish species. Since odontocetes are the
target taxa, it may be advantageous to choose a fundamental
frequency outside the range of fish and pinniped hearing, so
above ~50 kHz. Higher frequencies suffer more attenuation
than lower frequencies, but background noise levels above
40 kHz (from sea and shipping noise) are relatively low in-
tensity, so that the alarms’ source levels (SLs) in this fre-
quency range could be relatively low, and their energy con-
sumption could be reduced. Kastelein ez al. (1997) quantified
the effects of 70 kHz sweeps and pure tone pulses on por-
poises, and found that sweeps had a stronger deterring effect
than tones. Teilmann et al. (2006) tested three 200 ms signals
between 100 and 140 kHz, produced every 4 s, and noticed
displacement of the porpoises, but the animals’ reaction de-
creased over time.
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researchteam @zonnet.nl
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Most alarms produce pulsed sounds to reduce energy
consumption. However, continuous sounds may be better de-
terrents. It is therefore important to know the effect of duty
cycle on the deterring effect of a sound signal, so that any
trade-off between effect and energy consumption can be op-
timized. It is also of applied interest to quantify the acoustic
avoidance threshold level (the boundary between the areas
that animals generally occupy during the transmission of
sounds and areas that they generally do not enter during
transmission). Knowing the avoidance threshold level can
aid in determining the effectiveness of alarms and the neces-
sary spacing between them on the net. The aim of the present
study is to determine if a continuous 50 kHz pure tone (duty
cycle 100%) can deter porpoises, and if so, to determine the
avoidance threshold level.

Il. MATERIALS AND METHODS

The study animal was a rehabilitated male harbor por-
poise (PpSHO048), which stranded in 1998. At the time of the
study the animal was around 2 years old, healthy, weighed
around 23 kg and was about 118 cm long. It was fed six
times a day. The hearing of the study animal was not inves-
tigated; the animal was not trained for a psychoacoustic hear-
ing study because it was due to be released after the current

© 2008 Acoustical Society of America
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FIG. 1. Top view of the study area, showing locations of the transducer, equipment cabin, monitoring hydrophone, and observer. The water depths at the
corners of the pen at high tides (HT) and low tides (LT) are given. The numbers in the pen indicate mean and standard deviation SPLs
(n=8 measurements per location) of the 50 kHz continuous pure tone produced by the transducer at the southern end of the pen (SL was 122+3 dB re 1 uPa
at 1 m, rms). The grey areas indicate the porpoise’s general swimming areas during the 66 baseline and 66 test periods (each grey area is based on

approximately 3500 surfacing locations).

study. However, the animal showed normal behavior (com-
pared to other rehabilitated porpoises) during the 7 months
that it was in the study area.

The porpoise was housed alone in a floating pen (34
X20 m; 3.5 m deep at the sides and 4—6 m deep in the
center depending on the tide; Fig. 1). Details of the study
area are described in Kastelein ef al. (2006). The mean water
temperature was 18 =0.7 °C (n=21), and the mean under-
water visibility (determined with a Secchi disc) was
37109 m (n=21).

The equipment used to measure the sound pressure level
(SPL) distribution of the sound stimulus and the equipment
used to measure the background noise were the same as des-
cribed in Kastelein er al. (2006). Background noise levels in
the pen were determined several times in the range
250 Hz-80 kHz and were converted to “spectrum level” (dB
re 1 uPa/|Hz; Fig. 2).

When this study was designed, only the porpoise audio-
gram by Andersen (1970) had been published. Andersen’s
hearing curve suggests that porpoise hearing starts to decline
gradually above 32 kHz. As we aimed to test the deterrent
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effect of ultrasound, we selected an ultrasound frequency
that would still be easily audible. The stimulus was a con-
tinuous sinusoidal 50 kHz signal, produced by a wave ge-
nerator (Tektronix, model FG501), an amplifier (Toellner,
model 7607), and a transducer (EDO Western Corporation,
model 6166). The transducer was lowered to a depth of
1.6 m at the center of the southern end of the floating pen
(Fig. 1). During each session the voltage output of the am-
plifier was checked with an oscilloscope (Tektronix, model
464) and the frequency was checked with a counter (Hewlett
Packard, model 5302 A).

Before the actual experiment started, a pilot study was
conducted in which the SL of the 50 kHz sound was in-
creased until the study animal reacted to it by swimming
away from the sound source. A SL of 122+3 dB (re 1 uPa
at I m, rms) was found to be the approximate threshold SL at
which the animal reacted, so during the experiment this SL
was used. The SL was calculated from the SPL measured
2 m north of the sound source (Fig. 1).

The SPL distribution in the floating pen was measured at
13 locations (with the 50 kHz tone produced at the SL of
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FIG. 2. Background noise level range in the floating pen (in dB re 1 wPa, spectrum level). Also shown are the harbor porpoise basic audiogram 50% detection
threshold level for 50 kHz tonal signals (Kastelein et al., 2002), the theoretical masked detection threshold level caused by the background noise level in the
floating pen (for calculation see the Discussion), and the avoidance threshold level for a 50 kHz continuous pure tone found in the present study.

122+3 dB re 1 wPaat 1 m, rms). The hydrophone was low-
ered to a depth of 1.6 m from the surface for all locations
(Fig. 1). The analysis of the SPL distribution in the pen was
carried out in eight samples per location of 0.3 s (bandwidth
20 Hz—-400 kHz, window type uniform, block size 240 000,
df=3.3 Hz), covering a total time period of 2.4 s. There was
a SPL gradient, but the average SPLs on the shallower west-
ern side were lower than SPLs on the deeper eastern side of
the floating pen due to sound propagation effects in the shal-
low water (Fig. 1).

At 0830 h the transducer was placed in the water (Fig.
1). Each session consisted of a 15 min baseline period (only
background noise), immediately followed by a 15 min test
period (50 kHz continuous tone transmitted). Usually three,
but sometimes four, sessions were conducted per day be-
tween 1030 and 1100, 1200 and 1230, 1330 and 1400, and
1700 and 1730 h. During the sessions, no people were al-
lowed on the pontoons, and the sound was switched on from
the equipment cabin. In total, 66 sessions were conducted
between 11 July and 3 August 1998. Sessions were carried
out under various tidal conditions, but not in rain or when the
wind speed was above Beaufort 4.

The underwater listening system, used to monitor the
audible part of the background noise during the sessions,
consisted of a hydrophone (Labforce 1 BV, model 90.02.01),
a charge amplifier (Briiel & Kjaer, model 2635), and a por-
table radio. The hydrophone was placed 1 m below the water
surface near the western side of the pen (Fig. 1).

During the baseline and test periods the locations where
the animal surfaced were plotted on a map of the pen by an
observer (Fig. 1). It was assumed that the surfacings indi-
cated the animal’s general swimming area (this was the case
when water clarity was good, and the animal could be seen
even when submerged). The following response variables
were derived from the maps: (1) the mean distance of sur-
facings from the transducer during baseline and test periods,
and (2) the number of respirations during baseline and test
periods.
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Statistical analysis was carried out on MINITAB version
14 for Windows (Ryan and Joiner, 1994). The relationships
between the response variables and the environmental pa-
rameters were investigated in initial data screening by corre-
lation analysis, and were negligible, so the environmental
parameters were not taken into account in further analysis. A
separate analysis of covariance (ANCOVA) was carried out
on each of the response variables (mean distance from trans-
ducer to porpoise, and number of respirations during each
session). The factor was the period (baseline or test). The
session number was included as a covariate, in order to in-
vestigate the possible habituation effect throughout the ex-
periment. The distances and log transformed (log 10+1)
numbers of respirations conformed well to the assumptions
of analysis of variance (Zar, 1984). A significance level of
5% was used.

lll. RESULTS

In the 66 sessions, the porpoise was on average signifi-
cantly further from the transducer during test periods than
during baseline periods (ANCOVA results for factor “pe-
riod,” DOF (degrees of freedom)=1, F=13.5, P<0.001, for
covariate “session number,” DOF=1, F=1.35, not signifi-
cant). During baseline periods, the porpoise swam in a rela-
tively small, oval area at the southern end of the pen, close to
the location of the transducer, but it moved northward when
the test signal was switched on (Fig. 1). No habituation (ex-
pressed as changes in distance to the active transducer re-
lated to the covariate session number) was observed during
the 3 week study period.

The average number of respirations in baseline periods
was similar to that in test periods (ANCOVA results for fac-
tor period, DOF=1, F=0.87, not significant, for covariate
session number, DOF=1, F=15.2, P—0.0001).

The 50 kHz signal had a deterring effect on the harbor
porpoise. When the test signal was switched on, the SPL in
the usual small swimming area of the porpoise during the
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baseline periods was estimated to be around 1133 dB (re
1 pPa, rms). In the general area where the animal swam
during test periods, the SPL was estimated to be around
107+ 3 dB (re 1 wPa, rms). Thus, a received level of around
107 dB (re 1 wPa, rms) was acceptable to this harbor por-
poise. An acoustic avoidance threshold SPL is defined as the
boundary SPL between areas that animals generally occupy
during sound emission and areas that they generally do not
enter during sound emission. Based on the SPL distribution
in the pen (Fig. 1), the avoidance threshold SPL for the
50 kHz signal (in the context of the present study, and for
this particular harbor porpoise) is thus estimated to be around
108 =3 dB (re 1 uPa, rms).

IV. DISCUSSION AND CONCLUSIONS

Only one frequency was tested because of time con-
straints: The animal had to be released at sea at the end of the
floating pen’s operational season. The pen was primarily
built for rehabilitation of stranded porpoises. However, this
study demonstrated that an ultrasonic tone can deter a harbor
porpoise from an area. It may be possible to use such an
acoustic deterrent to displace porpoises from fishing nets. A
harbor porpoise audiogram obtained after the present study
shows that porpoise hearing is more sensitive for 50 kHz
signals than for lower frequency signals (Kastelein er al.,
2002).

During both baseline and test periods, the porpoise used
only a small portion of the available space in the floating
pen. All porpoises kept in the floating pen had favorite swim-
ming locations, which varied during the season and some-
times depended on the time of day. In general, the animals
stayed away from the small pens, perhaps because most hu-
man activities took place there.

It was unexpected that the animal did not habituate to
the 50 kHz sound, even after being exposed to it 66 times.
Maybe the short duration of the test sessions (15 min fol-
lowed by at least 1 h without the test sound) prevented ha-
bituation.

To check if the porpoise could detect the 50 kHz signal,
the theoretical masked detection threshold was calculated,
using the following formula: MDT=ABN+CR-DI, in
which MDT=theoretical masked detection threshold for pure
tone signals (dB re 1 wPa), ABN=average background noise
(spectrum level: 35 dB re 1 uPa//Hz), CR=estimated por-
poise critical ratio at 50 kHz (35.8 dB), DI=porpoise direc-
tivity index at 50 kHz (7.1 dB; from Kastelein et al., 2005b).
The theoretical masked detection threshold for 50 kHz pure
tone signals under the background noise conditions during
the study is approximately 64 dB (re 1 uPa, line level). This
is well below the 107 dB (re 1 wPa, rms) received level of
the harbor porpoise in the area it occupied during the test
periods (Fig. 2). Consequently, the 50 kHz tone was not
masked by background noise during the study, and the tone
was audible to the porpoise in the entire pen.

The porpoise swam northward, away from the trans-
ducer, when the 50 kHz tone was presented in test periods.
At the SL offered, this sound therefore had a deterring effect
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on the harbor porpoise. The lack of an effect of the continu-
ous 50 kHz tone on the respiration rate suggests that the
porpoise, by swimming away, was able to go to a location in
which the SPL of the signal was comfortable (around 107 dB
re 1 uPa). The avoidance threshold SPL found in this study
is for a 50 kHz continuous pure tone, for this particular har-
bor porpoise in this particular context. Since only one animal
was available, it may be risky to extrapolate the findings of
the present study to all members of the species. The animal’s
hearing sensitivity was not investigated. In addition, age,
sex, location, experience and many other factors may influ-
ence the behavior of individuals (Kastelein er al., 2005a).
Therefore this study should be repeated in the future when
more porpoises become available for research, to investigate
whether the responses of the animal in the present study were
representative of those of its species.
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A procedure is demonstrated to quantitatively evaluate the acoustic radiation forces in microfluidic
particle manipulation chambers. Typical estimates of the acoustic pressure and the acoustic radiation
force are based on an analytical solution for a simple one-dimensional standing wave pattern. The
complexities of a typical microfluidic channel limit the usefulness of this approach. By leveraging
finite elements, and a generalized equation for the acoustic radiation force, channel designs can be
investigated in two and three dimensions. Calculations and experimental observations in this report
and the literature, confirm these claims. © 2008 Acoustical Society of America.
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I. INTRODUCTION

The motivation for this letter is to report on a modeling
approach to evaluate the acoustic radiation force field in mi-
crofluidic acoustic separation devices.' Typical solutions be-
gin with a one-dimensional approximation of the standing
wave pattern based on the wave equation and incorporate
piezoelectric effects.” However, microfluidic particle sepa-
ration and sample preparation devices usually do not have
geometries that can be easily idealized as one-dimensional
systems.“f7 Thus the accuracy of these modeling estimates
has been limited. In addition, the size and fluidic require-
ments of these systems tend to favor characteristic lengths of
the fluidic channels that are on the order of the structural
wavelengths of the operation frequency. Therefore, modeling
approaches that address the significant two- and three-
dimensional effects are necessary.

Modeling the complexity of fluid-structure-piezoelectric
systems in microfluidic settings necessitates the use of mul-
tiphysics finite element codes. Commercial codes are readily
available to address the modeling requirements. However,
the resulting solution is typically the pressure field in the
fluid and displacement field in the elastic and piezoelectric
structure.®  For complicated two- and three-dimensional
sound fields, simply locating the pressure node and antinodes
can lead to inaccurate predictions where microparticles will
migrate. Also, a useful figure of merit for evaluating design
performance is the time averaged energy density of the fluid
region, which requires estimates for the pressure and velocity
fields in the fluid.” A generalized formulation for the energy
density and the radiation force fields in two- and three-
dimensional geometries is developed.

Il. THEORETICAL FORMULATION

The solution method approaches the problem by con-
structing a finite-difference approximation of the generalized
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equation for the radiation force on a small particle (ka<<1),
in a standing wave field,>""

= 3ma*{B(V(KE,)) - (1 - y)(V(PE,))}. (1)

The force, F, is a combination of the gradients of the time-
averaged Kinetic energy, (KE,), and time-averaged potential
energy, (PE,), with, B=3(p—py)/(2p+p,) and A=p/p,.
Here, the density the fluid and particle are p, and p,, respec-
tively, and the bulk compressibility of the fluid and particle
are B, and B, respectively. If we expand the time-averaged
energy terms as a functions of pressure, and realizing that,
v(t)=1/pf" ..V p(7)dt, then without any loss of generality,
the time-averaged kinetic energy is

1 T t 1 2
(KE,) = lim— f L f ~(Vp(n)dryp dt, 2)
Tl 0 2 _o P

and the time averaged potential energy is

1 (T 1
PE)=lim— [ ——p*(t)d:. 3
(PE,) lmTfO 2pczp() (3)

T—oo

Application of Parseval’s theorem in conjunction with
second-order approximations for the spatial and temporal de-
rivatives in Eq. (2) results in a discrete approximation for the
time-averaged kinetic energy, °

2

1| | Pirin-Pits
KE), .  ~ — | | Zixhik” 7 izlLjk
< a>1,],k pr |: ZAX
5 . 2
Pijir=Pijrk
2Ay
- A 2
Pijkr1 = Pijar @
2Az ’

Similarly, the discrete time-averaged potential energy is

1 .
(PE); jx = 2p6_2|P il (5)
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The spatial indices i,j and k correspond to x, y, and z
directions and ﬁi! jk 18 the complex pressure amplitude. For
clarity the index for each frequency component correspond-
ing to each w as not been shown. Equations (4) and (5) are
combined into Eq. (1) resulting in

4ma’ B ( (KE)is1k— <KEu>i—l,j,k>

F... =
ik 3 2Ax
N ( (KE,); jr14— <KEa>i,j—1,k)
2Ay
. ( (KE,); k1 = (KEp); k-1 )
2Az
(PE,)is1,k— (PEo)ii Ak>
+ 1 _ x ar’t 3]s al’t )
( ) ( 2Ax
. <<PEa>i,j+1,k - <PEa>,»,,_1,k>
2Ay
. ( <PEa>i,/',k+12 ;iP E.)iji-1 ) (©)

Equation (6) relates the pressure field in the fluid to a
vector representing the acoustic radiation force at the loca-

tion (i,/,k). Thus given any pressure field ﬁi, o defined on a
known computational grid, the corresponding radiation force
field can be determined. Of particular use in determining the
performance of a particular geometry is the resultant time-
averaged and spatially averaged energy density

(Ep)=2 2 2 AKE,) +(PE} 4 (7)
i j ok

Equation (7) is a figure of merit, for quickly analyzing the
maximum amount of available energy that can be utilized by
the acoustic force field on small particles.

lll. MODELING AND EXPERIMENTAL SETUP

A two-dimensional numerical simulation was performed
to generate the pressure field as a function of position and

frequency, 13,-, k(o) in the fluid channel. The simulation re-
sults were obtained using ATILA, a multiphysics finite ele-
ment package.8 The code can simulate coupled fluid, elastic,
and piezoelectric effects in either one, two, or three dimen-
sions. The required elastic input parameters are based on the
bulk modulus, Poisson ratio, and density. The piezoelectric
materials require the appropriate piezoelastic coefficients,
defining a poling direction and electrical boundary condi-
tions. Figure 1 depicts a two-dimensional model of a micro-
fluidic acoustic separation device currently under investiga-
tion. The design is similar to a previously published device.'
Here, a thin layer of thickness poled PZT is bonded to the
lower surface of a silicon wafer. Fluid channels are etched
into the upper surface of the silicon layer and a glass layer is
bonded to the upper surface. The resulting encapsulated vol-
ume is where the acoustic force will interact on the flow. The
computational mesh is shown for completeness. The result-
ing pressure field P;; is calculated at a series of discrete
frequencies between 0.5 and 4.5 MHz. A 1 V drive voltage
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FIG. 1. Two-dimensional computational region for the ATILA finite element
code. The planar structure is comprised of an upper glass layer, and a silicon
wafer in the middle with a fluidic channel etched into the upper surface. The
structure is acoustically driven into resonance by a thin thickness poled PZT
layer, bonded to the bottom of the silicon wafer. The fluid flow is perpen-
dicular into the modeled plane. Dynamic flow behavior of the fluid is not
taken into account in this approximation.

was used in the finite element computation. The calculated
pressure field is then input into Egs. (4)—(7) to calculate the
channel energy density and determine the corresponding
acoustic radiation force field as functions of position and
frequency. The sign on the force is determined in part by the
material properties of the particles and the fluid. For this
analysis we are assuming soft solid particles in a “stiff” lig-
uid where (p> p,) and (B8< B,) (e.g., latex spheres in water).
Thus conventional wisdom suggests that the direction of the
force vectors will tend to migrate particles toward pressure
minimums.”

An experimental platform of the microfluidic system
was fabricated similar to published designs.I Top and bottom
views of the device are shown in Fig. 2. The device has the
same in-plane dimensions and construction as described in
Fig. 1, the working length of the channel is ~31 mm. The
PZT chip is glued to the silicon layer and driven by a single
sinusoidal voltage V(w,) where the frequency, w,, is chosen
from peak values of the calculated energy density. The am-
plitude of the experimental drive voltage was 5 V. Water
with latex microspheres (5 um in diameter and concentra-
tions ~10° ppml) are injected into the microchannel at the
inlet ports. A syringe pump is used to obtain a consistent

Top (glass side)

Inlet ports

FIG. 2. The experimental micro fluidic chip (H-bridge) test package, owing
to similar designs found in the literature. (Ref. 1). Here, the PZT is bonded
to the silicon layer and plastic surface mounted fluidic ports are used to
couple the fluid and beads from a syringe pump into the focusing channel.
The channel splits at the ends resulting in two inlet and two exit ports. A
wide variety of separation, mixing, and fractionation schemes can be real-
ized with this design.
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FIG. 3. Theoretical energy density in the water as a function of frequency
for the two-dimensional channel described in Fig. 1. The amplitude of the
drive voltage is 1 V. Several frequencies show energy densities in excess of
5% 10° J/m3. Large energy densities indicate potentially useful operating
force fields for manipulation of particles. Conversely, useful force field dis-
tributions may have small energy densities (<1 10° J/m?), thus exhibiting
weak performance and little utility.

volumetric flow rate of 0.03 ml/min through the device. As
the mixture of latex spheres and water flows through the
microchamber, the force field generated by the standing
wave pattern in the fluid concentrates the particles into re-
gions where the force vectors converge. Focused streams of
particles continue through the device and flow out the exit
ports.

IV. RESULTS

The time and spatially averaged energy density (E)) for
the two-dimensional fluid region is plotted as a function of
drive frequency f;=27w;, in Fig. 3. Several frequencies
show energy densities in excess of 5X 10° J/m?®. Large en-
ergy densities indicate potentially useful operating conditions

1.454 MHz

0.1 mm

pressure and force fields orthogonal to flow
058
s
085

AT Yy

Pressure (pa)

for manipulation of particles. However, this is not always the
case. The energy density may be quite large for a given fre-
quency, but the corresponding force field in the microchannel
is not focused. Conversely, there are regions where there is
very little energy in the fluid (implying that all of the energy
is in the elastic structure) and useful focusing fields, but the
lack of available energy precludes the efficient control of
particles.

Using Fig. 3 as a guide, two representative operating
frequencies are chosen at 1.405 and 2.9398 MHz and pre-
sented in Fig. 4. The upper image is a microscope view of
the channel through the glass substrate as the fluid and latex
spheres flow from the inlet to the exit through the standing
wave pattern in the channel. The dashed white lines corre-
spond to the channel boundaries (the right wall of the chan-
nel is obscured by a misaligned electrode on the glass). The
particles (seen here as white cloudy regions) are focused into
zones parallel with the flow direction. The bright spherical
areas, consistent in each image, are spurious reflections from
the upper surface of the glass. The lower image is the two-
dimensional numerical estimate of the pressure field, or-
thogonal to the flow direction. The acoustic radiation force
(quiver plot) is superimposed onto the pressure field to show
the relation between the focusing regions and the pressure
field.

The dark regions in the numerical results represent re-
gions of minimal pressure (nodes) in the sound field and the
light regions are pressure maximums (antinodes). The orien-
tation of the particles in the channel corresponds to half
wavelength n(\/2) (n=2 and 4) distributions across the
width of the channel. At 1.454 MHz, the pressure field and
the corresponding force field [Eq. (6)] drive the latex spheres
to the pressure minimums (nodes) of the channel, which is
consistent with observations stated in the open
literature."**” When the channel is driven at 2.939 MHz, the
nodal pattern of the pressure field and the force plots are the

2.939 MHz

Pressure (pa)

FIG. 4. (Color online) Two representative operating conditions of the microfluidic channel f=1.454 and 2.939 MHz. The upper images are a microscope view
of the channel through the glass substrate as the fluid and latex spheres flow from the inlet to the exit through the standing wave pattern in the channel. The
focused particles are the long white cloudy regions parallel to the flow. The dashed white lines indicate the actual channel walls. The lower images are the
two-dimensional numerical estimate of the pressure field from ATILA and a vector plot corresponding to the direction of the acoustic force fields calculated
from Eq. (6). Here the dark regions represent nodes in the sound field and the light regions are antinodes.
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FIG. 5. (Color online) A single node in the channel at 3.822 MHz. The
upper image is a microscope view of the channel through the glass substrate
as the fluid and latex spheres (white cloudy region) flow along the channel
under the influence of the acoustic force field. The lower image is the pres-
sure and force vector calculations from ATILA and Eq. (6).

inverse of the conventional predictions. Here the force vec-
tors are directing the latex spheres to three regions in the
fluid channel which are pressure maximums (antinodes). Fig-
ure 5 shows another example where the net forcing effect on
the particles is not obvious. Here, the channel is operating at
3.822 MHz and a single line of latex beads focused at the
center of the channel. The pressure and force plot shows that
once again the particles are being concentrated by the force
field yet, contrary to convention, at that location is a strong
pressure antinode. Clearly, the pressure field alone is not an
accurate indicator for the functionality at a given frequency.
The contribution of the velocity field, through the gradient of
the kinetic energy, improves the prediction where the par-
ticles will concentrate.

Interestingly, the one-dimensional theory predicts a
single half wavelength mode at approximately 0.75 MHz,
which has been reported as ill suited for focusing due to the
weak strength of the available radiation force.' Inspection of
Fig. 3 reveals a sharp drop in the energy density below
1 MHz for this design, which supports this observation. The
calculated half-wavelength solution based on the finite ele-
ment approximation is at 0.861 MHz, with an available en-
ergy density of approximately 200 J/m?3, which is still far
below typical useful energy densities.

V. CONCLUSIONS

A method to assess the performance and focusing capa-
bilities of microfluidic particle separation devices has been
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presented. Simple analytical approximations are not suffi-
cient to approximate the higher order modes, which may
have useful operational functionality. Modeling and experi-
ments of a typical device illustrate the complexity of the
sound field and the corresponding force fields. Two-
dimensional estimates for the pressure field and correspond-
ing force field compare well with experiments. The approach
can easily be expanded into three dimensions when charac-
teristic lengths dictate. Future work will entail calibration
and actual force estimates based on particle size and drive
voltage.
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Typically, sound speed in gases is smaller and mass density is much smaller than in liquids, resulting
in a very strong acoustic impedance contrast at a gas—liquid interface. Sound transmission through
a boundary with a strong impedance contrast is normally very weak. This paper studies the power
output of localized sound sources and acoustic power fluxes through a plane gas—liquid interface in
a layered medium. It is shown that, for low-frequency sound, a phenomenon of anomalous
transparency can occur where most of the acoustic power generated by a source in a liquid
half-space can be radiated into a gas half-space. The main physical mechanism responsible for
anomalous transparency is found to be an acoustic power transfer by inhomogeneous (evanescent)
waves in the plane-wave decomposition of the acoustic field in the liquid. The effects of a liquid’s
stratification and of guided sound propagation in the liquid on the anomalous transparency of the
gas—liquid interface are considered. Geophysical and biological implications of anomalous

transparency of water—air interface to infrasound are indicated.
© 2008 Acoustical Society of America. [DOI: 10.1121/1.2874631]

PACS number(s): 43.20.El, 43.20.Bi, 43.28.Dm, 43.30.Jx [RMW]

I. INTRODUCTION

The absolute value of the plane-wave reflection coeffi-
cient at a plane interface of two homogeneous media tends to
unity and the interface becomes a perfect reflector, when the
ratio of impedances of the two media tends to zero or infin-
ity. In acoustics, the ratio of impedances is especially large at
a gas-liquid interface as long as sound speeds in gases are
usually several times smaller, while the mass density of
gases is typically several orders of magnitude smaller than in
liquids. For instance, in the geophysically important special
case of air—water interface, under normal conditions the ratio
of the sound speed in water to that in air n=4.5, while the
ratio of the mass density of air to that of water m=0.0013.
When considering the acoustic field due to a source in a
liquid or a gas, the gas—liquid interface is usually replaced by
a perfectly reflecting (respectively, pressure release or rigid)
boundary (Ref. 1, p. 134; Ref. 2, p. 90).

Transmission of sound through an interface into a homo-
geneous half-space can be characterized by the ratio of
acoustic power radiated by the transmitted sound wave to the
source output, i.e., the total acoustic power emitted by the
source. The ratio is referred to as acoustic transparency, 7, of
the interface; O0<7<1. For a plane wave incident on the
interface from the liquid, 7 decreases steadily from 7
=4mn(m+n)~2 at normal incidence to T=0 at a zero grazing
angle (Ref. 3, p. 24). Calculations of acoustic power trans-
mission through gas-liquid interfaces, which rely on ray-
theoretical concepts, predict transmission of a small fraction
of the incident power, with the transparency of the interface
being of the order of the impedance ratio (Ref. 1, p. 143;
Ref. 4; Ref. 5, p. 134). For a source with a directivity pattern,
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which is symmetric with respect to the horizontal plane but
is otherwise arbitrary, the ray theory predicts that 7" does not
exceed 2m/n, or 0.06% for the air—water interface.

Recently, Godin® established theoretically that acoustic
power transmission through a plane interface of gas and lig-
uid homogeneous half-spaces increases dramatically, when a
point sound source is located in the liquid at a distance from
the interface that is small compared to the acoustic wave-
length. Rather counterintuitively, most of the acoustic power,
which is emitted by a shallow, low-frequency source, can be
radiated into the gaxs.6 This phenomenon of anomalous trans-
parency has been shown to be robust with respect to the
roughness of the gas-liquid interface, provided the rough-
ness height is small compared to the acoustic wavelength in
the gas and the source separation from the interface.” A por-
tion of the results reported in Ref. 6 has been rederived in a
recent paper.®

Earlier work on sound transmission through the gas—
liquid interface is briefly reviewed in Chap. 1 of Ref. 9 and
in Ref. 10. Theoretical'®™> and experimentall8’22_24’26_29
studies focused primarily on sound transmission under water
from a source in air due to the existence of powerful airborne
noise sources (such as helicopters,28 propeller-driven
aircraft,'®* and supersonic transport, including the sonic
booms it generateszz’24’25’29). The studies were motivated, in
part, by the use of airplane-generated sound for acoustic re-
mote sensing of the ocean'"* and concerns about possible
effects of the airborne sources on marine life. Deep in-
sights into sound transmission of a spherical wave through
an interface with a strong density contrast were obtained by
Brekhovskikh.>**! He considered transmitted waves at large
(compared to wavelength) lateral separations between a point
source and a receiver and showed, in particular, that when a
point source is located in a liquid close to a gas-liquid inter-
face, the geometrical (ray) component of the field in the gas

© 2008 Acoustical Society of America



is small compared to diffraction corrections associated with
evanescent plane waves emitted by the source (Ref. 30; Ref.
31, p. 302). The evanescent waves also play a key role in the
occurrence of an anomalous transparency, but the power flux
through the interface, which is responsible for the phenom-
enon, takes place at small distances of the order of acoustic
wavelength or less from the source.’

With the gas-liquid interface being acoustically trans-
parent at low frequencies, rather than an almost perfect mir-
ror as previously believed, the feasibility of acoustic commu-
nication through such an interface as well as possible
manifestations of natural underwater sound sources in the
acoustic field in the atmosphere need to be reevaluated.
However, the anomalous transparency has been
demonstrated® only for a highly idealized model of two ho-
mogeneous half-spaces in contact. In both laboratory and
geophysical settings the extent of the liquid in the direction
normal to the interface is limited by a reflective boundary
(bottom). In this paper, we investigate the influence of liquid
stratification and a reflective bottom on sound transmission
through a gas-liquid interface. To elucidate conditions of and
physical mechanisms responsible for the anomalous transpar-
ency, sound transmission from a liquid into a gas is com-
pared with transmission in the opposite direction for various
source types.

The remainder of this paper is organized as follows. The
role of inhomogeneous plane waves in sound radiation by a
point source in a homogeneous layer and in acoustic power
fluxes through the layer’s boundaries is considered in Sec. II.
The particular case of the interface of homogeneous liquid
and gas half-spaces is analyzed in Sec. III. The effects of
guided propagation are studied, and the results of Sec. II are
extended to an arbitrary stratified liquid and a liquid with a
solid bottom in Sec. IV. Section V summarizes our findings.

Il. ACOUSTIC POWER TRANSMISSION AND SOURCE
OUTPUT

Here we introduce Cartesian coordinate system R
=(x,y,z). The parameters of the medium are functions of the
coordinate z, which will be called the vertical coordinate and
is assumed to be increasing downwards. All interfaces are
parallel to the horizontal plane xy. Half-space z<<0 is occu-
pied by a light fluid (gas) with sound speed c¢; and mass
density p; (Fig. 1). Half-space z> H can be either a fluid or
an isotropic solid. Sound speed and mass density in the ho-
mogeneous dense fluid (liquid) layer 0 <z<<H are c,=nc,
pr=p;/m, respectively. We are interested in a case in which
the refraction index n>1 and the gas—liquid mass density
ratio m<<1, but first we will derive results applicable in a
general layered (i.e., one-dimensionally inhomogeneous)
medium.

Let a point source be situated at a point Ry=(0,0,z,),
0<zyp<H in the homogeneous layer. Acoustic pressure p;
due to the source in the absence of interfaces z=0 and z
=H and actual acoustic pressure p, within the layer are given
by integrals over plane waves:

pR)=(2m)"i f d’qe" v, 0i(q), (1)
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FIG. 1. (Color online) Geometry of the problem. Sound source is located at
a point (0,0,z,) in a liquid layer between a gas half-space z<<0 and a liquid
or solid half-space z> H. Plane-wave reflection coefficients at the bound-
aries z=0 and z=H of the layer are V; and V,.
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where components of the two-dimensional vector q
=(¢q1,4,,0) take all real values, ¢g=|q|; v,=(k’-¢*)"?,
Im v,=0; k;=w/c,, s=1,2; w is sound frequency, and V,(q)
and V,(q) are reflection coefficients of incident plane waves
with the wave vectors (g;,¢,,—v,) and (g,,¢,, v,) from half-
spaces z<<0 and z>H, respectively. Plane-wave spectra
Si(q) and S,(q) define the point sound source and describe
the directivity of sound radiated by the source into the lower
and upper hemispheres. Time dependence exp(—iwt) of cw is
assumed and suppressed. Being defined in Eq. (2), the sub-
script g takes values 1 or 2 in Egs. (2) and (3) depending on
the observation point location relative to the sound source.
The integral representation (1) includes homogeneous plane
waves (¢ <k,,Im v,=0) as well as inhomogeneous (evanes-
cent) plane waves (¢ >k,,Re v,=0), the amplitude of which
varies exponentially with z.

As will become clear later, source directivity, including
relative weight of homogeneous and inhomogeneous plane
waves in the spectra S;(q) and S,(q), plays a major role in
sound transmission through a gas-liquid interface. For a
monopole sound source of unit magnitude with p;=pg, po
=R, exp(ikoRy), Ro=[x*+y>+(z—20)*]"?, we have §,=S,
=1 (Ref. 9, p. 3). When §,==S,=iv,/k,, we have a vertically
oriented dipole source with p1=kglo’?p0/ﬁz. The spectra S,
=S,=iq,/k, correspond to a horizontal dipole source with
p1=k51(9p0/ dx. If the half-spaces z<<0 are homogeneous, V,
is the Fresnel reflection coefficient (Ref. 3, p. 21):

Vi=(mv, = v))/(mv, + v)). (4)

The integral representations (1) and (3) for the acoustic
field p, in a layer with reflective boundaries is obtained from
the integral representations (1) and (2) of p; by summing
contributions of plane waves with a different number of re-
flections from the boundaries, as in Ref. 3 (p. 29), and of
plane waves originally emitted into the upper and lower
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hemispheres. For a monopole (i.e., omnidirectional) source,
Eqgs. (1) and (3) reduce to a previously known result (Ref. 9,
p- 393).

We will characterize sound transmission through the in-
terface z=0 by time-averaged acoustic power flux J,; from
the layer into the half-space z<<0 and by acoustic transpar-
ency, defined as the ratio of J,; to the source output J,, i.e.,
the total acoustic power emitted by the source. In a mono-
chromatic sound field, acoustic power flux density averaged
over wave period is (Ref. 9, p. 387)

i=Qop)™ Im(p* V p). (5)

Here, the asterisk denotes complex conjugation. Integrating
the vertical component of j over the plane z=+0, from Eqgs.

(1) and (3) we obtain
Jo > | Sa(q) + S1(q) V,(g)e?inaH=0)
d=q —
47k, 1= V,(q)V,(q)e**
1- |V1|2+2i Im V,

Y

2

Jo=

X Re( )e"zzo tm v, (6)

where Jy=2/p,c, is the acoustic power radiated by the
monopole source of unit magnitude in the absence of the
interfaces z=0 and z=H. Similarly, the acoustic power flux

into half-space z>H is
Jo > | Si(q) + Sx(q) Vi(q)e*">0
Ja3= dq 2ivyH
41k, 1-Vi(q)Vy(q)e™
1=|V,*+2iImV,

%)

2

XRC( )e—z(H—Z())Im vy (7)

Acoustic pressure decreases as =1, where r= (x2+ yz)l/ 2
at r—oo (Ref. 9, p. 151), there is no power flux to infinity
within the layer 0<z<<H, and

Ji=do1+Jp3, (8)

unless propagating normal modes or surface waves are sup-
ported by the layered medium. In the latter case, the power
flux carried out to infinity within the layer 0<z<<H by
guided waves (normal modes and surface waves) should be
added to J,;+J,; to obtain J,. We will assume that, because
of energy leakage to |z| — ¢ or sound absorption at 7> H, the
amplitudes of the guided waves, if any, decrease exponen-
tially with . Then, Eq. (8) is valid regardless of the existence
of guided waves. Moreover, integrands in Egs. (1) for p,, (6)
and (7) considered as a function of ¢ have no poles at real g.
Note that, according to Eq. (8), the output of a given sound
source depends on the reflection coefficients V;, because
reflected waves affect acoustic pressure at the source loca-
tion, against which the source performs its work. In other
words, the radiation impedances of homogeneous and inho-
mogeneous environments differ (see Ref. 9, p. 396).

Equations (6)—(8) show that power fluxes are additive in
plane waves with different values of the horizontal wave
vector ¢, but not necessarily for plane waves with the same q
and opposite vertical components of the wave vector. In the
case of a homogeneous medium V;=V,=0, and from Egs.
(6) and (7), one obtains
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J
Jo = . f dz(l|52((l)|2/V2,
47Tk2 q<k2

©)

J,
Jy= Of d*q|S(q)[*v,.
47Tk2 q<k2

Hence, only homogeneous plane waves contribute to time-
averaged power fluxes; evanescent waves do not contribute
to the source output. This is not necessarily the case in an
inhomogeneous medium. Although the vertical component of
the power flux is zero in a monochromatic inhomogeneous
wave with the wave vector (¢,,q,, = i|v,|), superposition of
such inhomogeneous plane waves with opposite signs of the
vertical component of the wave vector results in a nonzero
power flux in the vertical direction, provided Im V, , #0, i.e.,
there is a phase shift between an incident and reflected eva-
nescent wave.

lll. TWO HOMOGENEOUS FLUIDS WITH A STRONG
DENSITY CONTRAST

A. Sound transmission from liquid to gas

Consider sound transmission through a plane interface
of two homogeneous fluids with sharply distinct mass densi-
ties: m<<1, and with sound speed being greater in the denser
fluid: n>1. The source output and acoustic power fluxes in
this problem are obtained from general equations of Sec. II
by letting V,=0 and using Fresnel Eq. (4) for the reflection
coefficient V. Equations (6) and (7) give

J = 2;?"'](261)’

(10)
J &’ ‘
123=4 ° f ed Si(q)e >0
ks q<ky, V2
2my 2
—Sz(q)<1——2> ,
mv2+ 1341
(h) mJy o V1|52(Q)|2
ol = _k q 20
mhy ) gk, (mvy+ 1))
(11)
2
V1|S2(Q)|

(e)_m_]O 2y — L =20y,
= gy el
Ty J ky<q<ky, M [vof* + 1

The integrals in Egs. (10) and (11) are taken over finite do-
mains and are absolutely convergent. Their numerical evalu-
ation presents no difficulty. Theoretical analysis of Egs. (10)
and (11) is simplified by the fact that all integrands are non-
negative. Only homogeneous plane waves contribute to the
power flux J,3, which is radiated to infinity within the dense
(liquid) half-space z>0. J,5 is affected by interference of
direct and reflected waves, which enters through the factor
exp(=2iv,zp) in the integrand in Eq. (10); J,5 is close to its
value in the limit m — 0, where the interface z=0 becomes a
pressure-release boundary with the reflection coefficient V;
=—1. Note that, because of the destructive interference of
direct and reflected waves, J,3 becomes very small compared
to its value in a homogeneous medium for sources with a
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FIG. 2. (Color online) Relative contribution of inhomogeneous waves into
sound transmission through a liquid—gas interface. Ratio E of acoustic
power fluxes into a uniform gas half-space from a uniform liquid half-space
due to inhomogeneous (evanescent) and homogeneous incident plane waves
is shown as a function of nondimensional source depth k,z, for various
source types: (1) monopole, (2) vertical dipole, (3) horizontal dipole, (4)
vertical-horizontal quadrupole, (5) vertical-vertical quadrupole, and (6)
horizontal-horizontal quadrupole. Mass density ratio m=0.0013 and refrac-
tion index n=4.5.

directivity pattern symmetric with respect to the horizontal
plane [S,(q)=5,(q)], when zy5— +0; Jy;=0(m?) in this limit.
In the opposite case, when z,— %, exp(—2ir,z,) becomes a
rapidly oscillating factor, and one can replace |S,e 2"2%
=Sy[1=2mvy/ (mvy+v)|> by |82+, [1-2mv,/ (mv,
+)]? in the integrand in Eq. (10). It follows then from Egs.
(9)—(11) that the source output at large z, reduces to the
output of the same source in a homogeneous fluid.

Acoustic power flux J,, into the rarified (gas) half-space
z<0 contains contributions due to homogeneous, z}i, and
inhomogeneous, J(ze]), waves. Both contributions thl),J(;l)
=0(m) and are small compared to Jj, when m<1. In the
high-frequency limit w—, one obtains 121:1(2};), when z,
# 0. The same result for J,; can be obtained by solving the
problem in the geometrical acoustics (ray) approximation
(Ref. 9, p. 18). In this approximation, J,; is independent of
source position and decreases with n. According to Snell’s
law (Ref. 3, p. 20), the interval k, <g<k; of wave numbers
in Eq. (11) corresponds to incident plane waves, which are
evanescent in the liquid half-space z>0 and become homo-
geneous (propagating) plane waves in the gas half-space z
<0 upon refraction. Incident homogeneous plane waves
upon refraction carry acoustic power in directions making
angles 0= 6, < ¢ with the normal to the interface, where &
=arcsin n~!, while incident evanescent waves are responsible
for energy flux in the directions 6<6,<m/2. Ratio E
=J(261)/ J(;i) of the contributions of the evanescent waves and
homogeneous plane waves depends on source directivity,
nondimensional distance k,z, from the source to the inter-
face, and the refraction index n. It is insensitive to the den-
sity ratio m as long as m<<1. The contribution J(;l) of the
evanescent waves decreases monotonically with k,zp; J(;l)
o« 1/kyzg at kozp>1.

When 7? is large, the domain of integration in Eq. (11) is
much larger for J(;l) than for J(zhl), and, if the dimensionless
source distance from the interface k,zyo<<1, the inhomoge-
neous plane waves provide a dominant contribution to the
energy flux into the rarified (gas) half-space (Fig. 2). For
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point multipole sources, the ratio E(zy) of power fluxes
through the interface due to inhomogeneous and homoge-
neous waves increases with the order of the multipole be-
cause plane-wave spectra of multipoles are obtained from the
spectrum of the monopole by multiplying by integer powers
of respective wave-vector components, and the relative
weight of inhomogeneous waves compared to homogeneous
ones increases with the multipole order. In particular, for
monopole and dipole sound sources we find from Eq. (11)
that E=2n’[1+O0(m+n~2)] and E=(8n*/3)[1+O(m+n~?)] in
the limit zy— +0.>>  Consider vertical-vertical (vv),
horizontal-horizontal (hh), and vertical-horizontal (vh)
quadrupole point sound sources, which generate acoustic
pressure fields p=k;>dPpy/ 0%, p=ky>dpy/ x>, and p
=k52192p0/ dxdz, respectively, in an unbounded liquid. For vv
and hh quadrupoles E=(16n%/5)[1+0O(m+n?)], while for
the vh quadrupole E=(32n%/5)[1+O(m+n"?)], according to
Eq. (11). In the important special case of air—water interface,
where n=4.5,m=1.3X 1073 under normal conditions, the
contributions of inhomogeneous waves into the acoustic
power flux into air exceed those of homogeneous waves by
more than 16, 30, and 47 dB for sufficiently shallow mono-
pole, dipole, and vh quadrupole sources in water (Fig. 2).

The acoustic power flux into the gas half-space,
[1+E(z0)]Jgi), approaches its ray-theoretical value at k,z,
>1 and steadily increases with decreasing sound frequency
or the distance z;. When n?>>1 and m<1, energy flux in
inhomogeneous waves results in a dramatic increase in
sound transmission through the interface, when the nondi-
mensional source distance from the interface, k,z,, decreases
and becomes less than unity. This phenomenon is referred to
as anomalous transparency.6

B. Sound transmission from gas to liquid

To better understand the anomalous transparency, it is
instructive to examine the variation of the acoustic field,
when a sound source approaches and then crosses the inter-
face. To be specific, consider a monochromatic source of
volume velocity (also known as volume-infusion source). It
can be visualized, for instance, as a pulsating sphere. In qui-
escent fluids the point source of volume velocity is a mono-
pole, with the pressure field in a homogeneous fluid propor-
tional to the product of the amplitude of the volume velocity
oscillations and the mass density (Ref. 9, p. 136). We further
assume that the magnitude and frequency of the monochro-
matic volume velocity created by the source are independent
of its position. (For a pulsating sphere, it means that the
mean radius of the sphere as well as the magnitude and fre-
quency of the radius oscillations are kept constant.) A source,
which generates an incident wave with acoustic pressure p
=R;" exp(ik,R,), when located in the liquid half-space (i.e.,
at z,>0), will generate an incident wave with pressure
mR;" exp(ik,R,), when located in the gas half-space (i.e., at
70<<0). Total acoustic power radiated by the source located
in an unbounded gas is mnJ,,.

When the source is located on the gas side of the gas—
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FIG. 3. (Color online) Radiation of sound into a gas by a monochromatic
source of volume velocity located near a gas—liquid interface. Acoustic
power radiated to infinity within the gas half-space is shown as a function of
nondimensional source separation k,z, from the interface for various media
parameters: (1) n=4.5, m=1.3Xx1073, (2) n=4.5, m=0.13, and (3) n=1.5,
m=1.3X1073. The source is located either in gas (z,<<0) or in liquid (z
>(). Acoustic power is normalized by the power output J, of the source in
an infinite liquid.

liquid interface, similar to a derivation in Sec. II, we find
power fluxes J;, into the liquid and J,;, which is radiated to
infinity within the gas half-space:

k 2
Ju= m_~’0J oy i=mrz | *adg.
2k2 0 Vi +muy, 141
(12)
3 2m*J, ka 1,qdq

2= kz 0 (V1+m7/2)2'

Integration in Eq. (12) for J;; is over those g values, which
correspond to homogeneous plane waves in the gas. Integra-
tion for Jy, is over a smaller range of g values, which corre-
spond to homogeneous plane waves in the liquid. With a
sound source located in a medium with lower sound speed,
unlike the case zy>0 considered earlier, inhomogeneous
waves do not contribute to the time-averaged power fluxes.
The power flux into the liquid J,=2m2Jo[1—(n?
—1)"2 arctan(n?>~1)""?]=0(m?/n?) and is independent of
the source position. The power flux J;;=0(mn), is much
larger than Ji,, oscillates with z; variation due to the inter-
ference of incident and reflected waves, and is close to its
value J;;=mnJy[1+(2k,zo)~! sin 2k,z,] in the limiting case
of a rigid boundary at z=0. The source output J;;+J»
=J[1+0(m/n)]=J,,.

Comparison of Egs. (10) and (11) (with S;=S,=1) to
Eq (12) shows that 121(Z0=+0)=J11(Z0=—0), J23(Z0=+0)
=J,(zo==-0) (Fig. 3). The continuity of the power fluxes,
which are radiated to infinity within the liquid and gas half-
spaces, when the monopole source crosses the gas—liquid
interface, is a manifestation of a more general property of
continuity of the acoustic field as a function of the position
of a source of volume velocity, which is discussed in Sec. I'V.

1870 J. Acoust. Soc. Am., Vol. 123, No. 4, April 2008

Note that, for the monopole source in liquid far from the
interface, acoustic power flux JZIQJ(zl’l):ZmJO/ (1+vm)
<J,(zg==0). Thus, the strong increase of J,;, when k,z,
>0 decreases and n?>1, can be understood as a conse-
quence of the continuity with respect to z; of the energy flux
radiated to infinity within the gas half-space. Radiation into
gas from a very shallow monopole source in liquid is the
same as from the source on the interface, which is not at-
tenuated (and in fact is enhanced) by the interface. According
to Eq. (11), the relative increase in the power flux into the
gas half-space, when k,z, goes from positive infinity to zero,
is, unlike the magnitude of the power flux, insensitive to the
mass density ratio, as long as m << 1, and is determined by the
refraction index n (Fig. 3).

C. Acoustic transparency of the interface

Transparency of the interface T(zg)=J/(J2;+J23),
when k,z,>0, and T(zg)=J,/(J,;+J2), when k,z,<0. By
definition, 0=T<1 and is generally discontinuous at z5=0.
When a monopole source is located in the gas, transparency
changes with z; only because of J;; variations, is small com-
pared to unity, and admits an estimate T=0(m/n’). When a
monopole source is located in liquid and k,zp>1, T
=0(m/n) and, when n>> 1, significantly exceeds transpar-
ency of the interface for sound incident from gas [Fig. 4(a)].
The transparency further increases when the source ap-
proaches the interface from the liquid side, and, according to
Eq. (10), differs from unity by a small quantity O(m/n%) in
the limit k,zo— +0. At 0<k,zq<<1, the transparency of the
gas-liquid interface exceeds that of an imaginary interface,
where there is no change in medium parameters (m=n=1)
and therefore T= % The dramatic increase in transparency at
small, positive k,z, is due to an increasing contribution of
inhomogeneous plane waves into J,;, discussed earlier, and a
simultaneous decrease in J,3. When the source approaches
the interface, incident and reflected waves interfere destruc-
tively, and acoustic pressure in the liquid becomes small
away from the interface: p,=O(m/n) according to Egs.
(1)—(4). The acoustic power flux radiated to infinity within
the liquid J,5(z9— +0)=0(m?/n?), see Eq. (10) where S,
=S,. For the monopole source approaching the interface
from the liquid side, the increase in the power flux into the
gas is given by a factor O(n?), while the decrease in the
source output is given by a factor O(mn) and typically ac-
counts for the larger part of the transparency increase.

Dependence of the interface transparency on source po-
sition is qualitatively similar for other source types, as illus-
trated in Figs. 4(b) and 4(c) for horizontal and vertical di-
poles. The dipole sources are understood as point sources of
external force (Ref. 9, p. 136). The amplitude and frequency
of the oscillating external force applied to the medium are
supposed to be independent of the source position. The
sources of horizontal and vertical external forces, which gen-
erate incident waves p=k;'(d/dx)Ry' exp(ik,Ry) and p
=k;'(9/ 9z)R;" exp(ik,yR,), when located in liquid, will gen-
erate incident waves pzkgl(&/ c?)c)Ra1 exp(ik;Ry) and p
=1 (9/ 9z)R," exp(ik,Ry), respectively, when located in gas
(Ref. 9, p. 136). The source output of the dipole sources is
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FIG. 4. (Color online) Acoustic transparency of a liquid—gas interface for
monochromatic sound sources of volume velocity (a) and horizontal (b) and
vertical (c) external force. The source is located either in gas (zy<<0) or in
liquid (z,>0). Transparency is shown as a function of nondimensional
source separation k,z, from the interface for various media parameters: (1)
n=4.5, m=13%X1073, (2) n=4.5, m=0.13, and (3) n=1.5, m=1.3 X 107.

Jo/3, when located in an unbounded liquid, and J/3m, when
located in an unbounded gas. For the source of the vertical
external force, acoustic power fluxes to infinity within the
liquid and gas half-spaces prove continuous with respect to
the source position. Acoustic field and power fluxes due to
the point source of the horizontal external force experience a
jump when the source crosses the interface.

For the horizontal dipole, as for the monopole and any
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source with horizontally symmetric plane-wave spectra (S,
=S,), an increase in transparency at decreasing k,zo>0 is
due to a combination of an increase in J,; (because of the
power flux in inhomogeneous plane waves) and decrease in
J, (because of the destructive interference of incident and
reflected waves). When k,z,— +0, transparency closely ap-
proaches unity: 1-T=0(m/n’). For the vertical dipole (and
any source with antisymmetric plane-wave spectra, where
S,==S8,), incident and reflected waves interfere construc-
tively, when 0 <<k,z;,<<1. Because of variation in the power
flux in inhomogeneous waves, transparency steadily in-
creases from a value O(m/n) at k,zo> 1 to a value O(mn?) at
kyzop— +0, but remains small compared to unity when m
<n3<1. As for the monopole source, interface transpar-
ency is very asymmetric, when n>> 1 (Fig. 4). The interface
is significantly more transparent for waves incident from the
liquid than for waves incident from the gas. This is because
inhomogeneous plane waves contribute only to acoustic
power transmission in the direction of decreasing sound
speed.

The asymmetry of sound transmission through the gas—
liquid interface, when the acoustic field is generated by a
spatially localized source, is in contrast to the well-known
reciprocity of plane-wave transmission coefficients. The en-
ergy transmission coefficient of a plane wave (i.e., the ratio
of normal to the interface components of the power fluxes in
incident and refracted waves) at a plane interface of homo-
geneous fluid half-spaces is the same for waves with the
same value of the horizontal wave vector q, which are inci-
dent from the different half-spaces, even when an arbitrary
stratified layer is enclosed between the half-spaces (Ref. 33;
Ref. 3, p. 128). It seems that, being valid for every plane
wave in a spectral decomposition of a field due to a localized
source, the symmetry of transmitted power fluxes should ex-
tend to arbitrary acoustic fields. The apparent contradiction is
resolved by noting that, first, the reciprocity of the transmis-
sion coefficients applies only to those plane waves that are
homogeneous in both half-spaces, and second, plane waves
with the same value of the horizontal wave vector q have
different spectral densities in plane-wave decompositions of
incident waves, when a localized source is placed in different
fluids.

Actual liquid—gas interface is typically a time-dependent
rough surface rather than a plane. For low-frequency sound,
roughness elevation 4 is small compared to other relevant
spatial scales. Assuming k,h<<1, h/zy<<1, it can be shown’
that the effect of surface roughness on sound transmission
and sound source output is negligible.

IV. SOUND SOURCE IN A WAVEGUIDE

Some of the properties of sound transmission through a
plane liquid—gas interface, discussed in Sec. III assuming
homogeneous liquid, remain valid for an arbitrarily stratified
liquid. Consider an acoustic field generated by a monochro-
matic point source of volume velocity and/or external force
in a vertically stratified fluid. The source is located at point
(0,0,z). Acoustic pressure is given by an integral (Ref. 9, p.
144; Ref. 34)
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over quasiplane waves, i.e., waves with harmonic depen-
dence exp(iq-R) on horizontal coordinates. Here A and F are
complex amplitude of the volume velocity and external force
exerted by the sound source, z-=min(z,zy), z==max(z,z),
f1. are solutions of one-dimensional reduced wave equation:

g(;af(q,z)> W - g
oz\p 0z p

iqr1(4:2)f2(¢.2>)

wa) (13)

f(g.2)=0 (14)
which satisfy conditions at z— —c0 and at z— +%° (or at the
lower boundary in the case of semi-infinite fluid), respec-
tively. Sound speed ¢ and mass density p of the fluid are
piecewise smooth functions of z. At internal interfaces z=/4,
where fluid parameters are discontinuous, the solutions of the
one-dimensional reduced wave equation satisfy the follow-
ing boundary conditions:

_h +0

=0. (15)
z=h_,-—0

1 9f(g,2)

z= h+0
fg,2)|Z S0 =0, 0 %

The conditions express continuity of acoustic pressure and
the vertical component of particle velocity at the interfaces.
The function w in Eq. (13) is defined as

w= flg.2)7 fz(q,z) —fz(q,z)ifl(q,Z)}
( ) az 7

and, according to Egs. (14) and (15), is independent of z

(Ref. 9, p. 143).

If A and F are constant (or variable but continuous when
the source crosses an interface), it immediately follows from
the integral representation (13) and the boundary conditions
(15) that acoustic pressure is a continuous function of a
source position for sources of volume velocity (monopoles)
and vertical force (vertical dipoles). Continuity of acoustic
pressure implies continuity of particle velocity and, conse-
quently, of acoustic power flux density with respect to source
position. The continuity does not take place for all sound
sources. For instance, it follows from the integral represen-
tation (13) and the first of the two boundary conditions (15)
that acoustic pressure at a given point r changes discontinu-
ously when a point source of horizontal force crosses an
interface where the mass density p(z) experiences a jump.
Ultimately, this is because tangential components of particle
velocity, unlike the normal component, are discontinuous at
an interface where the density of inviscid fluid is discontinu-
ous.

A. Anomalous transparency of a gas-stratified liquid
interface

Consider a point source of volume velocity located in a
homogeneous gas half-space above a gas—liquid interface z
=0. Because of the strong mass density contrast between the
gas and the liquid, the plane-wave reflection coefficient for
sound incident on the interface from gas is close to unity for
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all q, except for small grazing angles, where v; — 0, whether
the liquid is homogeneous or inhomogeneous. Therefore, the
acoustic field at z<<0 and, in particular, the acoustic power
flux radiated to infinity within the gas are insensitive to me-
dium stratification at z>0. Continuity of the acoustic field
with respect to source position indicates, then, that the acous-
tic power flux into gas from a shallow monopole source in
stratified liquid is essentially the same as in the case of a
horglsogeneous liquid half-space, which is considered in Sec.
1.

In particular, it is shown in Sec. III that for monopole
sound sources located in a homogeneous liquid half-space
close to its boundary with a homogeneous gas half-space,
transparency of the interface differs from unity by a small
quantity O(m). We show now that this result remains valid
for an interface of a homogeneous gas half-space with an
arbitrarily stratified dense medium. The parameter m is now
understood as the ratio of the mass density of the gas to the
value that the mass density of the liquid takes close to the
interface: m=p,/p(z=+0).

Acoustic pressure in the liquid near the interface can be
calculated with Eq. (13). For the function f; in Eq. (13) one
finds from Eq. (14) that f,(g,z)=const-exp(-iv,(q)z) at z
< 0. From the boundary conditions (15) we have

im&_fz

vi(q) dz

filq.z=0)= (g,z= +0), j=1.2. (16)

When m=0, i.e., in the case of the free boundary of a liquid,
f1(q,z=0)=0, df,(q,z=+0)/dz=b(q) #0, and generally
f>(q,z=0) #0. When 0<m <1, calculating f,(¢,z=0) from
Eq. (16), we find that

f1(q.2) =b(@z+ imvi' (@)]+ 0(*) + O(m?) (17)
for small, non-negative z. According to Eq. (17), the acoustic
effect of gas loading of a boundary of an inhomogeneous
liquid 1is, to first order, equivalent to the shift of the
free boundary by a wave-number-dependent quantity
5z=—imv{1(q). In the special case where there is a homoge-
neous liquid layer near the surface z=0, the same result can
be obtained from different considerations, which are similar
to Weston’s derivation®® of an effective depth of an under-
water waveguide with a penetrable bottom. Indeed, the
plane-wave reflection coefficient (4) from the surface for
sound in a liquid can be written as V,=—exp(-2mv;'v,)
+0(m?) and coincides, to first order in m, with the reflection
coefficient V=—exp(-2iv,8z) from a virtual pressure-release
surface located at z=0oz.

It follows from Egs. (13) and (17) that, for sufficiently
small z,>0, fj(q,zo)=0(m2‘j) and p=0(m) in both the lig-
uid and the gas. Because of the density contrast between the
two media, the acoustic power fluxes in the gas and the lig-
uid are J,O(m) and J,0(m?), respectively. Hence, transpar-
ency of the interface between a gas and an inhomogeneous
liquid T=1+0(m). The result and its derivation also hold
when a finite liquid layer 0 <z<<H overlays a solid half-
space z>H.
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B. Normal mode attenuation and sound radiation
into gas

When a sound source is located in a liquid waveguide
and is not too close to the gas-liquid interface, sound trans-
mission into the gas can be profoundly different from the
case of a homogeneous liquid half-space. Let a liquid layer
0<z<H be bounded at z=H by a perfectly reflecting sur-
face: |V,(g)|=1. In the absence of absorption, all acoustic
power emitted by the source is radiated into the gas. When
the geometry of the problem is fixed, energy flux into the gas
remains finite in the limit m — +0 unlike the case of the
interface of homogeneous gas and liquid half-spaces (Sec.
IIT), where the power flux J,; into the gas as given by Egs.
(10) and (11) is O(m). The cause of the difference can be
easily understood in terms of the number of reflections from
the interface z=0. At each reflection of a homogeneous plane
wave from the interface, a small, O(m) fraction of the power
flux in the incident wave is transmitted from the liquid into
the gas. In the case of an interface of homogeneous half-
spaces, reflected waves never return to the interface. In a
waveguide, which is infinite in x and y directions and has a
perfectly reflecting boundary at z=H, reflected waves return
to the liquid—gas interface an infinite number of times until
all acoustic power is radiated into the gas.

In reality, acoustic radiation into a gas from a source in
a liquid waveguide is limited by finite lateral dimensions of
the waveguide, sound absorption in the liquid, and acoustic
power leakage through the lower boundary. Let the liquid in
the layer 0 <<z<H have sound speed ¢,(z) and density p,(z),
and the half-space z> H be occupied by a homogeneous lig-
uid with sound speed c¢; and mass density p;. When m=0 and
¢3>min ¢,(z), the medium can support propagating normal
modes (Ref. 9, Chap. 4). Designate mode shape functions
and wave numbers ,(z) and &, n=1,2,..., &> w/cs,
Im ¢,(z)=0 (Ref. 9, Chap. 4). At horizontal distances r
>¢& ! from the source located at the point (0,0,z), acoustic
pressure in the nth normal mode is

p =B, "¢, (2)exp(i&,r), (18)

where complex amplitude B, is determined by the type and
strength of the source. When m # 0, the acoustic power flux
into the gas causes attenuation of acoustic modes in the lig-

uid. Let lZn(Z) and En be complex shape functions and wave

numbers of modes at m # 0. Both ,(z) and ,(z) tend to
zero at z— + and satisfy at z>0 the wave equation (14)

(with g=¢, and g=£,, respectively). At z=0, i,(z) satisfies
the boundary condition (16) (with q=§n), while ¢,(0)=0. To
determine mode attenuation, we multiply the reduced wave
equation for ¢, by LG, subtract the product of ¢, and the

reduced wave equation for ¢, and integrate the result over z
to obtain:

(&~ Ei)J o ihdz
0

= (Y0l Iz = U, 2) o (19)

Using the boundary conditions at z=0, for the wave-number
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perturbation 5§f11) =¢,—&, from Eq. (19) we find that

. 2
SE _ L( ‘Wn)
& 2511(£)p2(0)\ Iz / i

+o0 dz -1
x( f %F) +0(m?). (20)

0

Note that the wave-number correction is purely imaginary
when the sound speed in the gas is smaller than in the liquid.
In the special case when the layer 0 <z<<H is homogeneous,
Eg. (20) reduces to the results obtained by Tindle e al.>’ and
Chapman and Ward'” from other considerations.

Absorption of sound in a liquid can be described ap-
proximately by multiplying the sound speed by the factor
[1+ia(z)]"', =0 in the reduced wave equation. A correc-
tion to the modal wave number due to sound absorption is
(Ref. 9, p. 172)

.2 +00 =1 [+
SEY) = ﬂ(f %ﬂ> f a;fnd—zz +0(a%). (21
gn 0 p 0 pc

It is purely imaginary. To first order in m and «, contribu-
tions Eq. (20) and Eq. (21) to the imaginary part of the wave
number of a mode are additive.

Contributions of individual normal modes into the
acoustic power radiated by a source are additive (Ref. 9, p.
434). Integrating the power flux density (5) over the surface
of an infinite cylinder r=const<<1/Im E,,, for the power flux
carried from a sound source by the nth mode (18) one finds
that

- (7 Ldz
= TR E | e 22)
0

Here, mode attenuation is assumed to be weak: 0<Im En

<Re En and corrections to the mode shape function ,, due to
attenuation are neglected. A portion J(z'i) of the power flux
J™_ which is radiated into the gas, is obtained by integrating
the vertical component of the power flux density (5) in liquid
over the plane z=+0. Using the boundary condition (16) for

4, we find that

9 2

™ () ey
20px(0)vy(§,)Im E, % /=0

With the range dependence of the vertical component
of the power flux density (5) given by the factor

rlexp(=2rXIm &,), the main contribution to J(ﬁ)

from points at horizontal separation r~1/Im En>1/ Re E,,
from the source. From Egs. (20)—(23) it follows that the ratio
of the power radiated by a normal mode into the gas to the
total power carried by the mode from a sound source is in-
dependent of the source type and location and equals the
relative contribution of radiation losses 5521) to the total

J(’l) —

comes

value of the mode attenuation Im En:
T = sEVIL eV + 662]. (24)

The relation (24) between sound radiation into the gas
and different contributions to mode attenuation becomes par-
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ticularly clear in the special case when liquid in the layer O
<z<H is either homogeneous or slowly varying with the
vertical coordinate z, so that the correspondence between
normal modes and acoustic rays (see, e.g., Ref. 9, p. 205) can
be utilized. Let absorption within the layer 0 <z<H be neg-
ligible. Reflection coefficients from the layer boundaries z
=0 and z=H are V|(q) and V,(q), respectively. We assume
for definiteness that normal modes do not have turning points
(Ref. 9, p. 205) within the layer. For a normal mode to
propagate without attenuation, rays corresponding to the
mode should be totally reflected: |V,(£,)|=|V,(&,)|=1. When
reflection is not total, the rays experience relative power loss
1—|Vj(§,,) 2, j=1,2, which is assumed small, at each reflec-
tion from respective boundaries. These power losses result in
contributions [1-|V,(£,)[*]/2L(£,) to the mode attenuation

Im &,, where L(£,) is the skip distance (i.e., the spatial pe-
riod) of a ray corresponding to the normal mode. As acoustic
power carried by the mode eventually dissipates and on each
cycle the ray experiences one reflection from each boundary,
the fraction of the power radiated into the gas is

TSI = N1 = |vy(&),
(25)
N= [2 - |V1(§n)|2 - |V2(§n)|2]_1

in agreement with Eq. (24). The quantity N in Eq. (25) can
be viewed as an effective number of reflections from the
gas—liquid interface before the mode is extinguished. For the
nth normal mode, the bulk of sound radiation into the gas
occurs at horizontal separations r=L(¢,)O(N)>L(&,) from
the source. The above-presented reasoning does not depend
on the nature of the reflecting boundary at z=H and remains
unchanged if the half-space z>H is occupied by a stratified
solid rather than by a liquid.

According to Egs. (17), (24), and (25), the contribution
of the discrete spectrum of the acoustic field in a liquid
waveguide into sound transmission into the gas strongly de-
pends on mode attenuation and the source depth, which de-
termines the excitation coefficients of the normal modes. In
the important case of natural underwater acoustic
waveguides, absorption of sound in water is negligible at
frequencies below a few hundred hertz; attenuation of
bottom-interacting normal modes is dominated by energy
losses in the bottom (Ref. 2, p. 36). For normal modes with
a turning point above the bottom, the shape functions of
which are exponentially small between the turning point in
water and the bottom, mode attenuation is primarily due to
volume scattering in the water column and/or scattering on
the ocean surface, and the contribution to the mode attenua-
tion due to radiation losses into air remains negligible.”’37
Under these conditions, the acoustic power flux into air due
to the discrete spectrum of the field in the waveguide is a
small fraction (24) of the underwater power flux in the nor-
mal modes. For sufficiently deep sources (or sufficiently high
frequencies), the acoustic power flux into air due to the dis-
crete spectrum may still be large compared to the power flux
into air due to the continuous spectrum of the field, including
evanescent plane waves generated by the source. However,
the acoustic power flux into air due to normal modes is
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spread over an area on the ocean surface with a large linear
scale compared to the ray cycle length L(&,), which is in turn
large compared to the water depth and the linear scale of the
region, where the bulk of the energy is radiated into air by
inhomogeneous plane waves and steep rays emanating from
the source.

C. Three-layer waveguide

We analyze in more detail the particular case of a point
sound source in a homogeneous liquid layer 0 <z <H over-
lying a homogeneous half-space z> H, which is either liquid
or solid. Acoustic pressure in the liquid layer and power
fluxes from the layer through planes z=0 and z=H are given
by Egs. (1), (3), (4), (6), and (7). Reflection coefficients V ,
in these expressions are independent of the angle ¢ which
determines the direction of the horizontal wave vector q
=¢(cos ¢,sin ¢,0). The power flux (6) into the gas from a
source in a homogeneous liquid layer differs from the power
flux (10) and (11) from the same source in a liquid half-space
by a factor B, =|1+5,5;'V,e?"2~20)|2 in the integrand in Eq.
(6), which describes interference of plane waves radiated up-
wards with plane waves reflected once from the lower
boundary z=H, and a factor 3,=|1-V,V,e*"2H|~2 which de-
scribes the effects of multiple reflections from the bound-
aries. The factor (3, is independent of the source and receiver
positions and becomes infinite at g such that

1=V, Vet =, (26)
1V2

Equation (26) is the dispersion equation of the waveguide,
and its roots give wave numbers &, of the normal modes
(Ref. 3, p. 225; Ref. 31, p. 349). It is easy to check that, for
the waveguide we consider, Eq. (26) is equivalent to w(q)
=0 in Eq. (13).

When m=0 and H is sufficiently large, Eq. (26) has
roots at such real g=£,<w/c, that |V,(&,)|=1. Total reflec-
tion from a fluid half-space with sound speed c3>> ¢, occurs
when there is no dissipation and requires &,> w/c3. In the
case of a solid half-space with the same mass density and
speeds c;3>cp of longitudinal and transverse waves, |V,
=1 at §,> w/c;; provided that ¢53>c,. These &, values cor-
respond to homogeneous plane waves in the layer
0<z<H.”® When m>0 and there exists weak attenuation in
the half-space, the poles g=¢, of the integral representation
(13) shift from the real axis into the complex ¢ plane. The
factor B, and integrand in Eq. (6) are then finite but have
strong peaks in vicinities of g=Re §,, n=1,2,.... Because of
the location of the peaks, the waveguide parameters (wave
speeds, mass density, and wave attenuation in the half-space
and the layer thickness H), which determine the position and
height of the peaks, have a stronger effect on the contribu-
tions of the homogeneous plane waves in the liquid layer
into the power flux into the gas than on contributions due to
the inhomogeneous plane waves (cf. Figs. 5-8).

For very shallow sources with a symmetric directivity
pattern, we have B;8,=1 to leading order in the small pa-
rameter m, when k,zo<1 and S,(q)=S,(q). From Eq. (6), it
follows then that, to leading order in m, radiation into the gas
from the waveguide is the same as from a homogeneous
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FIG. 5. (Color online) Acoustic power flux into gas due to inhomogeneous
plane waves generated within a liquid layer by either a monopole [(a), (b)]
or a vertical dipole [(c), (d)] sound source. The liquid layer overlays an
homogeneous liquid [(a), (c)] or solid [(b), (d)] half-space with the follow-
ing parameters: ps3/p,=3, ¢,/c3=0.5, @=0.02, c¢,/c;3=0.33, «=0.01,
¢y/c;3=0.7, a,=0.02. Refraction index and the mass density ratio at the
gas-liquid interface are n=c,/c;=4.5 and m=p,/p,=1.3 X 1073, The nondi-
mensional liquid layer thickness is k,H=0.2 (1), 0.4 (2), 1.0 (3), and 100
(4). Acoustic power is normalized by the power flux into the gas from the
same source located away from the gas—liquid interface in an homogeneous
liquid half-space with parameters of the layer.

liquid half-space [see Figs. 5(a), 5(b), 6(a), 7, and 8]. This
property has been established earlier for a monopole sound
source from different considerations and is now extended to
arbitrary sources with a symmetric directivity pattern with
respect to the horizontal plane.
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FIG. 7. (Color online) Acoustic power flux into gas due to homogeneous
plane waves generated by a monopole sound source within a liquid layer
overlying a liquid half-space. Parameters of the liquid half-space are:
¢,/¢3=0.33 (1), 0.5 (2), and 0.75 (3); @=0.02 (solid lines) and 0.01 (dashed
lines); p3/ p,=3. The nondimensional liquid layer thickness k,H=10. Param-
eters of the liquid layer and the gas half-space as well as normalization of
the power flux are the same as in Fig. 5.

Figures 5-8, which are obtained using Egs. (4) and (6),
illustrate the effects of the boundary z=H on sound radiation
into the gas. The parameters of the liquid layer and gas,
liquid, and solid half-spaces assumed in Figs. 5-8, including
wave attenuation, are chosen to represent typical values en-
countered in problems of low-frequency sound propagation
in the ocean. When the half-space z> H is liquid, reflection
coefficient V, is given by the Fresnel equation V,=(p;3v,
—pav3) (p3a+povs), v3=(w?c37—¢?) "2, Im v3=0, which is
similar to Eq. (4). When the half-space z> H is solid,
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FIG. 6. (Color online) Acoustic power flux into gas due to homogeneous plane waves generated within a thin liquid layer by either a monopole (a) or a vertical
dipole (b) sound source. Solid (dashed) lines correspond to the half-space z>H being liquid (solid). The nondimensional liquid layer thickness is k,H=0.2
(lines 1 and 4), 0.4 (2 and 5), or 1.0 (3 and 6). Normalization of the power flux and physical parameters of the liquid layer and gas, liquid, and solid half-spaces

are the same as in Fig. 5.
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FIG. 8. (Color online) Acoustic power flux into gas due to homogeneous
plane waves generated by a monopole sound source within a liquid layer
overlying a solid half-space. Speeds and attenuation of compressional and
shear waves in the solid half-space: ¢,/c;3=0.33, 0;=0.01, ¢,/c3=0.7, «,
=0.02 (1); ¢3/¢;3=0.33, 0,=0.04, ¢,/ c3=0.7, @,=0.02 (2); ¢,/ c;3=0.33,
=0.01, ¢,/c3=0.7, @,=0.04 (3); c3/c3=0.33, ,=0.01, c,/c3=09, «,
=0.02 (4); ¢,/c3=0.25, ¢;=0.01, ¢,/c;3=0.7, @,=0.02 (5); mass density
ratio p3/ p,=3. The nondimensional liquid layer thickness k,H=10. Param-
eters of the liquid layer and the gas half-space as well as normalization of
the power flux are the same as in Fig. 5.

4u\J’n,2 —u+Qu- ntz)z/\rnl2 —u- pznf/p3\s"1 —u
2= P
414\/71,2 —u+QQu- ntz)z/v/nl2 —u+ pznf/pﬂ l-u
(27)

where u=q?/k3, m=(1+ia))cy/ cp3, n=(1+ia)c,/ ¢y ;=0
and ¢,=0 describe attenuation of compressional and shear
waves, and the imaginary part of all square roots is non-
negative (Ref. 3, p. 94).

When absorption of sound is negligible at z<<H, it is
convenient to distinguish contributions J(;? and J(;l) of homo-
geneous and inhomogeneous plane waves in the layer into
the acoustic power flux into the gas. J(Z};) and Jgel) are obtained
by limiting the domain of integration in Eq. (6) for J,; to 0
sg=<k, and k,<g=<k,, respectively. As in the case of an
interface of homogeneous gas and liquid half-spaces [see
Egs. (10) and (11)], plane waves with ¢>k, do not contrib-
ute to sound radiation into the gas. Dependencies of Jgel) on
layer thickness, distance from a point sound source to the
gas—liquid interface, type of the reflecting boundary at z=H,
and source directivity are illustrated in Fig. 5. For ](2}5), simi-
lar dependencies are illustrated in Figs. 6-—8.

For the monopole sound source in a thin liquid layer
(kyH<1), the effects of the reflecting boundary at z=H are
negligible at k,zo<<1, as expected, and reach several decibels
as the source moves further from the gas—liquid interface and
approaches the interface z=H [Figs. 5(a), 5(b), and 6(a)].
Reflection coefficients V, from liquid and solid half-spaces
have a small imaginary part and Re V,>0 for inhomoge-
neous plane waves with g=k, O(n), which make the main
contribution to J(;l). Hence, the factor 8;>1 and increases
with zy. Therefore, reflection from the interface z=H in-
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creases the power flux into the gas due to inhomogeneous
plane waves, the effect being the largest for the deepest
sources [Figs. 5(a) and 5(b)]. For the vertical dipole source,
the effect is the opposite [Figs. 5(c) and 5(d)] because of the
opposite sign of the ratio S,/S, [see Eq. (6)]. When sound
frequency and z; are fixed, the effect of the interface z=H on
J(;f rapidly decreases with H increasing [Figs. 5(a)-5(d)] be-
cause of the attenuation of inhomogeneous waves propagat-
ing from the source to the interface z=H and back to the
gas—liquid interface.

For thin layers, reflection from the boundary z=H may
increase or decrease sound transmission into the gas due to
homogeneous plane waves in the liquid, depending on con-
ditions of interference at z=+0 of the direct wave from the
source and a wave reflected once from the boundary z=H
(Fig. 6). Inhomogeneous plane waves in the liquid dominate
sound transmission into the gas from a source in a thin liquid
layer; J(;l)>J(2};), as in the case of an interface of homoge-
neous gas and liquid half-spaces.

An increase in the nondimensional layer thickness k,H
allows for larger values of k,z, and has a different effect on
J(;i) than on J(;l). For a monopole source, J(zhl) increases, when
the source moves away from the gas-liquid interface, and
exceeds J;el) . When k,H > 1, the total acoustic power radiated
into the gas, J(;i)+J(261), can be much larger for a deep source
than for a shallow one [see Figs. 5(a) and 7], unlike the case
of an interface of homogeneous gas and liquid half-spaces.
Comparison of Figs. 6—8 with Fig. 5 illustrates higher sensi-
tivity of the power flux due to homogeneous plane waves,
J(;;), to physical properties of the half-space z> H, compared
to the sensitivity of the power flux J(;I) due to inhomogeneous
plane waves. When the half-space z>H is liquid, in agree-
ment with Egs. (24) and (25), J(z}i) is larger, when sound
speed is larger and attenuation is smaller in the liquid half-
space (Fig. 7), which makes reflection from the interface z
=H stronger and the mode attenuation due to losses in the
half-space weaker. Similarly, when the half-space z>H is
solid, the contribution Jg? of the homogeneous plane waves
in the liquid layer increases, when speeds Re c;;3 and Re c;3
of the compressional and shear waves in the solid increase
and their attenuations «; and «, decrease (Fig. 8). Figure 8
shows that when the shear waves are faster than sound in the
liquid layer, J(z};) is much more sensitive to variations in shear
rather than compressional wave parameters. This can be
traced back to the higher sensitivity of the plane wave reflec-
tion coefficient (27) and mode attenuation to ¢,; and a, com-
pared to c¢;3 and «;, respectively.

Note a sharp decrease in J<2hl), the contribution of homo-
geneous plane waves in liquid into the acoustic power flux
into gas, around k,zo=8 in Fig. 8. In the case at hand, the
liquid layer supports two normal modes, attenuation of the
first mode being much smaller than that of the fundamental
mode. In the limit of attenuation tending to zero, the first and
the fundamental modes have one and zero nodes within the
liquid layer, respectively. The dip in J(zhl) occurs when the
sound source is located close to the node of the first mode.
Put differently, as a function of z, J(;? has a deep minimum
when the factor B,(q,zy)=0, i.e., plane waves radiated up-
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wards interfere destructively with plane waves reflected once
from the boundary z=H, at such q that the factor 3,(q) is at
maximum.

V. SUMMARY AND DISCUSSION

Sound transmission through the interface of a light fluid
with a small sound speed and a dense fluid with a large
sound speed, which we refer to as gas and liquid, respec-
tively, is usually weak because of the strong contrast of the
acoustic parameters of the two media. An exception to this
general rule occurs when the acoustic field is generated by a
localized, low-frequency sound source in the liquid. When a
source with small linear dimensions compared to the acous-
tic wavelength approaches a plane interface of homogeneous
gas and liquid half-spaces from the liquid side, and its dis-
tance from the interface decreases from a large value com-
pared to the wavelength to a small value compared to the
wavelength, the acoustic power flux transmitted into the gas
increases dramatically. The relative increase is insensitive to
the mass densities ratio m of the gas and the liquid and is
controlled by the refraction index n and the source type. For
point multipole sound sources of order 2!, the relative in-
crease in the power flux into gas is proportional to n*, pro-
vided m is sufficiently small, e.g., for a point monopole, a
dipole, and a quadrupole source with vertical and horizontal
axes in water, the power flux into air, when n=4.5, increases
with decreasing source depth by factors of about 40, 103, and
5% 10*, respectively.

Representation of monochromatic acoustic fields as a
superposition of quasiplane waves [i.e., waves with har-
monic dependence exp(iq-R) on horizontal coordinates] pro-
vides a convenient way to calculate and interpret sound
transmission through horizontal interfaces. For a plane hori-
zontal interface, power fluxes through the interface are addi-
tive for quasiplane waves with different projections of their
wave vectors on the horizontal plane. The increase in the
acoustic power flux into the gas is found to be due to those
source-generated inhomogeneous (evanescent) plane waves
in liquid, which become homogeneous plane waves in gas
upon refraction at the interface. The contribution of the in-
homogeneous plane waves into the transmitted power flux is
negligible, when the source is far from the interface, but
increases with decreasing source depth and, when n?>1,
overshadows the contribution of homogeneous plane waves
for sufficiently shallow sources. The dependence of the rela-
tive increase in the sound transmission into the gas, when the
nondimensional depth of a point source decreases, on the
order of a multipole source mirrors the relative weight of the
evanescent waves in the plane-wave spectra of the multipole
sources.

Transmission of acoustic energy from a compact source
through a fluid—fluid interface is found to be nonreciprocal.
Unlike the case of a single incident plane wave, for point
sources there is no symmetry between the power fluxes
transmitted from a gas into a liquid and from a liquid into a
gas. When a monochromatic source of a volume velocity, an
external force, or a force couple is located in a gas and the
source strength (i.e., the amplitude of the volume velocity,
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force, or force-moment oscillations exerted by the source) is
kept constant, the power flux transmitted through the inter-
face is independent of the source position. In other words,
the gas—liquid interface becomes anomalously transparent at
low frequencies for sound generated by compact sources in
the liquid, but not for sound generated by sources in the gas.
Ultimately, this is because inhomogeneous plane waves con-
tribute to acoustic power transmission through an interface
only in the direction of decreasing sound speed.

When a sound source is located in a liquid, which is
stratified and/or bounded by a reflective boundary, sound
transmission through a gas-liquid interface can be pro-
foundly different than in the case of a homogeneous liquid
half-space. However, certain aspects of the sound transmis-
sion process have been shown to be universal and indepen-
dent from the liquid stratification. In particular, a power flux
radiated into the gas is a continuous function of the position
of a source of volume velocity or vertical force. When the
nondimensional depth of a source of volume velocity in lig-
uid is sufficiently small, the gas—liquid interface becomes
anomalously transparent, and the ratio of acoustic power ra-
diated into the gas to the total power output of the source
differs from unity by a small quantity O(m). The phenom-
enon occurs in an arbitrarily stratified liquid, is a direct con-
sequence of the mass density ratio m being small compared
to unity, and is caused by the destructive interference of di-
rect waves and waves reflected from the gas—liquid interface.
Thus, for a monopole source at a fixed depth in liquid, al-
most all emitted energy is radiated into the gas rather than
into the liquid, as long as the sound frequency is sufficiently
low.

The magnitude of the power flux into the gas from a
given source in the liquid away from the gas-liquid interface
depends on variations of sound speed and mass density
within the liquid. The contribution of homogeneous waves in
liquid into the power flux is found to be more sensitive than
the contribution of source-generated evanescent waves to the
liquid stratification, the thickness of a liquid layer between
the gas-liquid interface and lower reflective boundary (bot-
tom) and the bottom properties, especially when the thick-
ness is of the order of the acoustic wavelength in the liquid
or greater. In the case of guided sound propagation, homo-
geneous waves can experience multiple reflections from the
gas-liquid interface. The effective number of the reflections
is determined by energy losses due to absorption and at re-
flection from the waveguide boundaries. While the bulk of
the power flux into the gas due to the evanescent waves
occurs at distances from the source of the order of the acous-
tic wavelength or the source depth, the power flux due to
homogeneous waves is distributed over a large surface area
with a linear dimension much larger than the wavelength and
the waveguide thickness. When the losses due to absorption
and at bottom reflection are small compared to radiation
losses at reflection from the gas—liquid interface, the acoustic
power flux into the gas is no longer proportional to the small
parameter m and is much larger than in the case of a homo-
geneous liquid half-space.

A different regime is typical for natural waveguides.
While the normal modes of an underwater acoustic wave-

Oleg A. Godin: Low-frequency sound transmission through an interface 1877



guide are weakly attenuated at low frequencies, bottom
losses and/or surface and volume scattering in the water col-
umn give a much larger contribution to the mode attenuation
than sound radiation into the air (Ref. 2, p. 36; Refs. 17 and
37). In terms of acoustic rays, losses from reflection from the
ocean bottom and/or attenuation in the water column over
the ray cycle length exceed by far the losses due to sound
transmission into air. Then the power flux into air due to
homogeneous waves in water is again distributed over the
surface area with large linear dimensions compared to ocean
depth and acoustic wavelength, but only a small fraction of
the power carried from the source by the homogeneous
waves is transmitted into air. In all cases, for sufficiently low
frequencies, the acoustic power flux into gas from a compact
source in liquid is dominated by the contribution of source-
generated evanescent waves in the vicinity of the source.

Our results indicate that in contrast with high-frequency
fields, low-frequency acoustic fields on opposite sides of a
gas—liquid interface are much more closely connected than
previously believed possible. Likely practical applications
are related to the air—water interface, which occupies about
two-thirds of the Earth’s surface. The anomalous transpar-
ency of the interface at low frequencies calls for reevaluation
of the possibility of acoustic communication through the
water—air interface and acoustic monitoring of physical pro-
cesses occurring under water. For instance, the transparency
of the interface at infrasonic and low acoustic frequencies
completely changes the outlook on the possible role of hear-
ing in marine birds in location of their underwater prey. Con-
tributions of underwater acoustic sources, such as collapsing
bubbles, into low-frequency acoustic noise in the tropo-
sphere and heating of the upper atmosphere due to absorp-
tion of infrasound should be compared to contributions of
sources at the ocean surface. At infrasonic frequencies of a
few tenths of a hertz, underwater explosions are located at a
fraction of the wavelength from the ocean surface and, con-
sequently, should radiate infrasound mainly into the atmo-
sphere. Combined with the ambient noise level in the atmo-
sphere being several orders of magnitude lower than in the
ocean,” such a distribution of the radiated energy between
water and air suggests that infrasonic observations in air may
be better suited for acoustic detection of powerful underwa-
ter explosions for the purposes of the Comprehensive
Nuclear-Test-Ban Treaty than observations with underwater
receivers.

An experimental verification of the theoretically pre-
dicted anomalous transparency of the gas—liquid interface for
low-frequency sound would appear to be highly desirable.
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On the sound field of a resilient disk in free space
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Radiation characteristics are calculated for a circular planar sound source in free space with a
uniform surface pressure distribution, which can be regarded as a freely suspended membrane with
zero mass and stiffness. This idealized dipole source is shown to have closed form solutions for its
far-field pressure response and radiation admittance. The latter is found to have a simple
mathematical relationship with the radiation impedance of a rigid piston in an infinite baffle. Also,
a single expansion is derived for the near-field pressure field, which degenerates to a closed form
solution on the axis of symmetry. From the normal gradient of the surface pressure, the surface
velocity is calculated. The near-field expression is then generalized to an arbitrary surface pressure
distribution. It is shown how this can be used as a simplified solution for a rigid disk in free space
or a more realistic sound source such as pre-tensioned membrane in free space with non-zero mass

and a clamped rim. © 2008 Acoustical Society of America. [DOL: 10.1121/1.2839891]

PACS number(s): 43.20.Rz, 43.20.Tb, 43.40.Dx, 43.38.Bs [JGM]

I. INTRODUCTION

The resilient disk in free space is the dipole complement
of the rigid disk in an infinite baffle. Together with a few
variants,' these are the only axisymmetric planar sources that
yield compact closed-form solutions for their axial and far-
field pressure responses and radiation impedances. Inter-
changing the boundary conditions leads to another comple-
mentary pair of axisymmetric planar sources, namely the
resilient disk in an infinite baffle and rigid disk in free space.
These are slightly more complicated, but the solutions are
also applicable to diffraction problems using Babinet’s
principle,2 as modified by Bouwkamp.3 The reason for the
extra complexity is the mixture of velocity and pressure
boundary conditions in the plane of the disk. In a baffle, the
resilient disk has a uniform driving pressure across its sur-
face and zero velocity beyond its rim. Early solutions to this
problem involved iterative methods based upon oblate sphe-
roidal wave functions.™ An alternative approach5 is to use
the King integral, which is similar to the Rayleigh() integral
except that the Green’s function in cylindrical coordinates
(which has been termed the Lamb-Sommerfeld integral) is
used, as opposed to the rotationally symmetric spherical
Green’s function. The disk velocity distribution can be rep-
resented by a trial function which itself is based upon the
solution to the free space wave equation in oblate spheroidal
coordinates.

The rigid disk in free space, conversely, has uniform
velocity across its surface and zero pressure beyond its rim,
so that a similar approach7 can be applied, but using a trial
function for the disk pressure distribution instead. Sets of
simultaneous equations are then developed and solved nu-
merically for the unknown trial function coefficients. A simi-
lar approach can also be applied to fluid-structure coupled
problems,g_]2 where neither the disk velocity nor pressure
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distributions are uniform, and so the coupled disk and free
space wave equations have to be solved simultaneously.

The simplest monopole planar source is the rigid disk
(or piston) in an infinite baffle, which has a velocity bound-
ary condition on both its face and the surrounding baffle.
Remarkably, this was first derived by Rayleigh6 before the
direct radiator loudspeaker had even been invented," yet it
has been widely accepted as a model for such when mounted
in a box near a wall or, even better, mounted directly in a
wall as commonly found in recording studios. The model is
useful in the frequency range up to the first diaphragm
breakup mode.

Unfortunately, the Rayleigh integral is not particularly
amenable to numerical calculation of the near-field pressure,
especially at high frequencies. The integrand is oscillatory
and the Green’s function is singular at the source. Hence
there has been a strong motivation to find alternative meth-
ods, especially those using fast converging expansions. A
useful review of previous literature relating to the baffled
planar piston was provided by Harris,'* which includes some
early movable origin schemes, whereby the origin of the co-
ordinate system was moved to the same radial distance as the
observation point when projected onto the plane of the radia-
tor. Later, Hasagawa et al. " moved the origin axially in front
of the radiator in order to achieve convergence in the imme-
diate near field. Recently, Mast and Yu'® have supplied an
elegant single-expansion solution in a similar manner, but
locking the origin in the same plane as the observation point.
It is shown in this paper how a similar expansion can be
obtained for the resilient disk. Also, apodized radiators have
been studied by Kelly and McGough.17

The resilient disk in free space is the simplest dipole
planar source, having a uniform driving pressure across its
face and zero pressure extending beyond its rim. It can be
used as an approximate model for unbaffled loudspeakers of
the electrostatic or planar magnetic type, in which it is as-
sumed that a perfectly uniform driving pressure is applied to
a very light flexible membrane diaphragm in free space.

© 2008 Acoustical Society of America



Walker'® pointed out that such a source is acoustically trans-
parent, in that it does not disturb the field around it, and used
this idealized model to derive the far-field on-axis pressure
response of an electrostatic loudspeaker, which provides a
useful approximation over the loudspeaker’s working range.
However, it should be noted that the model assumes a freely
suspended membrane, whereas in reality it is usually
clamped at the rim, which effectively removes the singularity
from the rim of the idealized model.

Bouwkamp3 solved the real radiation admittance (or
conductance, aka transmission coefficient), but the imaginary
radiation admittance (or susceptance) has remained hitherto
unsolved. An alternative derivation to that of Bouwkamp for
the conductance is provided here, which is based upon the
dipole version of the Kingl9 integral. Although this approach
has previously been used by Morse and Ingard,20 they did
not solve the equations for the conductance or susceptance,
but presented approximate solutions based upon an oscillat-
ing rigid sphere, together with the correct far-field expres-
sion. Here, a formal derivation is presented, using known
identities, which shows a simple relationship between the
admittance of a resilient disk and the impedance of a rigid
disk.

In Sec. II of this paper, the boundary conditions of the
problem are set out, after which a solution to the free space
wave equation using the dipole King integral is presented in
Sec. III, following the approach of Morse et al. In Sec. IV
the radiation conductance and susceptance are rigorously de-
rived and it is shown how these relate to the resistance and
reactance of a rigid disk in an infinite baffle. Some remarks
on an earlier attempt by the author to solve the susceptance
integral by symbolic computation are also included.

In Sec. V, a solution to the free space equation using the
dipole Rayleigh integral is derived, where the Green’s func-
tion is expanded using the Gegenbauer addition theorem (or
multipole expansion). This leads to a single-expansion ex-
pression for the pressure field when the distance from the
center of the disk to the observation point is greater than the
disk’s radius. A solution for a planar axisymmetric source
with an arbitrary surface pressure distribution is also in-
cluded. In Sec. VI, the paraxial pressure field is derived,
which converges in the immediate near field and is again a
single expansion, reducing to a single term, or closed-form
solution, on the axis of symmetry. From the paraxial solu-
tion, the expression for the surface-velocity distribution,
given in Sec. VII, is fairly straightforward to derive due to
the fact that the paraxial solution is in cylindrical coordi-
nates. This makes it fairly easy to take the normal derivative
of the pressure with respect to the axial ordinate at the sur-
face of the disk. Finally, in Sec. VII, the expression for the
far-field pressure is presented. Although this expression is
nothing new, it is interesting to compare the beam pattern
with that of a rigid disk and it is shown that, in the case of an
electrostatic loudspeaker, this gives the same on-axis pres-
sure as Walker’s equation.

The general aim of this paper is to provide a full set of
radiation characteristics of the resilient disk in free space and
to show that they generally have simple relationships with
those of a rigid disk in an infinite baffle.
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FIG. 1. Geometry of the disk.

Il. BOUNDARY CONDITIONS

The infinitesimally thin resilient disk shown in Fig. 1
has a radius a and lies in the w plane with its center at the
origin. Due to axial symmetry, the tangential ordinate ¢ of
the coordinate system for the observation point P can be
ignored. Hence it is simply defined, in spherical coordinates,
by the radial and azimuthal ordinates r and 6, respectively or,
in cylindrical coordinates, by the radial and axial ordinates w
and z, respectively. The infinitesimally thin membrane-like
resilient disk is assumed to be perfectly flexible, has zero
mass, and is free at its perimeter. It is driven by a uniformly
distributed harmonically varying pressure p, and thus radi-
ates sound from both sides into a homogeneous loss-free
acoustic medium. In fact, there need not be a disk present at
all and instead the driving pressure could be acting upon the
air particles directly. However, for expedience, the area over
which this driving pressure is applied shall be referred to as
a disk from here onwards. The pressure field on one side of
the xy plane is the symmetrical “negative” of that on the
other, so that

P(w,2) ==plw,-2). (1)

Consequently, there is a Dirichlet boundary condition in the
plane of the disk where these equal and opposite fields meet

pw,0)=0, a<ws o, (2)
On the front and rear surfaces of the disk, the pressures are
P, and p_, respectively, which are given by

Piwo) ==p_(wp) =pp/2, 0swy<a (3)

and k is the wave number given by k=w/c=2/\, where
is the angular frequency of excitation, p is the density of the
surrounding medium, c is the speed of sound in that medium,
and \ is the wavelength. The annotation ~denotes a harmoni-
cally time-varying quantity.

lll. SOLUTION OF THE FREE-SPACE WAVE
EQUATION

Using the dipole King integral,'9 the pressure distribu-
tion is defined by
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27 (a
pw,z) = f J (P+(wg) = p_(wy))
0 0

14
X —g(w.z Wo,Zo)‘zo=0+WodW0d¢o’ (4)

4

where the Green’s function® is defined, in cylindrical coor-
dinates, by

I ) Koiole—
g(w,zlwg,z0) = i f Jolpw)Jo(pwe) =e oldp,  (5)
7)) o
where
\;‘"kz—,u,z, O0su<k
o= .3 2 (6)
—iNu =k, u>k

and J, is the Bessel function of the first kind. Substituting
Egs. (3), (5), and (6) in Eq. (4) and integrating over the
surface of the disk yields

i~ (Jﬁ N —io:
plw,2)= 70 f Ji(pa)Jo(pw)e™ "du, (7)
0
where the following identity22 has been used

J Jo(wo)wodwy = gJ1(a,U«)- (®)
0 M

IV. RADIATION ADMITTANCE
A. Admittance as an integral expression
The disk velocity iiy(w) can be derived using the follow-

ing relationship for the normal pressure gradient:

o) = ——L5(w.)

kpC 9z 7=0+
ap “
= | Jy(pa)Jo(uw)odp. )
2kpc J
For small k, this reduces to the Weber—Schafheitlin
integralm’22

_ iapy [~
it W)|i—o= _p(;f Ji(pa)Jo(puw)pdp

2kpc J
ip 31 w?
= Po 2F1<_,_;1§_2>
2kapc 22 a
B ipoE(w?/a®) (1 w_2>_1
B mwkapc a?

ipy 2\ w? w2\ !
~o -\ )=
2kapc m)a a
(10)

where E is the complete elliptic integral of the second kind.
Hence there is a singularity at the rim. Integrating the veloc-
ity from Eq. (9) over the area of the disk provides the total

volume velocity (70 as follows:
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2w (a 2~ oo
~ a g
U= f f o(w)wdwdp= "0 f Fpa)Zdp,
0 Jo kpe Jg K

(11)

where Eq. (8) has again been used. The acoustic radiation
admittance is then given by

Uy Siiy S

Yar="—= =—= =75 (Ggl(k) — iBg(k)), (12)
Po Py 2pc
where Gy, is the normalized conductance given by
2 k \’rkZ_ MZ
Gelb) =" f ———J(pa)dp, (13)
0

By is the normalized susceptance given by
w [2 2
2 Vu -k
Br(k) =~ J ————Ji(pa)du., (14)
kJy M

and S=a? is the surface area of the disk.

B. Solution of the real integral

Substituting p=k sin § and {=ka in Eq. (13) yields

/2

2
Gr(D)=2 f %J%(g sin 6)d#, (15)

0

which, after differentiating with respect to {, gives

d /2
d—gGR(O = ZL J1({sin 6)

X (Jo(Z sin ) = Jo({ sin 0))cos’6d0.  (16)
Using the following identities™

J (¢ sin 6)Jy(Z sin 6)

2 /2
= 7—Tf cos ¢J(2¢ sin O cos p)dep (17)

0
and

J (¢ sin 6)J,(Z sin 6)

/2
=— EJ cos 3¢J,(2¢ sin 6 cos p)d (18)

m™Jo
together with?
cos ¢+ cos 3¢p=2 cos ¢ cos 2¢, (19)
Eq. (16) becomes
d 8 (™
d—gGR(é’) = ;f cos ¢ cos 2¢

0

/2
X f J1(2Z cos ¢ sin B)cos’0dbdd.  (20)
0

The integral over 6 is split into two using cos?>#=1-sin’6
and then solved with the help of the following identities:*
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cos ¢

2 1 _
fo Ji(sin 6)do= \/fﬁHl/z(lﬁ) i
cos i

/2
J,(sin O)si 20d0=\/ J sinyy_ .
fo 1(sin G)sin 32(P) = wz "

(22)

. (@D

where H,, is the Struve function and =2 cos ¢, so that

/2 .
digGR(o = %f cos ¢ cos 2¢<1,lb - Sl:;f)mﬁ. (23)

0

The integral of the first term in the bracket vanishes and
using the identity cos 2¢=2 cos’¢—1, gives

d 2 ™2 5in(2¢ cos )
o= [T ey,
4 /2
- —zf sin(2{ cos ¢)cos ¢pd . (24)
o
The first integral in Eq. (24) is differentiated to give®
sin2{cos ) J”/z
dgf cos & —————d¢=2 . cos(2£ cos ¢p)dd
= 7o(20). (25)
The second is solved using the identity22
/2
f sin(2{ cos ¢)cos pdp = §J1(2§). (26)
0
Hence
d 2
d—gGR(D = E(J Jo(2§)d§—J1(2§)), (27)

or using the product rule

d 2
£d—§GR(§) = Z(f Jo(2§)d§—f1(2§)>

d
= d—géGR(D - Gr(9). (28)

Let the solution be

D=1 Jl(zé) _ %U J0(2§)d§—.l1(2§))
_pqatsd) J1(2§ g f Jo(20)d¢. (29)
Then?
2
—QVZGR(J) =1 +J5(20) = 1,(20) - 2J(20) = 1 - 1(§ Z)’
(30)

which is the radiation resistance of a rigid disk in an infinite
baffle.”"” It can easily be seen that Egs. (29) and (30) satisfy
Eq. (28). With help from the following identity:**
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¢
fJo(ZZ)d§=f Jo(2)d{
0

=40o(20) + 7L

X11(2§)Ho(2§) - Jo(20H,(20)
5 ,

(31

the final solution is then given by

Jl (Zka)
ka

GR(ka) =1+ - 2.]0(2](0) - W(Jl(Zka)HO(Zka)

2.2

k
_ Jo(2ka)H,(2ka)) = Ta, ka<05. (32)

C. Solution of the imaginary integral
Substituting w=k sin 6 and {=ka in Eq. (14) yields

(7/2)+ie 20
BR(g) = ZiJ .
(m2)+i0 SIn 6

which, after differentiating with respect to £, gives

J(¢ sin 6)d 6, (33)

d (7/2)+ioe
—Bg(0) = 21] J, (¢ sin 6)
d¢ (m/2)+i0

X (Jo(¢ sin ) — J,({ sin 0))cos>6d 6. (34)

Using the identities of Egs. (17)—(19), Eq. (34) becomes
d 8i [(™*
—Bg())=— cos ¢ cos 2¢
dg mJo

(m/2)+ice
X f J1(2£ cos ¢ sin 0)cos®d d
(

/2)+i0
(35)
and let 7=sin @ so that
d 8 2
d—ZBR(g) =- 7—TJ0 cos ¢ cos 2¢
X f J1(2£ cos pr)Nr* — 1dtd p. (36)
1

The integral over ¢ is then solved with the help of the fol-
lowing identity:22

J T, (g7 —1dt=C(:;2¢, (37)
where /=2 cos ¢, so that
cos 2¢ cos (//
0= f Ty 4 (38)

Using the identity cos 2¢=2 cos’¢—1, gives
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cos(w)
cos ¢

Lppe [

—Zf cos(g)cos pd . (39)
)

The first integral in Eq. (39) is differentiated to give®
dg f

The second is solved using the identity22

cos(2{ cos ¢)d

/2
b=— 2f sin(2£ cos ¢)dd
cos ¢ 0

= — 7H,(22). (40)

/2
f cos(y)cos pd

0

d /2
=— (2 cos ¢)cos pdidd
d{fo fcos

d J”’Z sin(2¢ cos ¢)d _d wHy(20)  wH_(20)
S de ¢= a 4 2
(41)
Hence
d 2
d—gBR(§)= gz(J Ho(20)d{+H_ 1(2§)> (42)
or using the product rule
Z_BR(Q (J Hy(20)d{+H_ 1(25))
—i B B 43
= 7B 0~ Be(0). (43)

Let the solution be

H 2
Br({) = l(g 4 Z< f H0(2§>d§+H_1(2§))
2 Hl(zg f H,(20)d(. (44)
7l WY
Then22
4 _H,(2)

—CBR(Z) Hy(20) + Hy(20) - , (45)

d¢ 3w ¢

which is the radiation reactance of a rigid disk in an infinite
baffle.”!* It can easily be seen that Egs. (44) and (45) satisfy
Eq. (43). With help from the following identity?” (after sub-
stituting {=bx"2, v=0, and u=\=0):

ag ab 33 4
H0 Jdl="0F 11552 7). (46)

where F, is the hypergeometric function. Then, letting a
=2{ and b=, leads to
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Normalized admittance

Resilient disk
Rigid disk
Morse-Ingard approx.

0.01

0.001

0.1 1 10
ka

FIG. 2. (Color online) Normalized radiation admittances of the resilient and
rigid disks in free space.

¢
jHo(ZDd§=J H((20)d{
0

202 ( 33 )
== F.|1,1;=,=,2:= 2], 47
pELE ) 4 (47)

so that the final solution is then given by

4 H,(2k 4k 33
Bg(ka) = — — H,Cka) | —a2F3<1,1 e T k2a2>
wka ka T 22
4
~—, ka<0.5. (48)
wka

The conductance Gy and reactance By are plotted in Fig. 2,
along with the conductance and reactance of a rigid disk in
free space for comparison. A third pair of curves shows the
conductance and reactance of an oscillating sphere, used as
approximations by Morse and Ingard,”® whereby Gg(ka)
=k*a®/(1+k%a*) and Bg(ka)=(2+k%a?)/(ka+ka®). The
same results are shown as impedances in Fig. 3.

10

Rr

0.01 -

Normalized impedance

Resilient disk
Rigid disk
Morse-Ingard approx.

0.001 -

0.0001

0.1 1 10
ka

FIG. 3. (Color online) Normalized radiation impedances of the resilient and
rigid disks in free space.
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D. Relationship between a resilient disk in free space
and a rigid disk in an infinite baffle

Suppose that the radiation resistance and reactance of a
rigid disk in an infinite baffle are denoted by Ry(ka) and Xy,
respectively, then

4 ) . Ji(2ka)
d(ka)kaGR(ka) =Rp(ka) =1 T (49)
or
1
Gglka) = o f Ry(ka)d(ka) (50)
and
_d B B H,(2ka)
d(ka)kaBR(ka) = Xp(ka) = P (51)
or
1 4
Bg(ka) = g(f Xg(ka)d(ka) + 7_1') , (52)

where G and By are the radiation conductance and suscep-
tance, respectively, of a resilient disk in free space as defined
in Egs. (32) and (48). The constant of integration 4/ in Eq.
(52) comes from Eq. (44). The low-frequency asymptotic
values of disks in general are related by

Ry(baffled resilient) = Ry(baffled rigid) = k>a*/2, (53)

Xg(baffled resilient) = Xz(unbaffled resilient) = wka/4,
(54)

Gr(unbaffled rigid) = Gg(unbaffled resilient) = k*a?/6,
(55)

Bg(unbaffled rigid) = 2Bg(baffled rigid) = 37/(4ka).
(56)

E. Some remarks on the solution by symbolic
computation

This section reports an earlier attempt that had been
made to solve the susceptance integral by symbolic
computation,21 but the result contained some erroneous terms
and, without prior knowledge of the correct solution, it was
impossible to tell which terms were correct and which were
not. After substituting uw=kt in Eq. (14), the result of the

. . 21 . .
symbolic computation”’ (after gathering a few terms) is

o [ 2
Ve -1
BR(ka)=2f :
1

JA(kat)dt

22 —log(8ka) — vy

Tka

4ka 3 5
- F 1’1;_72’_;_k2 2), 57
BT 3( Pamb R 57)

which contains two erroneous negative terms. However, the
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correct form can be obtained from Eq. (52), which, after
symbolic computation, gives

4  4dka 3.5

BR(ka):%+;2F3(1,1;5,2,5;—k2a2). (58)
Admittedly this is a particularly difficult integral to compute
due to the oscillatory and slowly converging nature of the
integrand. These days, symbolic computation is fairly reli-
able, but it is always worth checking the results numerically
where possible, although in this case that is not so easy to do.
Similarly, symbolic computation®' of the integral in Eq. (50)
gives

13
Grlka)=1- 1F2<5;5,2;—k2a2>. (59)

V. NEAR-FIELD PRESSURE WHEN THE DISTANCE
FROM THE CENTER OF THE DISK TO THE
OBSERVATION POINT IS GREATER THAN THE DISK’S
RADIUS

A. Uniform pressure distribution

Using the dipole Rayleigh integral, the sound pressure at
the observation point P can be written as

pr.6) = f fo " (7lw0) P

Xg'(r, 0

Wo, Po)wodwod Py, (60)

where g’ is the normal gradient of the Green’s function, as
the surface of integration shrinks back to the disk, defined by

J
g’(”,awo’(bo)=£g(r,awo’¢o’zo) 7=0+> (61)
0
and g(r, 8w, ¢by,zo) is the Green’s function in cylindrical-
spherical ~ coordinates  defined by  g(r, 8wy, Py,z0)
= *1/(47r)), where ri=r>+wj+z5—2r(wycos ¢y sin 6
+zy cos 6). The normal gradient of the Green’s function is

then given by

1 +ikr0

g,(r’gwo’ ¢)0) =rcos 678(",0""0, ¢)0)7 (62)
0
where
—ikr
g(r, 0wy, d) = 2 (63)
mry

and r3=r2+w§—2rw0 cos ¢, sin 6. In order to expand g’, it is
first necessary to reduce it to a simpler function of g by
eliminating some of the ry terms. This can be achieved by
integrating g’ with respect to 6 as follows:

b 0 y
f ¢/ (r. 0w, )=~ £ 0 d0) (64)
so that

W COS ¢
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wo, d)O) = wo, ¢0) (65)

W COS ¢0 dae

The Green’s function of Eq. (63) can be expanded using the
following formula, which is a special case of Gegenbauer’s
addition theorem:**

E (2p + 1)h} ) (kr)
p =0

X j,(kwg) P ,(cos ¢ sin 6), (66)

Wo, ¢0) =

where j, is the spherical Bessel functlon of the first kind and
hf) is the spherical Hankel function.”* The Legendre func-
tion P, can be expanded using the following addition
theorem % (after setting one of the three angles in the original
formula to 7/2):

P, (cos ¢, sin 6)

[

= P,(0)P,(cos 6) + 22 (= 1)1P,%(0) P%(cos 6)cos qey.

g=1
(67)
Inserting Egs. (65)—(67) in Eq. (60) while noting that
cos
f €840, 4 2 sind™. (68)
+ COS @ 2

and applying the boundary condition of Eq. (3) leads to

p(r,0) = ikpo 2 (2p + DA (kr) | j,(kwo)dwy
p=0 0
X > (- P, q(O)—Pq(cos 0)sm— (69)

g=1

It is noted that P;q(x)| »>¢=0, so that the infinite limit of the
summation in ¢ can be replaced with p. Also, the even terms
in p and ¢ disappear so that

)

p(r.60) = ikﬁOEO (4p +3)hD,
ps

X (k")J Jape1(kwo)dwo&y, (cos 6), (70)
0

where

&par(cos 6) = Eé (= D70 PZZI}(COS 0). (71)
q=

Defining a new function

V(= 1)p!
T(p+(3/2))

gives  x,(cos f)=cos 6,  x3(cos 6)=(5 cos*6-3 cos 6)/2,
Xs(cos 0)=(63 cos’—70 cos>6+15 cos )/8, and x;(cos 6)
=(429 cos’6—693 cos’6+315 cos>6—35 cos #)/16. Hence it
can be shown that”

Xop+1(cos 0) = &p+1(cos 0) (72)
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(cos ) = L3 (£ 1T lp=2:+3)(cos 7720
X2p+1\COS 92p+1 = qg'TQ2p-qg+2)I'(2p-2q+2)
=P;,41(cos 6), (73)

which, after inserting Egs. (72) and (73) in Eq. (70), gives

Mg (- 1ypap+ 3 22D
N p=0 p

X f j2p+1(kW0)dW0h(22p)+1(kr)P2p+l(C0S 6) :
0

(74)

This is equivalent to an expression previously presented by
Bouwkamp,3 although no derivation was provided. A simpler
solution® than Bouwkamp’s to the integral over w, can be
written as

a
f Jopr1(kwo)dw
0

(ka >2P+2 Fy(p+1:p+2,2p+(5/2);- k2a?/4)
“ o\ 2 (p+ DI'2p +(5/2)) ’
(75)

so that, after truncating the summation limit to P, the final
expression for the pressure field becomes

5 DT+ (32) (k_a>21’+2
’pop ~ T(p+2)T(2p + (3/2))

p(r.6) =

Ka*
X 1F2<p+ Lip+22p+ 5;— T)

><hgzp)ﬂ(kr)PZpH(COS 0) (76)

This expansion converges providing r=a, and was used for
the region w =a. It is similar in form to the “outer” solution
obtained by Mast and Yu'® for the piston in an infinite baffle,
except that the current solution is an expansion of the odd
terms of the spherical Hankel and Legendre functions as op-
posed to even ones. These odd eigenfunctions are a result of
the odd boundary condition given by Eq. (1). Let an error
function be defined by

|ﬁ(r’ 0) _ﬁref(rv 6)|
|p(r,0)]

where the reference pressure is that obtained using the origi-
nal dipole Rayleigh integral or Eq. (60) with the unexpanded
Green’s function normal gradient of Eq. (62). The calcula-
tions were performed using 30 digit precision with P=4ka,
whereby P was rounded down to the nearest integer value.
This produced values of ¢ typically less than 0.00001, but
rising to around 0.1 in the immediate vicinity of the rim (r
=a and A=m/2) where convergence was slowest. At ka
=67, the expansion calculated four times faster than numeri-
cal integration. Furthermore, the calculation time for the ex-
pansion roughly doubles for every doubling of ka, whereas
for numerical integration it nearly quadruples for every dou-
bling of ka.

e(r,0) = , (77)
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B. Generalization to an arbitrary surface pressure
distribution

Let the arbitrary surface pressure distribution be defined
by the power series

ﬁ+(W0) = —ﬁ_(Wo)

M _ 2\ m+1/2
= Am<1_a—§> , 0<wy<a, (78)

where, in the case of a rigid disk in free space,7 the unknown
series coefficients gm are related to normalized coefficients
7, by A,,=7,(m+(3/2))kapciiy, or, in the case of a mem-
brane in free space,'' by A,,=7, (m+(3/2))p,/2. Inserting the
above expressions in Eq. (60) and using the identity*’

a W2 m+1/2
0 .
f (1 - ?) Japs1(kwo)dwq

0
— 2p+2
m T'(m + (3/2))p! (ka) P
"2k T(p+m+(52)T(2p +(5/2))
5 5 kK’
X\ F, p+1;p+m+5,2p+§;—T s (79)

leads to the final expression for the pressure field which is
given by

p(r.6) = 212 E

m=0  p=0

y (ka)2P+2 F( X 5 5 5 kzaz)
- + 1;p+ + -, + -
3 12\ P p+m 5 14 2 4

— 1)PT(p + (3/2)hS),  (kr) P, (cos 6)

2p+1

I'(2p +(3/2))(m +(5/2)),

kapcity, Rigid disk
X{ pcig g (80)

pi2, Membrane |

where i is the disk velocity and p; is the membrane driving
pressure.

VI. NEAR-FIELD PRESSURE PARAXIAL SOLUTION

In order to find a solution which converges up to the
face of the disk, a trick previously used by Mast and Yu'®
is to move the center of the coordinate system from the cen-
ter of the disk out to the same axial distance as the observa-
tion point. Referring to Fig. 1 the distance r, from a point
source on the disk to the observation point is rg=rj+w?
—2ryw cos ¢, sin B, where w=r sin 6, r1=\zz+w(2), and z
=rcos 6. The angle S is defined by cos B8=z/r; and sin 8
=wy/r,. Putting these new parameters in Eq. (74) gives

K0S yp(apeyt 2t O2)

p(w,z) =
P Nt T(p+1)

Jopri(kw) [T
x 72 +11/v f hg))n(krl)Psz(COS B)ridry,
Z

(81)

N
where r,=\z>+d>. Let
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_ P
- i ,
plw,2) = =23 (- 1)(4p+3)
NTTKW p=0
I'(p+(3/2))
X sz+1(kW)fzp+1, (82)
Lp+1)
where, after substituting {=kry,
kr,
74
f2[7+1 :f g))+1(§)P2p+l< g, )gdg (83)
kz

Then the following indefinite integral g, is denoted by

gaper(0) = f h§?+1<§)P2p+1(k—§>§d§, (84)
so that f5,,1=82p+1(k7,) = 82,+1(kz). When p=0, the first term
is given by

g0 = J K (§>P1( )gdg— et (85)
so that

fi= i(rie—""’a - e-"kZ) . (86)

According to Hasagawa et al.,” the remaining terms can be
determined from the following recursion formulas:

kz k
82p+1(§)+82p 19 = §h(2)(§)(P2p+1< {) Py, |< Z)),

'
(87)
g2p+1(kz) + g2p—1(kz) =0. (88)
Hence
f2p+1=_f2p—1+kruh(237)(kra)<P2p+l( ) P2p 1<rz ))
(89)

Thus the solution is given by the combination of Egs. (82),
(86), and (89), which converges for w?<a’+z>. Again, this
is essentially an odd term version of the “paraxial” expansion
obtained by Mast and Yu'® for the piston in an infinite baffle.
Toward the axis of symmetry, convergence is achieved with
fewer terms until only the first term of the expansion re-
mains, which is the closed-form axial solution. This can also
be derived directly by setting 6=0 in Eq. (63) before inte-
grating over the surface to give

r e—ikr\““‘r2+a2 . (90)
V2 +a?

7(r.0) = %(k -

For comparison, the Backhaus and Trendelenburg axial
solution® for a piston in an infinite baffle is

ﬁ(r, 0) — pcﬁo(e_ikr _ e—ik\““r2+a2) ) (9 1)

The calculations for Egs. (82), (86), and (89) were performed
using 30 digit precision for the region w<<a with P=4kw,
whereby P was rounded down to the nearest integer value.
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FIG. 4. Near-field pressure of the resilient disk in free space for ka=1, 10,

ka=6x s

0.5
FIG. 5. Near-field pressure of the rigid disk in free space for ka=1, 10, and

6.

and 6.
rigid disk in free space. The latter were calculated using Eq.

Again, this produced values of & typically of the order of
0.00001, but rising to around 0.1 in the immediate vicinity of (80) for r=a and, in the case of r<a, using similar formu-
the rim. For various values of ka, pressure fields are shown  lation to that previously derived for a membrane in free
space.

in Fig. 4 for a resilient disk in free space and in Fig. 5 for a
Tim John Mellow: Resilient disk in free space
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FIG. 6. (Color online) Normalized
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surface velocity magnitude of the re-
silient disk in free space.

0.25

w/a

VIl. SURFACE VELOCITY

Using the solutions for the near-field pressure from Eqgs.
(82), (86), and (89), the surface velocity is given by

- i d _
MO(W):k_pcd_zp(W’Z) =0+

=- LN 1pep+)
PENT p=0
I'(p+(312) , jopsi(kw)
2[; ’ (92)
'p+1) kw
where
—ika
=1-i , 93
Jo l ka (93)

fép = _fép—Z - hgzp)(ka)
X((2p + 1)P2,(0) = (2p = 1) P2, 5(0)). (94)

The magnitude and phase of the normalized velocity are
shown in Figs. 6 and 7, respectively, for various values of ka.
For small k, it can be shown to agree well with asymptotic
expression given by Eq. (10).

20

VIil. FAR-FIELD PRESSURE

A far-field expression can be derived using the usual
procedure,7’20 which involves an asymptotic version of Eq.
(62) for large r, giving

p(r.0) === 2D o). (95)
r

where D(6) is the directivity function, which is given by

2J,(ka sin 6
poy= 2itkasind o (96)
sin 6

and plotted in Fig. 8 for various values of ka. The directivity
function of a rigid disk in free space is plotted in Fig. 9 for
comparison. Since D(0)=ka, the on-axis response is simply

g 2~
ika poe_ikr

4r ’ ©7)

ﬁ(r’0)=_

which just gives a constant 6 dB/octave rising slope at all
frequencies. In the case of an electrostatic loudspeaker

ka=3
| ka=10
0 S
Phase | ka=5
(deg)
-20
FIG. 7. (Color online) Surface veloc-
-40 ity phase of the resilient disk in free
space.
-60 -
ka =1
—_—
—_—
-80 e Q|
——
—
0 0.2 0.4 0.6 0.8 1
w/a
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FIG. 8. (Color online) Normalized far-field directivity function of the resil-
ient disk in free space.
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where Ep is the polarizing voltage, d is the membrane-

electrode separation, and fin is the input static current, as-
suming that the motional current is negligible in comparison.
Substituting this in Eq. (97) yields

FIG. 9. (Color online) Normalized far-field directivity function of the rigid
disk in free space.
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which is Walker’s equation,18 albeit obtained by a slightly
different method.

IX. DISCUSSION

The results presented here are intended to provide a full
set of radiation characteristics for a fundamental axisymmet-
ric planar dipole source. Starting with the radiation admit-
tance and impedance, it can be seen from Figs. 2 and 3 that
in the case of unbaffled radiators, the rigid disk has ripples in
both the real and imaginary parts, whereas those of the resil-
ient disk are smooth almost monotonic functions, as are also
those of the oscillating rigid sphere (or Morse Ingard ap-
proximation). These are entirely consistent with the results
previously found for baffled radiators.” The solution pre-
sented for the susceptance integral contradicts a previous
statement’ made by the author that it could not be solved. At
least, that is how it seemed when trying to tackle it numeri-
cally. The integrand is strongly oscillatory and converges
more slowly than just about any other integral in fundamen-
tal sound radiation theory, due to the combination of the
singularity and acoustic short circuit at the rim. Also, an
attempt to solve it by symbolic computation gave somewhat
unexpected results as discussed in Sec. IV E.

At medium to high frequencies, the pressure field can be
divided into two regions: the Fresnel diffraction region in the
near field and the Fraunhofer diffraction region in the far
field. It is well understood that the Fresnel region is charac-
terized by complex non-propagating interference patterns,
whereas the Fraunhofer region is characterized by spheri-
cally propagating waves in a beam pattern with a strong cen-
tral lobe (Airy disk) accompanied by smaller side lobes (Airy
pattern). At higher frequencies, a third “shadow region” be-
gins to form at the surface of the radiator which is charac-
terized by plane waves in a straight beam with the same
cross section as the radiator, like a virtual transmission line
in space. It appears from Figs. 4 and 5 that this shadow
region forms more readily at lower frequencies in the case of
the resilient disk, no doubt aided by the constant pressure
distribution at the surface of the disk. At ka=61r, the pres-
sure field fluctuations in the vicinity of the rigid disk are
considerably greater than for the resilient disk. Furthermore,
the axial pressure response of a rigid disk given by Eq. (91)
has nulls, whereas the resilient disk axial response given by
Eq. (90) is oscilliatory but with decreasing magnitude to-
wards the face of the disk.

In Figs. 6 and 7, the velocity magnitude and phase dis-
tributions are generally similar in shape to those of the resil-
ient disk in an infinite baffle, except that the magnitude rises
more rapidly towards the rim due to the acoustic short circuit
there in the absence of a baffle. This is also accompanied by
increased phase shift.

Previously, the author has stated that at high frequencies
the directivity function of the resilient disk in free space does
not converge towards that of a rigid disk in an infinite
baffle.® This is not strictly true. They must converge eventu-
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ally because the only difference between them is a factor of
cos 6, which produces the classic figure-of-eight dipole pat-
tern at low frequencies. As the directivity pattern becomes
narrower, this factor has less of an effect. However, the con-
vergence is rather slow. At ka=10, the beam pattern of an
unbaffled rigid disk, shown in Fig. 9, is rather similar to that
of a baffled one, except that the latter has nulls due to the
velocity boundary conditions on both the disk and surround-
ing baffle. This can also be derived by taking the Hankel
transform of the velocity distribution in the plane of the disk,
which is a rotationally symmetric step function. By contrast,
the side lobes of the unbaffled resilient disk, shown in Fig. 8,
are somewhat smaller. This pattern also has nulls due to the
pressure boundary conditions on both the disk and surround-
ing plane.

X. CONCLUSIONS

Closed-form expressions have been derived for the ra-
diation admittance of a resilient disk in free space and these
have been shown to have a simple relationship with the ra-
diation impedance of a rigid piston in an infinite baffle. Also,
rapidly converging single expansions have been derived for
the near-field pressure and surface velocity. Furthermore, the
near-field pressure has been generalized to an arbitrary sur-
face pressure distribution, yielding a double expansion,
whereas a triple expansion was previously derived by the
author for a membrane in free space.11 Hence the solution is
now silrlnilar in form to that of the membrane in an infinite
baffle.
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An acoustic intensity-based method is proposed for the reconstruction of acoustic radiation pressure.
Unlike the traditional inverse acoustic methods, the proposed method includes the acoustic pressure
gradient as an input in addition to its simultaneous, co-located acoustic pressure in a radiated field.
As a result, the reconstruction of acoustic radiation pressure from the input acoustic data over a
portion of a surface enclosing all the acoustic sources, i.e., an open surface, becomes unique due to
the unique continuation theory of elliptic equations. Hence the method is more stable and the
reconstructed acoustic pressure is less dependable on the locations of the input acoustic data.
Furthermore, the proposed method can be applied for both inverse and forward problems up to the
minimum sphere enclosing the sources of interest. The effectiveness of the method is demonstrated
by the results of several acoustic radiation examples with single or multi-frequency source in a
two-dimensional configuration. The results from the method also show a measurable improvement
in accuracy and consistency of reconstructed acoustic radiation pressure, in particular when the

effect of the signal-to-noise ratio is included. © 2008 Acoustical Society of America.
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I. INTRODUCTION

Several prominent inverse acoustic methods have been
developed for the near-field acoustic holograph (NAH).'™'°
These methods can be classified into three categories: (1)
Fourier acoustics, (2) the inverse boundary element methods
(IBEMs), and (3) the Helmholtz equation least squares
(HELS) method. Among these traditional inverse methods,
the acoustic pressure measurement by itself is considered as
the input of the inverse methods. The solution of these in-
verse methods, therefore, is not unique unless the input
acoustic pressure is provided over a surface enclosing all the
acoustic sources, i.e., a closed surface."™ As a result, the
effectiveness of these methods weakens when the input
acoustic pressure is only available over a portion of a closed
surface (i.e., open surface). In many engineering applica-
tions, however, the acoustic pressure measurement over a
closed surface is often infeasible or impossible, in particular
for the far-field measurement. Therefore, there is a need to
improve the accuracy and consistency of the inverse methods
especially in the case where the input acoustic data are only
available over an open surface.

Recently, with the advent of new signal processing tech-
niques and the advances in transducer technology, acoustic
intensity measurement devices have been improved to make
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them more reliable, accurate, and compact.14 Using these
devices, the acoustic intensity as well as simultaneous, co-
located acoustic pressure can be evaluated. The acoustic
pressure gradient can thus be derived along a given axis, e.g.,
the axis of a microphone pair.

Motivated by the advances in acoustic measurement
technology and the NAH methods, especially the HELS
method, an acoustic intensity-based method (AIBM) is pro-
posed for the accurate reconstruction of the acoustic radia-
tion pressure in both the near and far fields. The method uses
the acoustic pressure gradient and its simultaneous pressure
as the input acoustic data for the calculations.

Because of the addition of the acoustic pressure gradient
in the input acoustic data, the solution of the AIBM becomes
unique with the input given over an open surface. However,
the solution is not stable since it is a Cauchy problem for
Helmholz equation. Mathematically, this instability comes
from the highly oscillatory modes. By carefully removing
these modes, the AIBM, compared with the traditional in-
verse methods, could provide a measurable improvement in
terms of accuracy and consistency of the reconstructed
acoustic pressure. The objectives of the current study are
twofold (1) developing, numerically implementing and veri-
fying the AIBM and (2) demonstrating the advantages, effec-
tiveness and potential of the AIBM for engineering applica-
tions.

The paper is organized as follows. The mathematical
and numerical formulations of the AIBM are discussed in
Sec. II. The exact mathematical solution of the Helmholz
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equation is approximated by finite linear combinations of
basis functions. The numerical formulation and implementa-
tion are developed to effectively determine the coefficients of
these basis functions by the method with an input of acoustic
pressure and its derivative of a given direction. In Sec. III,
three numerical examples of acoustic radiations from either
single or multi-frequency acoustic source are presented and
verified. The advantages of the AIBM over a traditional in-
verse method are demonstrated. Furthermore, the sensitivity
of the AIBM to random noises with various signal-to-noise
ratios (SNRs) in the input acoustic data is examined and
analyzed. The concluding remarks are drawn in Sec. IV.

Il. MATHEMATICAL AND NUMERICAL
FORMULATIONS

A. Mathematical formulation

The acoustic pressure field P in the frequency domain is
governed by the Helmholtz equation

VZP+kP=0, in Q=R*\Q,,, (1)

where (), is a bounded domain in R? containing all acoustic
sources, k=w/c is the wave number with the angular fre-
quency o and the speed of sound c. If the standard polar
coordinates are used in a two-dimensional (2D) configura-
tion, Eq. (1) can be written as

Q 19P 1 &P

+——+5—+k*P=0,
arr  rar rPof

in Q=R2\Q,;,. (2)

With the Sommerfeld radiation condition

limr"2[9,P(r, ) — ikP(r,6) = 0],

the solution of Equation (2) can be written as'>10
P(r,0) = >, (a, cos n+ b, sin n6)H,(kr), (3)

n=0

where H,, is the nth-order Hankel function of the second
kind. In order to obtain a solution from Eq. (3), it is neces-
sary to determine the coefficients a, and b,. These coeffi-
cients are determined by matching the assumed form of the
solution to the input acoustic pressure in the HELS method.®
Strictly speaking the solution is unique only if the input
acoustic pressure is made on a boundary I" which encloses
all the acoustic sources in the domain €). The acoustic pres-
sure measurement on the boundary I" is usually impractical
or infeasible for engineering applications. In practice, the
input acoustic pressure is only available on a number of seg-
ments of the boundary, I'; (an open surface, see Fig. 1).

Although the AIBM could be implemented in various
inverse acoustic methods, it is formulated here similar to that
of the HELS.® It will be demonstrated later that when the
input acoustic data are given over an open surface the AIBM
strengthens the HELS method, and improves its mathemati-
cal well posedness and practical applicability.

In the AIBM, both the acoustic pressure and its co-
located derivative (normal to I'}) on the boundary I'; are
considered as the input acoustic data for the reconstruction of
acoustic radiation pressure in the domain (). With the pres-
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FIG. 1. Acoustic radiation field with input acoustic data locations.

sure derivative boundary condition as an additional input, the
uniqueness of the reconstructed acoustic pressure solution is
guaranteed from the unique continuation theory of elliptic
equations.n’13 In the AIBM, the partial boundary value prob-
lem for acoustic radiation pressure is defined as

V2P +k*P=0, in Q=R*\Q,

m»

: 172 . —
P|r1=g1,8,,P Fl:gz, }Blolcr [ﬁrP(rva)_lkP(rse)]_O’

(4)

where v is the outward normal to the boundary I'}, g, is the
acoustic pressure and g, is the acoustic pressure derivative
normal to I';. The solution can then be expressed as Eq. (3)
on and outside the minimum sphere, which encloses all the
acoustic sources under consideration. It is worth mentioning
that the boundary I'; where the input acoustic data are pro-
vided needs to be outside of the minimum sphere.

Although this partial boundary value problem is unique,
it is not stable. Small variations in g; and g, may lead to
large differences in the solution P. In the following section,
the numerical techniques and schemes are described for solv-
ing this partial boundary value problem. The stability condi-
tions and other restrictions of the numerical formulation and
implementation are discussed in details.

B. Numerical formulation

In the current study, the numerical solution of Eq. (4) is
being sought by the following three steps.

(a) Instead of using the infinite summation in Eq. (3), the
exact solution of Eq. (4) is approximated by a finite sum-
mation, i.e.,

N
P(r,0) ~ ayHy(kr) + > (a,cosnf+b, sinn6)H,(kr),

n=1
(5

where N is a suitable integer. The choice for N will be dis-
cussed later in the section. In the AIBM, the solution P is
achieved by obtaining the coefficients a, and b,. The coeffi-
cients are numerically determined by matching the assumed
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form of the solution to the input acoustic data, g, and g, over

the boundary I';. One obvious restriction of N is that the

number of coefficients (2N+1) to be determined must be less

than the number of the input data over I';.

(b) In order to determine the coefficients a,, and b, numeri-
cally, an accurate and efficient method must be devel-
oped to evaluate each H,. When kr is relatively large, the
first Q terms in the asymptotic expansion of Hy(kr)" are
used in the current numerical calculation

HO(kr) ~ Ho,Q(kr) = \/%e—i(kr—%)

[ 2( l){](1/2) (1/2) ]’ kr— o0 |

! (2ikr)?
(6)

where (1/2),=1/2(1+1/2)...(qg=1+1/2). It can be shown
that the order of accuracy established in the above approxi-
mation is of order O(ov(2kr?). It is also noted that the error
generated by the approximation would become unacceptable
when Q is much larger than 2kr. Since the accuracy of the
method depends on a good approximation of the Hankel
functions, the restriction of Q=< 1.5kr is used. For the ap-
proximation of other H,, the recurrence relation for H, is
employed. Because of the initial error of O(1/r2), N has to
be restricted to prevent the propagation of the errors for H,,.
From a careful analysis, N should be less than 2kr to ensure
that the error for H, is also in the order of O(1/r9). In
addition, since the partial boundary value problem, Eq. (4), is
not stable due to the presence of functions for large index n
in Eq. (5), a proper limit on the upper bound of n is needed
to control the solution instability.

When kr is relatively small, one can use the expansion
of Hy(kr) for r—0, or a higher order numerical integration
method to evaluate Hy(kr). Other H, can be obtained again
by the recurrence relation.

In the current numerical calculation, a relatively large kr
(e.g., kr=06) is considered and the above asymptotic expan-
sion formulation is used. Thus, the definition of the mini-
mum sphere in terms of the numerical solution of P needs to
be extended beyond enclosing all the acoustic sources. For a
given wave number k, the radius of the minimum sphere, r,,,
is given by, e.g., r,,=6/k. The numerical solution is valid on
and outside the minimum sphere.

(c) After the evaluation of the Hankel functions, a suitable
optimization method is used to determine the coefficients
a, and b, in Eq. (5) for the partial boundary value prob-
lem [Eq. (4)]. The simplest method is the least squares
technique. Because of the underlying partial differential
equation and the particular basis functions used in this
calculation, some numerical techniques are introduced to
improve the condition numbers of the numerical
schemes.
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C. Numerical implementation

If the input acoustic data, g, (acoustic pressure) and g,
(acoustic pressure derivative normal to I'}), are known at M
discrete points (r,8,),...,(ry,6,) over the boundary I';,
the linear system for the coefficients a, and b,, is given by the
following 2M equations:

N
aoH, o(kr;) + > (a, cos nb;+ b, sinn)H, o(kr))

n=1

=g1(r],9]), j=1,...,M (7)

N
ayd,Hy o(kr;) + > d(a, cos né
n=1

+ b, sin nG)Hn’Q(kr)],jﬁj =g,(r0), j=1,....M
(8)

The above system can be expressed in a matrix form as Ax
=B, where

.xz[ao, ...,aN,bl, ...,bN]T, (9)

.&2(rys 0M)]T
(10)

Bz[gl(rlsel)’ 3gl(rMa 0M)9g2(r1301)’

and A=(A,,A,)7, A, corresponds to g, and A, corresponds to
g». The vector coefficients x can be determined by minimiz-
ing ||[Ax—B| directly for a choice of norm |-|. However,
when r;=r,=...=r,, i.e., the input acoustic data is pre-
scribed on a circular segment, it is well known that
d,H, o(kr)=3d,H, o(kr)=ikH, o(kr)+Q(1/(kr)) and therefore
the matrix A,~ikA, for a large r. In many cases, this will
result in a large condition number for the system Ax=B, and
more importantly, this proportionality between A, and A,
will not allow us to take the full advantage of the additional
input acoustic data g,.

To overcome this difficulty, the original system is first
modified as follows:

I O
kr(A2 - lkAl) kr(g2 - lkgl)

Then, to further improve the condition number for the linear
system, the coefficients vector x is replaced by the vector y
defined as

y= (a(]H(),alHl, ,aNHN,blHl, ,bNHN)T. (12)

The new linear system for the vector y has much simpler
matrix forms

D1> _( 81 )
(Dz - kr(g,—ikg,) )’ (13)

where
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1 cos 6, cos N@; sin 6, sin N6,
1 cos 6, cos N#, sin 6, sin N6,
Dl = . . . . . )

1 cos 6y, cos N6, sin 6y, sin N6y,
Ey, Ecos 6 Eycos N6, E;sin 6,
E, E;cos 6, Eycos N6, Ejsin 6,

Dy=1 . : : :

E, E,cos 6y Eycos N6y, Ejsin 6y

and E ]=[H]’ (kr)/ H(kr)]~ik, E; can be obtained easily from
a recurrence relation.

The least squares method that minimizes the standard L2
norm ||Dy—B)| is used to determine the vector y, which in
turn gives values of the coefficients a, and b,. In the current
numerical study, it is observed that, although some regular-
ization methods may be needed to improve the stability of
the system for large N, they are not necessary for relatively
small N. Based on the analysis given in Sec. II B (N<2kr),
N is initialized within a given range of 2-12. The recon-
structed solutions of acoustic radiation pressure for various N
are compared with the input acoustic data given on the
boundary I';. The total error at all the input points is then
computed for each N. The optimum N within the given range
is determined from the minimum overall error. The recon-
struction of the acoustic field is then carried out using the
optimum N.

It should be pointed out that without the addition of the
pressure gradient to the input acoustic data the reconstructed
acoustic pressure could not be unique if only P|1“1 is speci-
fied. For example, let ();, be the unit disk centered at the
origin and all the acoustic sources are enclosed by the unit
circle, the acoustic pressure should then satisfy the following
equation:

agHo(k) + X, (a, cos nf+ b, sin n0)H, (k) = g(6),

n=1
0 < [0,m] (16)

if the upper half boundary of the unit circle (0<6#<m) is
considered as the boundary I';. It is well known that a,, and
b, are not unique from the Fourier analysis. Especially g(6)
has always a cosine expansion for #e[0,], i.e., b;=b,
=...=0. It is therefore impossible to predict solutions for 6
e (m,2m).

lll. NUMERICAL RESULTS AND DISCUSSIONS

Numerical examples are considered in this section for
the purposes of: (1) verifying the AIBM and indicating the
advantages of the method, (2) discussing the effects of the
signal-to-noise ratio, and (3) demonstrating the potential of
using the AIBM to reconstruct the acoustic radiation field for
engineering applications.
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(14)
Eysin N6,
EN sin N02
. kr (15)
Eysin N6y,
[
TABLE I. The strength and distribution of the acoustic sources.
Ay(W/m?) x (m) y (m)
1.00 0.30 0.60
-1.00 -0.10 0.60
le I
Quadrupole 1.00 ~0.10 0.20
-1.00 0.30 0.20
-1.20 0.49 -0.12
1.20 0.20 -0.20
Quadrupole IT ~120 028 ~0.49
1.20 0.57 -0.41
Divol —0.80 —0.54 —0.16
tpote 0.80 -0.78 ~045
Monopole 0.90 —0.58 0.58

A. Verification and advantages of AIBM

The example used here is formulated by the acoustic
radiation from a combination of one monopole, one dipole,
and two quadrupoles in a two-dimensional domain. The
acoustic pressure generated by a dipole and quadrupole
source can be expressed as a summation of the pressure gen-
erated by a monopole, i.e., P(r,0) =% (Ao);Hy(kR;), where
A, is the strength of the monopole and R is the distance
between a field point and the monopole source. A dipole (L
=2) consists of two monopole sources separated by a small
distance compared with the wavelength of acoustic radiation.
In the frequency domain the strengths of these two mono-
poles are of equal amplitude but opposite sign. A quadrupole
(L=4) is made of two opposite dipoles. The strengths and
locations of these acoustic sources used in this example are
given in Table I. The acoustic sources are enclosed in the
circle of radius r=1 m. The wavenumber of the sources is
considered as k=2 m™~! and the minimum sphere is then cho-
sen as the circle of radius r,=3 m (see discussions on the
size of the minimum sphere in Sec. II). The label P(r,6)
used in the figures of the paper denotes the real part of the
acoustic pressure in the frequency domain. The units used for
r and 6 are the meter and the radian, respectively. The recon-
struction of acoustic radiation pressure is carried out on and
outside the minimum sphere. The input acoustic data are
given at two circular (or straight line) segments. The sche-
matic diagram of the acoustic sources and each input seg-
ment’s location is given in Fig. 2. The starting and ending
point coordinates of the two segments are chosen as
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FIG. 2. Schematic diagram of acoustic sources and each input segment’s
location.

(6 m,637/128), (6 m,657/128) and (6 m,637/ 128+ ),
(6 m,657/128+ B) in the polar coordinates. It is noted that
the input data are given over an open surface and the circular
arc length of each segment is only 1/128 of the circumfer-
ence of the circle. Each segment is then discretized uni-
formly into ten grid points where the analytical acoustic
pressure and its derivative normal to the segments are given
as the input acoustic data. The angle 8 shown in Fig. 2 is a
measure of the dimensionless distance between the two seg-
ments of the input, with S=m being the farthest, i.e., the
segments are at the opposite sides of the minimum sphere.
Different values of B are considered to examine the sensitiv-
ity of the reconstructed acoustic radiation pressure against
various input locations of an open surface.

In order to determine if the addition of the pressure gra-
dient in the input acoustic data would improve the accuracy
and consistency of the inverse method, two sets of the input
acoustic data are considered. The first set of the input con-
sists of the analytical acoustic pressure and its normal deriva-
tive, i.e., the AIBM, and the second set of the input consists
of only the analytical acoustic pressure, which is referred to
as the AIBM_without. Since in this study both the AIBM and
AIBM_without are implemented using the least squares
method, it allows us to examine the sole effect of the addi-
tion of the pressure derivative in the input acoustic data.

The reconstructed acoustic radiation pressure at r=
50 m is compared with the analytical solution for four dif-
ferent values of § in Fig. 3. Since the reconstructed pressure
calculated using the input acoustic data from the two straight
line segments is identical to that using the input from the two
circular segments, only the results based on the input from
the circular segments are shown in Fig. 3. It can be seen
clearly that the reconstructed acoustic pressure obtained from
the AIBM_without deteriorates in some regions as 3 deviates
from 7. On the other hand, the reconstructed acoustic pres-
sure from the AIBM agrees reasonably well with the analyti-
cal solution for $=0.87 and 0.67. The results demonstrate
that the reconstructed acoustic pressure using the AIBM is
less dependable on the input location of the acoustic data.
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The AIBM gives more consistent, reliable and accurate re-
construction of acoustic radiation pressure when the input
acoustic data are available over an open surface. However,
for the case of 8=0.47, the solution of the AIBM starts to
deviate from the analytical solution. As £ decreases further,
the effectiveness of the AIBM becomes hindered. As a gen-
eral rule, the more complete the input around an acoustic
source, the more accurate the reconstructed acoustic pressure
solution. If the input is given on a single segment over an
open surface, a considerable extent of the segment is needed
in order to achieve acoustic pressure reconstructions with
acceptable accuracy. If the input is available on multiple seg-
ments over an open surface around an acoustic source, then a
better accuracy of the reconstructed solution will be obtained
when the segments are on the opposite sides of the minimum
sphere, although the exact location of the acoustic source
may not be known.

It is also worth mentioning that for an input given over a
closed surface, the reconstructed acoustic pressure solution is
unique without the addition of the pressure gradient to the
input acoustic data. The advantage of the AIBM over the
AIBM_without diminishes. The formulation used for the
AIBM_without is identical to that of the HELS.} Therefore,
by including the pressure gradient in the input of the HELS,
the mathematical well posedness of the HELS will be im-
proved and the method will be enhanced.

B. Effect of signal-to-noise ratio (SNR)

Until now the analytical solution has been used as the
input acoustic data for the calculation. In practice, however,
the input data are usually experimentally measured. The
acoustic measurements are unfortunately prone to random
errors. It is therefore desirable to have the reconstructed
acoustic radiation pressure less sensitive to random noises. In
the following, the effect of the signal-to-noise-ratio (SNR) is
investigated in a two-dimensional configuration using an
acoustic source similar to a monopole but with an amplitude
proportional to a sine function. To be precise, we use
P(x,y)=sin aH,(k\(x=0.8)2+(y-0.6)%), where a is the
shifted angle and is given by tan a=(x—0.8)/(y—0.6). Like
the previous example, the acoustic source is enclosed in the
circle of r=1 m. The wavenumber and the radius of the
minimum sphere are given as k=2 m~! and r,,=3 m, respec-
tively. The input acoustic data consist of the analytical acous-
tic pressure solution with an added random noise of a given
SNR. The location of the input is chosen as the upper half
circle of radius r=6 m (an open surface). The SNR is defined
as SNR= 32| P(6, 6)*/Z2%|RN(6, 6", where RN(6, 6))
is the random noise at the point (6, 6;) in the polar coordi-
nates, j represents uniformly distributed 200 grid points over
the upper half circle, and the random noise has zero mean
and the identity covariance matrix. The reconstructed acous-
tic radiation pressure from the AIBM and AIBM_without is
compared with the analytical solution in Fig. 4 for different
SNRs. The results demonstrate that the accuracy of the re-
constructed acoustic pressure with the SNR up to 10 is over-
all acceptable for the AIBM. However, without the addition
of the acoustic pressure gradient in the input acoustic data,
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FIG. 3. Comparisons of reconstructed acoustic radiation pressure with analytical solution at r=50 m for different B. (a) B=1.0m; (b) B=0.87; (c) B=0.6;

(d) B=0.4.

the reconstructed acoustic pressure from the AIBM_without
is unacceptable even for the SNR as large as 100. In order to
have an overview of the reconstructed acoustic radiation
field, the acoustic pressure contours of the analytical solution
and the reconstructed solutions from the two inverse meth-
ods are given in Fig. 5. Since the input acoustic data are
given over the upper half circle, as expected the recon-
structed acoustic pressure for the upper half domain is very
accurate using both inverse methods. The contour plots also
show that the reconstructed pressure contours in the lower
half domain of the AIBM_without are completely different
from the analytical solution even with SNR=100. On the
other hand, the accuracy of the reconstructed acoustic pres-
sure in the lower half domain of the AIBM is very good for
the same SNR. The results indicate that by including the
pressure gradient in the input acoustic data, the AIBM can
handle random noises much more effectively. As is shown in
Fig. 4, with up to 10% random noises (SNR=10), the recon-
structed acoustic radiation pressure using the AIBM agrees
with the analytical solution reasonably well.
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C. Application to multi-frequency acoustic radiation
problem

The acoustic radiation from 2D vortex filament moving
around the edge of a semi-infinite plane is a simplified model
for the radiation of flow-airfoil interaction problem in rela-
tion to the air frame noise study. Ffowcs Williams and Hall'’
initially developed the general theory of the scattering of
aerodynamic noise by flow-surface interaction. Shortly after,
Crighton18 developed the simplified 2D vortex model and
derived the analytical acoustic solution in the form of the
potential function using the singular perturbation method.
Since then, the model has been used' to verify the effective-
ness of the numerical methods of solving the Ffowcs Will-
iams and Hawkings integral equation.

In the current study, the vortex model is used to show
the capability and potential of applying the AIBM for multi-
frequency acoustic radiation problems in general.

A schematic diagram of a 2D vortex moving around a
semi-infinite half plane is shown in Fig. 6. The origin of the
polar (or Cartesian) coordinates is located at the edge of the
semi-infinite plane. Based on the analysis given by
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FIG. 4. Effect of SNRs on reconstructed acoustic radiation pressure at r=
10 m. (a) AIBM; (b) AIBM_without.

Crighton,18 the first term in the asymptotic expansion of the
analytical potential function as U—0 is given by

43/4Ud2
[M2(r—r1c)> + 414 r12°

.1
sin 5 6

@(r,0,1) = 0e (—mm, (17)

where ¢ is the speed of sound, d is the shortest distance
between the vortex and the edge (see Fig. 6), U is the maxi-
mum speed of vortex motion, and the Mach number M, is
denned as M,—U/c. These variables are considered as ¢
=344 m/s, d=1 m and M,=0.01 in the current numerical
investigation. It can be easily shown that the acoustic pres-
sure derived from the above potential function satisfies the
wave equation and the solid wall boundary condition,
dp/dy=0 at the top and bottom surfaces of the plane. Since
the acoustic radiation of the vortex model problem is not in a
free space, the general approximated solution [Eq. (5)] for
the Helmholtz equation needs to be modified to satisfy the
solid wall boundary condition and can be written as

N

1
P(r,0)=>, |a, cos n6H,(kr)+b, sin<n+5>0Hn+%(kr)]. (18)
n=0
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FIG. 5. Comparisons of reconstructed acoustic radiation pressure P(r, 6)
contours for SNR=100 with analytical solution. (a) Analytical solution; (b)
AIBM; (c) AIBM_without.

As can be seen from Eq. (17), the acoustic radiation of the
vortex model problem is not a single frequency problem. The
fast Fourier transform (FFT) of the acoustic pressure time
history at a field point with the polar coordinates

Yu et al.: An acoustic intensity-based method
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FIG. 6. Schematic diagram of 2D vortex filament moving around the edge
of a semi-infinite plane with input acoustic data points on specified seg-
ments.

(75 m,r/4) is shown in Fig. 7. The continuum spectrum
demonstrates the multi-frequency nature of the acoustic ra-
diation. It can also be shown mathematically that the pres-
sure time history of any given point in the field has the same
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FIG. 7. Spectrum of acoustic radiation pressure time history of 2D vortex
model at r=75 m, =m/4, M,=0.01 and d=1 m. (a) Acoustic pressure time
history; (b) frequency spectrum.
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FIG. 8. Acoustic radiation pressure and directivity calculated from the input
data with frequency range of 0.05-0.2 Hz. (a) Acoustic pressure time his-
tory (r=100 m, §=/5); (b) directivity (r=100 m).

frequency spectrum although the amplitude may vary. Since
the AIBM is a frequency domain method, the reconstructed
acoustic pressure field for each frequency component needs
to be calculated. A superposition of the contribution from
each frequency gives the total acoustic pressure field in the
frequency domain. The reconstructed acoustic pressure field
in the time domain can then be obtained by an inverse FFT.
In order to accurately reconstruct the acoustic pressure, all
the dominant frequency components need to be included in
the calculation. The input acoustic data for the AIBM con-
sists of the analytical acoustic pressure at four uniformly
distributed points on each of the two circular segments (r=
50 m) as shown in Fig. 6.

The reconstructed acoustic pressure time history at a
field point with the polar coordinates (100 m, 7r/5) and the
directivity pattern at the radius of =100 m are calculated by
the AIBM and compared to the respective analytical solu-
tions in Figs. 8—10 for three selected ranges of the frequency
components. The poor agreement between the analytical and
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tory (r=100 m, #=/5); (b) directivity (r=100 m).

the reconstructed acoustic pressure shown in Fig. 8 is ex-
pected since the input acoustic data include only a small
portion (0.05-0.2 Hz) of the dominant frequency compo-
nents. As the frequency range widens to include more domi-
nant frequency components (0.05-0.45 Hz), the accuracy of
the reconstructed acoustic solutions using the AIBM im-
proves significantly (see Fig. 9). Finally, an excellent agree-
ment is achieved between the analytical and the AIBM solu-
tions if the frequency range widens further to include all
frequency components from 0.05 to 1.45 Hz in the input
acoustic data (see Fig. 10).

After the verification of the AIBM for the reconstruction
of acoustic radiation pressure generated by the multi-
frequency model problem, it is important to examine the sen-
sitivity of the reconstructed acoustic pressure to the SNR to
ensure the potential of the AIBM for engineering applica-
tions. Since the acoustic radiation of the vortex model prob-
lem involves multi-frequency components, a random noise is
added to the input acoustic data in the time domain. For a
given set of the input acoustic data, the SNR is defined as
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M N 12
> Pt X))
SNR=| 2L | (19)
M-N-o

where M and N are the numbers of the input locations
(points) and the time discretization over a period of measure-
ment time (or data collection time), o is the variance of the
random noise. The mean of the random noise is zero. It is
noted from Eq. (19) that the SNR is defined based on the
average of the input acoustic data in the time domain. Since
the magnitude of the input data varies, the SNR could be
larger or smaller than defined for an input at a specific loca-
tion.

Using the input locations shown in Fig. 6, the effect of
the SNR on the acoustic radiation pressure time history at a
given point in the field is shown in Fig. 11 for different
SNRs. As it is shown, a very good agreement between the
reconstructed solution and the analytical solution is obtained
for the case of SNR=10. As the SNR decreases to 5, the
error of the reconstructed acoustic pressure increases as ex-
pected, particularly in the region where the amplitude of the
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analytical pressure is small as expected. Nevertheless, the
results demonstrate that the AIBM can effectively handle the
input acoustic data with up to 20% random noise.

IV. CONCLUSIONS

An acoustic intensity-based method (AIBM) is proposed
and verified in a two-dimensional configuration. The pro-
posed method includes the acoustic pressure gradient as an
input in addition to its simultaneous, co-located acoustic
pressure. Compared to the traditional inverse methods, when
the input acoustic data are only provided over an open sur-
face, the AIBM improves the accuracy, reliability and con-
sistency of reconstructed acoustic radiation pressure. The im-
provement, however, becomes less significant when the input
segments are clustered. The AIBM is especially effective
when random noises are added in the input acoustic data.
The results indicate that without the addition of the pressure
gradient to the input acoustic data, the reconstructed acoustic
radiation pressure starts to deteriorate even with 1% of ran-
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dom noise in the input from an open surface. The AIBM, on
the other hand, can give reasonably accurate reconstructed
acoustic pressure from the input acoustic data with up to
20% random noise. Furthermore, the accuracy and efficiency
of the AIBM are demonstrated through a multi-frequency
acoustic radiation model problem. The overall effectiveness
of the method indicates that the AIBM has the capability and
potential for the reconstruction of acoustic radiations en-
countered in engineering applications.
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Nonlinear source—filter coupling has been demonstrated in computer simulations, in excised larynx
experiments, and in physical models, but not in a consistent and unequivocal way in natural human
phonations. Eighteen subjects (nine adult males and nine adult females) performed three vocal
exercises that represented a combination of various fundamental frequency and formant glides. The
goal of this study was to pinpoint the proportion of source instabilities that are due to nonlinear
source—tract coupling. It was hypothesized that vocal fold vibration is maximally destabilized when
F, crosses F;, where the acoustic load changes dramatically. A companion paper provides the
theoretical underpinnings. Expected manifestations of a source—filter interaction were sudden
frequency jumps, subharmonic generation, or chaotic vocal fold vibrations that coincide with Fy—F,
crossovers. Results indicated that the bifurcations occur more often in phonations with Fy—F;
crossovers, suggesting that nonlinear source—filter coupling is partly responsible for source
instabilities. Furthermore it was observed that male subjects show more bifurcations in phonations
with Fy—F; crossovers, presumably because in normal speech they are less likely to encounter these
crossovers as much as females and hence have less practice in suppressing unwanted instabilities.

© 2008 Acoustical Society of America. [DOI: 10.1121/1.2832339]

PACS number(s): 43.25.Ts, 43.70.Aj, 43.70.Gr, 43.80.Ka [BHS]

I. INTRODUCTION

A hypothesis is being pursued that humans can engage
their sound source in the larynx and their vocal tract airways
(the filter) in two fundamentally different ways. The first is
linear source—filter coupling, where the source frequencies
are produced independently of the acoustic pressures in the
airways. The glottal airflow in the larynx is produced aero-
dynamically, with a quasisteady transglottal pressure and a
flow pulse that mirrors the time-varying glottal area. The
second is nonlinear coupling, where the acoustic airway
pressures contribute to the production of frequencies at the
source. In the nonlinear case, the transglottal pressure in-
cludes a strong acoustic component, much like in woodwind
instruments where the airflow through the reed is driven by
acoustic pressures of the instrument bore, or in brass instru-
ment playing, where the lip flow is driven by the acoustic
pressures in the brass tube (Fletcher, 1979). The major pa-
rameter in nonlinear coupling for voiced speech appears to
be related to the diameter of the epilaryngeal tube (also
known as laryngeal vestibule), which serves to either match
or mismatch the output impedance of the glottis to the input
impedance of the vocal tract. Weak coupling is obtained
when the glottal impedance is high and the epilarynx tube
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input impedance is low, whereas strong coupling (nonlinear
interaction) is obtained when the impedances are compa-
rable.

Some evidence of nonlinear source—filter coupling
comes from earlier voice source analysis (Rothenberg, 1981;
Fant, 1986), excised larynx experiments (Alipour er al.,
2001), and physical model experiments (Chan and Titze,
2006; Zhang et al., 2006). A more extensive discussion and
bibliography is given in the companion paper (Titze, 2008).
The investigations demonstrated that the addition of a vocal
tract filter to the isolated larynx or a vocal fold model lowers
phonation threshold pressure and thereby eases the onset of
phonation. Analytical calculations and computational simu-
lations are a second source of evidence (Ishizaka and Flana-
gan, 1972; Titze, 1988; Titze and Story, 1995; Titze, 2004;
Chan and Titze, 2006; Zafartu et al., 2007). Those simula-
tions showed that an acoustically inertive supraglottal tract
facilitates vocal fold vibration and lowers F. By contrast, an
acoustically compliant supraglottal tract hinders vocal fold
oscillation (sometimes squelching it entirely) and raises F
(Titze, 2006a, Chap. 7). A third source of evidence is experi-
ments in which human subjects phonate into tubes, artifi-
cially elongating the vocal tract (e.g., Story et al., 2000;
Hatzikirou et al., 2006). In those experiments it was shown
that instabilities are more likely to occur when F, and F,
cross. What is currently missing is an investigation with a

© 2008 Acoustical Society of America



sufficient sample of real human voice production on a variety
of vowels. In this current investigation we demonstrate that
Fy—F, crossovers can occur naturally in the human voice and
that instabilities are more likely to occur near such cross-
overs.

But why this duality of source—filter coupling? The ad-
vantage of linear coupling appears to be greater source sta-
bility when vowel and F, need perceptual clarity. Modes of
vibration of the vocal fold tissues are not disturbed by articu-
latory adjustments, an obvious advantage for speech. Self-
sustained oscillation is then based on a mucosal wave that
propagates on the vocal fold surface and aerodynamic pres-
sures in the glottis that are in synchrony with the tissue ve-
locity of the vocal folds (Titze, 1988). The vocalist needs
only to control the laryngeal configuration and lung pressure
to produce the sound (Sundberg et al., 1993; Sundberg and
Hogset, 2001; Henrich er al., 2005). Articulation is then
merely a modulation of the source harmonic amplitudes.
This has been the fundamental assumption in the linear
source—filter theory of vowel and voiced consonant produc-
tion (e.g., Fant, 1960; Stevens, 1998; Schutte and Miller,
1993).

The advantage of nonlinear coupling may be that more
output power can be produced because stored energy in the
vocal tract is fed back to the source to increase the glottal
flow energy. But this may be at the expense of less stability
at the source. In some forms of vocal communication, this
may not matter. Lower stability leads to a greater variety of
source qualities, including cultivated frequency jumps as in a
yodel, subharmonics, low frequency modulations at the
source, and chaotic vibration. Some of these instabilities may
be advantageous in an artistic context (Neubauer e al.,
2004), or for survival as in an infant cry (Mende er al.,
1990), but they may be considered pathological in a speech
context (Hirano, 1981). Source instability due to nonlinear
source—filter coupling may be greatly exaggerated when
there is a vocal pathology. Asymmetry in the larynx, nodules
and polyps, paralysis, and other voice disorders affect the
normal modes of vibration of the tissue, which can easily be
desynchronized by additional nonlinear coupling to the vocal
tract.

Historically, clinicians have used a battery of test utter-
ances for assessment of voice disorders that progress from
vowels to isolated syllables or words and then to complete
sentences or paragraphs. Test utterances are also useful for
monitoring the effectiveness of vocal training. Almost every-
one agrees that the tasks must reveal control of fundamental
frequency, loudness, and some aspect of vocal quality. But,
the interactions among respiratory, phonatory, and articula-
tory components of speech have not been specifically tar-
geted as important components of assessment. Although a
collection of vowels and voiced consonants may be part of
the test material, there is generally no hypothesis about
whether the voice disorder is more affected by one vowel
shape versus another.

It is generally thought that steady vowels alone are in-
sufficient to provide a diagnostic “treadmill” for vocaliza-
tion. They test the stability (or steadiness) of a vocal and
articulatory posture, but allow little to be said about interac-
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tivity. Such interactivity becomes evident when either source
or filter is dynamically changing. Dynamic testing has been
proposed by Kent et al. (1987) for speech articulation and by
Freund and Biidingen (1978) and Schmidt and Lee (1989)
for limb movement, but little has been implemented for
voice diagnostics.

To maximize the diagnostic value of test utterances for
vocal control, it is suggested here that source—filter interac-
tion exercises may become part of a diagnostic battery. A
variety of voice disorders may manifest themselves in the
lack of voice control when source harmonics and formant
frequencies are forced to interfere with each other. In particu-
lar, sudden frequency jumps occur when specific formants
and harmonics cross (see the companion paper for theoretical
explanation). Often, bifurcations in the vibratory patterns of
the vocal folds occur involuntarily at these locations.

The purpose of this study was to test three Fy—F, cross-
over exercises, (1) a fundamental frequency glide at a con-
stant vowel, (2) a vowel glide at a constant fundamental
frequency, and (3) a combination fundamental frequency—
vowel glide. Fundamental frequency and vowels were cho-
sen such that maximum interaction would likely take place.

Il. METHODS
A. Subjects

Eighteen volunteers participated in the study, nine fe-
males (ranging in age from 25 to 50 with an average of 31)
and nine males (ranging in age from 25 to 44 with an aver-
age of 31.6). All subjects reported no vocal pathologies. Sev-
eral claimed that they sing as amateurs, but none had exten-
sive vocal training. Two certified speech-language
pathologists assessed their voices as normal, not containing
any dysphonia. Experiments were in compliance with guide-
lines of the NIH and were reviewed and approved by the
institutional review boards.

B. Three vocal exercises

As a first exercise, subjects were asked to produce fun-
damental frequency (F,) glides. The pattern was high to low,
then low to high, with an intermediate vocal fry. This exer-
cise was produced on four vowels (/a/, /&/, /i/, lu/), with two
different starting fundamental frequencies per vowel and two
different vocal efforts (soft and loud). Table I lists all three
exercises and Fig. 1 shows the F;, glides in musical notation.
The vocal fry utterance was elicited between the fundamental
frequency glides to estimate the formant frequencies and
bandwidths of the vowels, since both measures are most re-
liably extracted from low F, phonations.

Females phonated the two higher fundamental frequency
glides and males the two lower fundamental frequency
glides, such that the middle glide was common to both gen-
ders. Subjects were prompted with computer simulated sig-
nals that had no sourcefilter coupling (see the companion
paper, Titze, 2008, for the computer model). A spectrogram
of the prompts is shown in Fig. 2, with Fig. 2(A) represent-
ing the prompt for the first exercise. The first formant fre-
quency location is represented by the gray dots in Fig. 2 and
the sloping lines are the harmonics.
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TABLE I. Three vocal exercises.

Exercise 1. Pitch glides and reversals (at least two octaves with
vocal fry included)

1. C5 to F3, vocal fry, F3 to C5 with steady vowels /i/, /u/, /al,
and /a&/, soft and loud, males and females

2. Repeat with C6 to F4 for females, C4 to F2 for males, all else
the same

Exercise 2. Vowel glides and reversals

1. C5, /i/-/2/-/i/ and /u/-/a/-/u/, soft and loud, males and females
2. Repeat with C6 for females, C4 for males, all else the same
Exercise 3. Simultaneous vowel and pitch glides

1. C5 to F3, vocal fry, F3 to C5 while vowels change in the
sequence /i/-/&/-/i/ and /u/-/a/-/u/, soft and loud, males and females
2. Repeat with C6 to F4 for females, C4 to F2 for males, all else
the same

The second exercise consisted of two vowel glides and
their returns (from /i/ to /&/ and back to /i/; and from /u/ to
/al and back to /u/). These vowel glides were phonated in
succession on two constant fundamental frequencies (C5 and
C6 for females and C5 and C4 for males). Returning to the
musical notation of Fig. 1, this would be one sustained note
(e.g., C5, second note from the top) while vowel formant
frequencies are changing upward as shown on the right side
of the graph. Two vocal efforts were used (soft and loud) for
all exercises. Figure 2(B) illustrates a spectrographic version
of a computer simulation that served to prompt a subject.
Note that the harmonics remain constant while F; follows a
low-high-low trajectory.

The third exercise consisted of simultaneous vowel and
fundamental frequency changes. In Fig. 1, the fundamental
frequency glides (glissandi) were again used, but this time
with the simultaneous vowel changes as shown to the right.
The spectrographic version of the prompt is shown in Fig.
2(C). F, and F, were moved in opposite directions and were
forced to cross. Subjects were instructed to start with an /i/
vowel (F;=~300 Hz) and change to an /®/ vowel (F,;
~800 Hz) while gliding fundamental frequency downward,
as in Exercise 1, then change back to an /i/ vowel while
gliding fundamental frequency upward. Intermediate vocal
fry was also elicited. Starting fundamental frequencies were
C5 (523 Hz) and C6 (1047 Hz) for females and C5 (523 Hz)
and C4 (262 Hz) for males. This exercise was repeated for
the /u/-/al/-lu/ vowel transition. Each phonation was pro-
duced at two different vocal efforts (soft and loud).

=~}

|

Frequency (kHz)

Time (s)

FIG. 2. Spectrograms of computer generated stimuli that were used to
prompt the subjects. (A) Exercise 1, (B) Exercise 2, and (C) Exercise 3. First
formant (F,) is indicated by gray dots.

For each of the exercises described, subjects were asked
to produce three tokens for statistical power; however, some
subjects were only able to produce one or two tokens. Actual
sample size is given in Table II.

C. Recordings

Recordings were conducted in a single-wall IAC sound
isolation booth. Subjects wore a head-mounted microphone
(Countryman Associates omnidirectional B3 Lavalier; CSL
Model 4400 pre-amp) mounted on a wire boom attached to a
plastic frame, worn like a pair of eyeglasses. The micro-
phone element was about 5 cm from the mouth and slightly
to the side, out of the airstream.

The microphone signal was recorded with CUBASE SE
software (version 3.0.3) on a PC. The recording level was
adjusted to achieve the maximum signal strength and to
avoid clipping. All phonations were digitized at a 44.1 kHz
sampling rate and 16 bit quantization.

A Briiel & Kjaer 2238 sound level meter, set to linear
frequency weighting, was positioned at the distance of 30 cm
from the mouth. The sound level meter was used to visually
obtain a sound pressure level reading at the outset of the
recording session, while the subject phonated on /a/ at a high
and low fundamental frequency and loud and soft intensity,
for the purpose of calibrating the microphone signal to SPL
at 30 cm. (SPL levels are not discussed in this paper, how-
ever.)

The modeled vocalizations (Fig. 2) were generated with
the SPEAK program (Titze, 2006a, Chap. 5) and were played
back over a loudspeaker in the booth prior to the subjects

Fo F
C6 (1047 Hz) - - fo/ and fee/ (800 Hz)
C5 (523 Hz) . i‘:‘“mm% e . " .o 1 T T
F4 (349 Hz) Y n“,\“\% ' e _
F3 (175 Hz) S | Vocal Fry o~ - A and /i/ (250 Hz)
C4 (262 Hz) e i , ——
F2 (87 Hz) - i — [ H

\\‘_Jj/

FIG. 1. Musical notation of F; glides used in Exercises 1 and 3, and vowel changes (far right) drawn at an approximate height so that F corresponds to

fundamental frequency on the left.
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TABLE II. Information and sample sizes for each subject for Exercises E1,
E2, E3.

Subject Sex El E2 E3
1 M 48 24 24
2 M 47 24 24
3 M 32 15 17
4 F 36 14 16
5 F 27 13 17
6 F 32 16 18
7 M 48 24 24
8 F 31 16 16
9 F 32 24 24
10 F 48 24 24
11 M 48 24 24
12 F 48 24 24
13 F 48 24 24
14 M 48 24 24
15 M 47 24 24
16 F 48 24 24
17 M 48 24 24
18 M 34 16 18

performing each task, as a first auditory cue for the desired
smoothness of fundamental and formant frequency change.
In addition, the investigator was present in the sound booth
during the vocal tasks to help the subject find the proper
vowels and starting and ending fundamental frequency, if
necessary. The vowels /i/, /®/, /a/, and /u/ were announced
(speech-like) by the investigator prior to each task. An elec-
tronic keyboard (Casio® Casiotone MT-35) was used to give
the starting fundamental frequency as often as necessary for
repeat tokens. The actual starting fundamental frequency did
vary within and between subjects for particular exercises. No
subject was specifically forced to phonate at the instructed
starting fundamental frequency. The instructions were given
only before the start of each token of the exercises. No cor-
rections were attempted during the exercise.

D. Data analysis

Three bifurcations of vocal fold vibration were consid-
ered in this work, namely frequency jumps, subharmonics,
and deterministic chaos (Fig. 3 shows stylistic sketches for
two harmonics in a spectrogram). Biphonation, a fourth non-
linear phenomenon, was not found in any phonations. Each
phonation was examined for the occurrence of those phe-

I I 1II

Frequency

Time

FIG. 3. Sketches of narrow-band spectrogram of the three bifurcations con-
sidered in this study. In each example two harmonics (F, and 2F,) are
indicated. I: Two subsequent frequency jumps. II: Subharmonics. III: Deter-
ministic chaos.

J. Acoust. Soc. Am., Vol. 123, No. 4, April 2008

A B C

Frequency
A

k/ / F1 F1
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FIG. 4. Schematics of fundamental frequency contours around a steady
formant. Three relationships between F;, and F; were found in phonations of
Exercise 1. (A) F, and F; crossed, (B) F, and F, came within 100 Hz of
each other at some point during the phonation, (C) F, and F, were never less
than 101 Hz apart at any point during the phonation. Only (A) and (B)
counted as “crossover present.”

nomena through visual inspection of narrow-band spectro-
grams (512-point Hanning window) and associated Fourier
frequency spectra. Frequency jumps are sudden F, changes
in which vibration rate moves up or down abruptly and dis-
continuously, and is qualitatively different from continuous,
smooth F,, change (Fig. 3, example I). Subharmonics are
additional spectral components that can suddenly appear at
integer fractional values of an identifiable F, (e.g., Fy/2, Fy/3,
and so on) and as harmonics of these values. The result is
that energy can appear at evenly spaced intervals below F,
and between adjacent harmonics throughout the frequency
spectrum (Fig. 3, example II). While the vibration pattern of
the vocal folds is still regular in these cases, it is character-
ized by periods that are multiples of the F, period.

Deterministic chaos refers to episodes of nonrandom
noise. This chaotic noise is technically distinguishable from
random noise by the number of dimensions needed to de-
scribe it (Tokuda er al., 2002). An alternative to decide
whether a noisy segment can be considered deterministic
chaos is to evaluate characteristics visible in narrow-band
spectrograms (Herzel, 1998), including sudden on- and off-
set, preceding or following subharmonics and harmonic
“windows” occurring in otherwise noisy segments (Fig. 3,
example III).

The following parameters were measured in each pho-
nation: maximum and minimum fundamental frequency at
the beginning, the middle, and end of the phonation; first and
second formant frequency. The measurement of those param-
eters allowed the decision whether or not there was a Fy—F
crossover present (Fig. 4). Formant bandwidth was measured
in the middle of the phonations of Exercise 1 (the vocal fry
portion). Because energy loss to the subglottal system is
minimum for vocal fry (a long glottal closure), we expected
the measured formant bandwidths to be underestimated for
the glides.

Additionally, we measured the higher and lower funda-
mental frequencies of a frequency jump; the fundamental
frequency before the onset of a subharmonic; the onset of a
chaotic segment; and we noted the type of subharmonic
event (Fy/2, Fy/3, and so on).

All measurements were performed using sound analysis
software PRAAT (Boersma & Weenick, 2007). Linear predic-
tive coding (autocorrelation procedure) was used to track for-
mants. Formant bandwidth is the difference in frequency be-
tween the points on either side of the peak (frequency with
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peak amplitude) which have amplitude A/( \5) (correspond-
ing to 3 dB down from the peak).

E. Statistics

Source instabilities during a fundamental frequency or
vowel glide can occur either as a result of mode of vibration
changes in the sound source (e.g., a register change induced
by changes in muscle activation), or as a result of nonlinear
source—tract coupling. In a nonlinear source—filter system,
source instabilities are expected when F;, and F, cross, and
therefore source instabilities can serve as indicators of non-
linear source—tract coupling. To sort out the instabilities that
result from nonlinear source—tract coupling, we statistically
compared the occurrences of instabilities in phonations with-
out Fy—F,; crossovers to those with Fy—F, crossovers. If in-
stabilities were to result only from a source-specific mode
change, we would expect no differences between the two
samples. However if instabilities do result from a nonlinear
source—filter interaction, we would expect more source insta-
bilities in phonations with Fy—F; crossovers. Nonparametric
tests were used for comparison of averages of matched (Wil-
coxon test) or unmatched (Mann—Whitney test) samples.

lll. RESULTS

A. Exercise 1: Fundamental frequency glide on
steady vowels

Frequency jumps were the most commonly observed bi-
furcation type. They were found in 21% of all phonations
across all individuals (s.d.=14%; range: 0-42%; N=18 sub-
jects). The majority of frequency jumps were downward on
the descending F, glide and upward on the ascending F,
glide (161 cases out of 167). Examples are seen in Figs. 5(A)
and 5(C) at the first and third arrows. Frequency jumps from
all 18 subjects showed a mean frequency change of 31 Hz
(s.d.=20 Hz; range: 0—-79 Hz), or about 2 semitones, for the
descending fundamental frequency. Subharmonics were
found in 14% of all phonations across individuals (s.d.
=9%; range: 2%-35%; N=18 subjects). Examples are seen
at the second arrow in Fig. 5(A) and at the second arrow in
Fig. 5(B). Chaotic segments were found in 3% of all phona-
tions across individuals (s.d.=5%; range: 0—15%; N=18 sub-
jects).

Crossovers occurred predominantly with /i/ and /u/ vow-
els because they had lower F; and were more likely to be in
the path of the gliding F,. The proportion of crossovers for
all vowels in N=9 women were: /a/:11.0%£2.5%;
l&/:9.6x5.6%; /1/:24.7+x1%; /u/:249*1%. For N=9
men they were: /a/:1.7%229%, /®/:2.0x4.2%;
/i/:20.0%3%; /u/:18.3*4%; mean *s.d.). The smaller
percentage of crossovers in men comes from the fact that
men started half of the F, glides an octave lower (C4;
262 Hz) while females started half of the glides an octave
higher (C5; 523 Hz). All glides ended in vocal fry, which is
below all formants. Hence, there was a greater likelihood
that females always crossed F;, while many males did not
have fundamental frequencies above or near F; for the high-
F, vowels /a/ and /&/. In women, Fy—F, crossovers occurred
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in 70% of all phonations (s.d.=7%; range: 58%-78%; N=9).
In men, Fy—F, crossovers occurred in only 42% of all pho-
nations (s.d.=10%; range: 31%—-66%; N=9).

Independent of loudness, the overall mean proportion of
instabilities in phonations with Fy—F; crossover was 54%
across male subjects (s.d.=17; range: 23%-78%; N=9),
whereas without Fy—F, crossover it was 35% (s.d.=15;
range: 7%-59%; N=9). This difference was statistically sig-
nificant (Wilcoxon; Z=2.19; P<0.05; N=9). Across fe-
males, on the other hand, the overall mean proportion of
source instabilities in phonations with Fy—F; crossover was
27% (s.d.=14; range: 11%-52%; N=9), whereas without
Fy—F, crossover it was 24% (s.d.=30; range: 0%-90%; N
=9). This difference is not significant (Wilcoxon; Z=0.59;
P=0.55; N=9). The male—female difference in instabilities
with Fy—F, crossover (54% vs 27%) was significant (Mann—
Whitney; U=9; P<0.01; N, Ny,=9).

1. Effect of loudness

A sufficient sample (N=75) of crossover and noncross-
over phonations within the two categories “loud” and “soft”
was available in male high glide and female low glide pho-
nations. The overall mean proportion of source instabilities
in loud phonations with Fy—F; crossover was 77% in males
(s.d.=28; range: 25%—-100%; N=9), whereas without Fy—F,
crossover it was 65% (s.d.=41; range: 0%—-100%; N=9).
This difference was not statistically significant (Wilcoxon;
Z=1.12; P=0.13; N=9). The overall mean proportion of
source instabilities in soft phonations with Fy—F; crossover
was 64% (s.d.=23; range: 37%—100%; N=9), whereas with-
out Fy—F, crossover it was 38% (s.d.=36; range: 0%—100%;
N=9). This difference in males for soft phonation was sig-
nificant (Wilcoxon; Z=1.84; P<<0.05; N=9).

For females, the overall mean proportion of source in-
stabilities in loud phonations with Fy—F crossover was 35%
(s.d.=29; range: 0%—100%; N=9), whereas without Fy—F,
crossover it was 23% (s.d.=25; range: 0%—75%; N=9). This
difference was not significant (Wilcoxon; Z=0.59 P=0.23;
N=9). The overall mean proportion of instabilities in soft
phonations with Fy—F; crossover was 29% (s.d.=28; range:
0%—-80%; N=9), whereas without Fy—F, crossover it was
20% (s.d.=33; range: 0%—100%; N=9), again not signifi-
cantly different (Wilcoxon; Z=1.19 P=0.11; N=9). Results
did not change when considering frequency jumps only, in-
stead of summarizing all three observed instabilities (fre-
quency jumps, subharmonics, and deterministic chaos).

2. Fy—F; vicinity

In 31 of 167 cases of frequency jumps (18%), the first
formant frequency was in a 50 Hz vicinity of the fundamen-
tal frequency. In 21 additional cases, F; was in a 100 Hz
vicinity of F,. In 23 additional cases, F; was in a 200 Hz
vicinity of F,. In the remaining 92 cases, F; was more than
200 Hz away from F,. For an average formant bandwidth of
about 100 Hz in vocal fry (which is likely to be an underes-
timate for the glide phonations) it appears that at least 30%
of instabilities occurred inside a formant bandwidth. But
even if they occurred outside the bandwidth, the inertive re-
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FIG. 5. Examples of bifurcations in Exercise 1. Time axes are slightly variable. Location of the first formant (F;) is indicated by a horizontal line overlaid on
the spectrograms. (A) Phonation of a male subject. Two frequency jumps are noted (arrows 1 and 3). A short subharmonic regime starts at arrow 2. (B)
Phonation of an additional male subject. Source instabilities are not frequency jumps but only a slight perturbation of the descending F,, trajectory (arrow). (C),

(D) Phonations of two female subjects. Instabilities are indicated by arrows.

actance of the vocal tract may still have been large enough to
trigger an F,, change (see the companion paper, Titze, 2008).

B. Discussion of Exercise 1

Exercise 1 delivered at least three new findings. First,
source instabilities occur more often in phonations in which
Fy—F, crossovers are present. This is significant for male
phonations. Second, instabilities occur more often in soft
voice than loud voice, again primarily among males. Third,
when F, jumps occur, they are mostly downward on a
downgliding F, and upward on an upgliding F,.

Consider the following explanations. When an instabil-
ity in F, occurs near F;, we expect the proximity of F, and
F, to be on the order of the formant bandwidth, because most
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of the vocal tract acoustic reactance change occurs in this
frequency interval. Figure 6 shows an impedance calculation
for a vocal tract in the shape of the vowel /u/. The top panel
shows an outline of the vocal tract radius across length, and
the bottom panel shows the supraglottal impedance curves in
the vicinity of formants F; and F,. (For a detailed discussion
of the impedance curves, see the companion paper.) The
thick solid curve is the supraglottal reactance, the thin solid
line is the resistance, and the dashed curve is the magnitude
of the impedance. The formant frequency is where the resis-
tance has its maximum. This is where the reactance is mid-
way between its positive and its negative peak, which is
above the zero line because the laryngeal vestibule (epilar-
ynx tube) adds a linear component with a positive slope to
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FIG. 6. (Color online) Calculation of reactance, resistance, and impedance
magnitude (bottom) for a vocal tract shape resembling a /u/ vowel (top).

the reactance. Reactance above zero is inertive and reactance
below zero is compliant. Only the 400-500 and
800—1000 Hz regions have compliant reactance.

The bandwidth of the formant is roughly the frequency
distance between the peak and the trough in the reactance
curve. But note that reactance can still be high (both positive
and negative) a considerable distance outside the bandwidth.
In our first data set, 31% of the frequency jumps we found
occurred when F, was in the 100 Hz vicinity of F,. Esti-
mates of bandwidth values for vowels from this study, and
two other studies, are given in Table III. The wide range in
bandwidths across these studies stems from the differences in
the methods by which they were obtained. The Fujimura and
Lindqvist-Gauffin (1971) values were obtained from a vocal
tract transfer function measured with a sweep tone from a
transducer applied to the surface of the neck, with the glottis
tightly closed, which leads to less energy loss to the subglot-
tic system and thus would account for the lower bandwidth
values. The Childers and Wu (1991) values were obtained
from a weighted recursive least-squares computation of the
vocal tract filter function from the acoustic speech signal,
similar to the method of linear prediction coefficients, which

could include glottal leakage. Our measurements lie between
the values from these two other studies because they were
obtained during the vocal fry portion of the phonation. Vocal
fry has a relative long closed phase, but the glottis is not
completely closed. On the F, glides, bandwidths are ex-
pected to be higher because less glottal closure occurs at high
Fy, where the phonation register is often falsetto-like. Thus,
the assumption of an average 100-200 Hz bandwidth for
both males and females at a wide range of F is reasonable.
This means that most of the frequency jumps were likely to
be triggered by reactance changes.

Further evidence for this assertion comes from the direc-
tions of the frequency change. Inertive reactance lowers F
because it effectively adds mass to the oscillating system
(vocal folds plus a moving air column). The companion pa-
per, Titze, 2008, gives calculations of this F, drop of about
50 Hz. Compliant reactance raises F( because it effectively
adds stiffness to the oscillating system. As F, moves through
the formant in a downward glide, one might first see a small
increase in F; (due to a small amount of compliant reactance)
followed by a sudden much larger decrease in F, because
there is a dominance of inertive reactance.

As a second point of discussion, males experience more
source instabilities than females in Exercise 1. Anatomically,
the most important difference in the vocal system of males is
a 60% greater vibrating vocal fold length, but only a 10%—
20% greater vocal tract length. This leads to an overall
greater difference between fundamental frequencies and
lower formant frequencies in male phonations. Hence Fy—F,
crossovers are generally less likely to occur in male normal
speech. We hypothesize that this lower probability in male
phonation may have led to fewer adaptive mechanisms to the
destabilizing effects of Fy—F,; crossovers.

A second factor is registration. Males phonate predomi-
nantly in modal register, whereas females have cultivated a
more mixed register phonation. The second harmonic is of
primary importance in modal register (male phonation) but
less so in mixed register. It characterizes the closed portion
of the glottal flow waveform (Titze, 2000, Chap. 5, Fig. 5.4),
which is more important in male phonation than female pho-
nation. Disturbance of the second harmonic by an additional

TABLE III. First formant frequencies (F1) and bandwidths (B1) from phonations of Exercise 1 of our study and
from three other studies (PB: Peterson and Barney, 1952; CW: Childers and Wu, 1991; FL: Fujimura and

Lindqvist-Gauffin, 1971).

Average F1 (Hz)

Average B1 (Hz)

Vowel Measured PB CW Measured FL Ccw
a—female 839 850 838 138 50 272
a—male 657 730 673 96 41 154
e—female 840 860 842 128 50 221
e—male 688 660 645 81 40 145
i—female 407 310 379 79 76 144
i—male 343 270 303 66 59 134
u—female 428 370 410 77 64 132
u—male 374 300 342 91 54 134
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FIG. 7. Waveform and spectrogram examples of source instabilities in Exercise 2. Time and frequency axes are slightly variable across the four spectrograms.
Trajectory of the first formant (F,) is indicated by a thin solid line overlaid on the spectrograms. (A) Phonation of a female subject. Near the upgliding formant
transition there is a short break (arrow 1) and a frequency perturbation (arrow 2). (B) Phonations of a female subject. There is a break near the upgliding
formant transition and a frequency jump near the downgliding formant transition. Note that the harmonics become more faint, in the background of some
chaotic noise in the high formant vowel. (C) Phonation of a male subject. F/2 subharmonics start at arrow 1 and Fy/3 subharmonics start at arrow 2. (D)
Phonation of a male subject. A short subharmonic regime starts at arrow 1. This location is the same as the downgliding formant transition. Arrows 2 and 3
in the waveform envelope above point to sudden amplitude increase near the formant transition, a pattern common in many subjects.

loading effect (for instance during F;—2F, crossovers) is
more likely in males than in females because of the lower F,.
This can lead to larger source instabilities in males.

C. Exercise 2: Vowel transition on steady fundamental
frequency

In this exercise, frequency jumps were found in 15% of
all phonations across all subjects (s.d.=13%; range: 0%-—
41%; N=18). Six individuals showed no frequency jumps.
Frequency jumps showed a mean frequency change of 20 Hz
(s.d.=9.9 Hz; range: 10-42 Hz, N=12), which amounts to
1-2 semitones. Subharmonics were found in 21% of all pho-
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nations across 18 subjects (s.d.=15%; range: 0%-53%; N
=18). Chaotic segments were found in 5% of all phonations
across all subjects (s.d.=7%; range: 0%-25%; N=18).
Fy—F,; crossovers occurred in 89% of all phonations across
all subjects (s.d.=16%; range 50%-100%; N=18).

Figures 7(A)-7(C) are examples of F,—F; crossovers. In
Fig. 7(A) there is an aphonic segment, in Fig. 7(B) a lower-
ing of F in the middle vowel portion combined with a cha-
otic segment, and in Fig. 7(C) an F,, lowering combined with
a period 2 and a period 3 subharmonic segment. In Fig. 7(D),
F, crossed the second harmonic (2F;), which revealed a

Titze et al.: Vocal exercises to determine nonlinear coupling 1909



small period 2 subharmonic segment near the end of the
return crossover. 2F,—F; crossovers represented 11% of the
cases.

Independent of loudness, the overall mean proportion of
source instabilities in phonations with Fy—F; crossover was
54% across male subjects (s.d.=28; range: 3%—89%; N=9).
Five male subjects had five or more phonations without
crossover that served for comparison. Without Fy—F; cross-
overs, the overall mean proportion of source instabilities in
phonations was 23% (s.d.=23; range: 0%—43%; N=5). The
difference was statistically significant (Wilcoxon; Z=2.02;
P <0.05; N=5). For females, the overall mean proportion of
source instabilities in phonations with Fy—F; crossover was
34% (s.d.=18; range: 8%—61%; N=9). Unfortunately, the
female subject did not produce enough phonations without
crossover for statistical comparison. Nevertheless, the result
is that the proportion of source instabilities in phonations
with Fy—F, crossover is significantly less in women (34%)
than in men (54%) (Mann—Whitney; U=21.5; P<<0.05; Np,
Ny =9).

1. Effect of loudness

A sufficient sample of noncrossover phonations within
the two categories “loud” and “soft” was not available. When
Fy,—F, crossover occurred, however, the overall mean pro-
portion of source instabilities in loud phonations was 59% in
all males (s.d.=25; range: 9%—100%; N=9), whereas in soft
phonations with Fy—F, crossover it was 65% (s.d.=22;
range: 33%—-100%; N=9). This difference was statistically
not significant (Wilcoxon; Z=0.77; P=0.77; N=9). In fe-
males, the overall mean proportion of source instabilities in
loud phonations with Fy—F; crossover was 23% across all
subjects (s.d.=15; range: 11%-73%; N=9), whereas in soft
phonations with Fy—F,; crossover it was 43% (s.d.=25;
range: 0%-100%; N=9). This difference was statistically
significant (Wilcoxon; Z=-2.01; P<<0.05; N=9), indicating
that soft phonations are more prone to instability than loud
phonations.

The location of the instability relative to the position of
the crossover was investigated. Exercise 2 was designed to
provoke two points of crossovers at the transitions from the
first vowel to the second vowel, and back to the first vowels.
Figure 8 indicates that instabilities were much more common
near the two Fy—F, crossovers (“near” means within a
500 ms vicinity from the midpoint of the Fy—F; crossover)
than in the steady portions of the exercise.

2. F, Symmetry at the Fy—F, crossover

Near the Fy—F; crossovers we often observed F, pertur-
bations that were not sudden fundamental frequency jumps
or voice breaks, but rather a dip with a recovery (Fig. 9). A
similar phenomenon was part of an earlier figure for Exercise
1, Figs. 5(B) and 5(D) at arrow 1. These dips and recoveries
often showed either symmetric or antisymmetric patterns at
the two formant transition of Exercise 2. For example, note
the zoomed-in contours in the lowest panels of Fig. 9(A).
The two arrows indicate symmetric or antisymmetric funda-
mental frequency perturbations. Figure 9(B) shows upward
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(symmetric) perturbations at the transitions, opposite to what
was seen in Fig. 9(A). In addition, F\ lowered in the middle
portion as reactance changed [Figs. 9(A), 9(B), and 9(D)].
Figure 9(C) shows a reduction in vibrato at the vowel tran-
sitions. Figure 9(D) shows a general fundamental frequency
lowering in the middle vowel, with a period 2 subharmonic.

D. Discussion of Exercise 2

Exercise 2 delivered at least three findings, which con-
firmed findings from Exercise 1. First, source instabilities
occur more often in phonations in which Fy—F,; crossovers
are present. Second, source instabilities occur more often in
male phonations than in female phonations when there are
Fy—F; crossovers. Third, there are more source instabilities
in soft phonations than in loud phonations when there are
Fy—F, crossovers. The effect of loudness is not clear. In Ex-
ercise 1 males phonating softly were troubled profoundly by
Fy—F, crossovers, but in Exercise 2 females produced more
irregularities in soft utterances with Fy—F; crossovers.

Although the exercise was designed to keep fundamental
frequency constant, many subjects failed to do so. In Fy—F,
crossover utterances, F, often decreased by up to 50 Hz,
when F, was on the reactive side of F|, suggesting a direct
effect on F,, during strong nonlinear coupling.

We have little explanation to offer for the sometimes
opposite behavior of F,, perturbation in the middle part (dur-
ing onset and offset of the second vowel) between subjects
[Figs. 9(A) and 9(B)], except that possibly there exists
individual-specific patterns in the correction pattern in reac-
tion to the disturbance when F,, and F; cross. Whether such
individual specificity relates to vocal fold morphology or
motor pattern of intrinsic laryngeal muscles remains specu-
lation at this stage.

E. Exercise 3: Simultaneous vowel and fundamental
frequency transitions

Frequency jumps were found in 15% of all phonations
of Exercise 3 across 18 subjects (s.d.=15%; range: 0%—46%;
N=18). Examples are shown in Figs. 10(A) and 10(D). By
contrast, Fig. 10(B) shows an example of no frequency
jumps when F crosses F;. Three individuals showed no fre-
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subharmonics at the second vowel transition (arrow). (D) Male phonation. Note the subharmonic onset and offset near the formant transitions (arrows) and the
overall F,, drop throughout the high F, (/&/) vowel (between the two arrows).

quency jumps, or only a F, perturbation without bifurcation,
as in Fig. 10(C). Frequency jumps from 15 subjects show a
mean frequency change of 61 Hz (s.d.=38 Hz; range:
11-127 Hz, N=15), which amounts to about 2-3 semitones.
Subharmonics were found in 20% of all phonations across 18
subjects (s.d.=15%; range: 0%-53%; N=18). Chaotic seg-
ments were found in 5% of all phonations across 18 subjects
(s.d.=7%; range: 0%-25%; N=18). Fy—F, crossovers oc-
curred in 89% of all phonations (s.d.=16%; range: 50%-—
100%, N=18 subjects), in women more often (99%) than in
men (78%) (Mann-Whitney; U=5.5; P<<0.01; Ng, Ny=9),
for reasons given earlier.

Independent of loudness, the overall mean proportion of
source instabilities in phonations with Fy—F, crossover was
62% across the male subjects (s.d.=20; range: 26%—-89%;
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N=9). Five male subjects had five or more phonations with-
out crossover that served for comparison. Without Fy—F,
crossover, the overall mean proportion of source instabilities
was 21% across individuals (s.d.=24; range: 0%-50%; N
=5). The difference in the proportion of source instabilities
in phonations with and without Fy—F, crossovers was statis-
tically significant (Wilcoxon; Z=2.02; P<<0.05; N=5). For
females, the overall mean proportion of source instabilities in
phonations with Fy—F, crossover was 30% (s.d.=16; range:
8%-59%; N=9). Female subjects did not produce enough
phonations without crossover to make a statistical compari-
son. The proportion of source instabilities in phonations with
F,—F, crossover was significantly less in women (30%) than
men (62%) (Mann—-Whitney; U=8.5; P<0.01; Ny, Ny,=9).
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FIG. 10. Waveforms and spectrogram examples of source instabilities in Exercise 3. Trajectory of the first formant (F,) is indicated by a horizontal line
overlaid on the spectrograms. Time and frequency axes are scaled variably. (A) Phonation of a male subject. A frequency jump is indicated at arrow 1. (B)
Phonation of a female subject. In the upgliding F,, and downgliding formant transition, a subharmonic segment starts when F, and F, cross. (C) Phonations
of a male subject. There is fundamental frequency perturbation without a jump or a break (arrow 1). (D) Phonation of a female subject. Frequency jumps are

present at arrow 1 and arrow 2.

1. Effect of loudness

A sufficient sample of noncrossover phonations within
the two categories “loud” and “soft” was not available. For
crossovers, males showed an overall mean proportion of
source instabilities in loud phonations of 59% (s.d.=25;
range: 9%—-100%; N=9), whereas in soft phonations it was
63% (s.d.=21; range: 33%—-100%; N=9). The difference was
statistically not significant (Wilcoxon; Z=-0.47; P=0.63;
N=9). For females the overall mean proportion of source
instabilities in loud phonations with Fy—F; crossover was
23% (s.d.=16; range: 0%—-50%; N=9), whereas in soft pho-
nations it was 45% (s.d.=27; range: 0%-77%; N=9). This
difference was statistically significant (Wilcoxon; Z=2.25;
P<0.05; N=9).
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F. Discussion of Exercise 3, and comparative data

The design of the exercise did not allow the comparison
between crossover and noncrossover phonations. However,
results of Exercise 3 suggest that males seem more suscep-
tible to produce source instabilities in crossover phonation,
confirming findings from Exercises 1 and 2. Exercise 3 also
confirmed that soft phonations are more susceptible to insta-
bilities than loud phonations when F, and F; cross.

Frequency jumps, which were the most frequent insta-
bility, were larger in Exercise 3 than in either Exercise 1 or
Exercise 2. Specifically, the frequency jumps of 2-3 semi-
tones were more than twice as large as those of Exercise 2,
where vowel changes alone were targeted. Exercise 2 was
presumably produced with constant laryngeal muscle activa-

Titze et al.: Vocal exercises to determine nonlinear coupling



tions to keep F, constant, thereby resisting F; changes. The
larger frequency jumps in Exercise 3 may be attributable to
two motor patterns (intrinsic laryngeal muscles and vocal
tract configuration) changing simultaneously. At the Fy—F,
crossing, the intrinsic laryngeal muscles are programmed to
continuously change F,, but the vocal tract impedance is
disturbing the normal vocal fold vibrations. Somato-sensory
feedback in the vocal fold muscles has not been consistently
found (Loucks et al., 2005). Whether or not a feedback
mechanism is responsible for differences in the size of fre-
quency jumps (via mucosal mechanoreceptors), as opposed
to a passive biomechanical mechanism, remains to be inves-
tigated.

G. General discussion

The exercises were designed to control for either vocal
tract changes (Exercise 1) or for source changes (Exercise 2),
or both (Exercise 3). With human subjects, however, the
source and vocal tract changes never occur completely in
isolation because supraglottal tissues and laryngeal tissues
are connected and often influence one another, even if the
attempt is to keep one or the other unchanged. For example,
fundamental frequency changes can be associated with
tongue-hyoid movement or with larynx height (Shipp et al.,
1984; Maurer et al., 1991). Articulations (vowel transitions)
are associated with F changes (Whalen and Levitt, 1995;
Whalen et al., 1998). These interdependencies must be taken
into account because they may contribute to a higher inci-
dence of F instabilities. Biomechanical changes associated
with articulation may cause less control over vocal fold ad-
duction and thereby predispose the vocal folds vibration pat-
terns to bifurcate. Nevertheless, the higher incidence of
source instabilities with Fy—F; crossover supports the hy-
pothesis that nonlinear source filter coupling is at work, in-
dependent of whether or not the vibrating source is predis-
posed to instabilities for additional reasons. In the
companion paper (Titze, 2008), where a purely theoretical
analysis was performed with single parameter variations,
similar bifurcations were observed by contrasting nonlinear
versus linear coupling.

By way of an unexpected and untargeted result, we ob-
served sudden dramatic amplitude increases near the Fy—F,;
crossovers (Fig. 11). Across individuals, the amplitude
surges could be up to 15 dB [for example, Fig. 11(D)]. This
phenomenon was mostly observed in Exercise 2 but did also
occur in Exercises 1 and 3, although to a much lesser
amount. These sudden and very short-term amplitude in-
creases were synchronized with Fy—F; crossovers and never
occurred in phonations without crossovers.

The sudden amplitude surges could be explained by lin-
ear source-filter theory in terms of rapid vocal tract, pressure
changes in a dynamically changing vocal tract especially
when vocal tract constrictions are suddenly made or released.
Alternatively, nonlinear source—tract coupling could cause a
sudden change in the vocal fold vibration amplitude that re-
sults in an increase of the power output of the source signal.
Glottal source power output varies with open quotient and
maximum flow declination rate (Titze, 2006b; companion
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paper, Titze 2008). There is the distinct possibility that when
F, first traverses the compliant reactance range of F; and
then suddenly enters the inertive reactance range (or vice
versa), the maximum flow declination rate can fluctuate
greatly.

In future studies, Exercises 2 and 3 might be individual
specific in design so that more noncrossover phonations are
produced, for comparative purposes. A subject’s first formant
range for /a/ and /@/ vowels might determine the starting F,
and the range of /i/ and /u/ might decide the ending F for the
respective exercise. Although Exercise 3 shows the most dra-
matic effects, it may not be ideal for diagnostic purposes
because of the difficulty of pinpointing the crossover point.
Measurement of Fy and F, is more difficult and contains a
number of possible errors (more than for Exercises 1 and 2).
Keeping either source frequency (F,) or vocal tract fre-
quency (F;) constant allows a relatively reliable measure-
ment, even in high F, phonations (if they are combined with
vocal fry phonation).

There may be an exercise-specific bias for certain non-
linear phenomena. For instance, the greatest number of fre-
quency jumps occurred in Exercise 1. One might test the
generality of this in future studies with computational mod-
els.

There is also an individual-specific pattern of nonlinear
phenomena occurring in crossover phonations. In our data
set, two males and one female subject showed dramatic dif-
ferences in the ratio of source instabilities between phona-
tions with and without F,—F; crossover (100% in phonations
with and 0% in phonations without crossovers). Some sub-
jects seem to show a bias in their productions toward one or
another nonlinear phenomenon. An account for an
individual-specific patterning of nonlinear phenomena has
been given in several nonhumans (Riede et al., 1997, 2000,
2007). This brings us back to the original hypothesis that
humans (and perhaps other species) have some flexibility in
operating their source—filter combination with either linear or
nonlinear coupling. With human subject experiments, the
nonlinear coupling parameter (the diameter of the epilarynx
tube) was not controlled. Greater detail, with specific param-
eters identified and controlled for this nonlinear coupling, is
given in the companion paper.

It is perhaps a little premature to make specific recom-
mendations for clinical or pedagogical use of the exercises
investigated here. Voice disorders resulting from lesions
(nodules or polyps) create mode-of-vibration instabilities.
Bilateral asymmetries cause difficulties with synchronization
between left and right vocal fold movement. A rapidly
changing acoustic load, as proposed in these exercises, may
exacerbate these instabilities, thereby lowering the threshold
for detection of a disorder. It is our belief that in the near
future the traditional reliance on comfortable fundamental
frequency and loudness vowel utterances will be replaced
with exercises that are a bit more out of the comfort zone.
These exercises designed here were not easy for some sub-
jects. Much like running and jumping may be more telling
about problems with locomotion than easy walking, vocal
fold disorders may be more detectable when the vibrations
are destabilized with more challenging acoustic loads. Sing-
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FIG. 11. Waveforms and spectrograms of phonations showing sudden amplitude bursts near the F,—F, crossover. Trajectory of the first formant (F,) is
indicated by a thin solid line overlaid on the spectrograms. (A) Male phonation. Amplitude increase of 4.5 dB. (B) Female phonation. Amplitude burst of
10 dB. (C) Female phonation. Amplitude burst of 12 dB. (D) Same female as in (C) but on Exercise 3. Amplitude burst of 15 dB. In none of the phonations

there is a strong bifurcation.

ers who want to avoid these instabilities could possibly ben-
efit from structured practice in the instability region, with the
intent of developing muscle patterns that counteract the in-
stabilities.
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Optimized translation of microbubbles driven by acoustic fields
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The problem of a single acoustically driven bubble translating unsteadily in a fluid is considered.
The investigation of the translation equation identifies the inverse Reynolds number as a small
perturbation parameter. The objective is to obtain a closed-form, leading order solution for the
translation of the bubble, assuming nonlinear radial oscillations and a pressure field as the forcing
term. In a second part, the periodic attractor of the Rayleigh—Plesset equation serves as basis for an
optimal acoustic forcing designed to achieve maximized bubble translation over one dimensionless
period. At near-resonant or super-resonant driving frequencies, it seems one cannot improve much
on sinusoidal forcing. However at moderate acoustic intensity and sub-resonant frequencies,
acoustic wave forms that enhance bubble collapse lead to displacement many times larger than the
case of purely sinusoidal forcing. The survey covers a wide spectrum of driving ratios and bubble
diameters including those relevant to biomedical applications. Shape stability issues are considered.
Together, these results suggest new ways to predict some of the direct and indirect effects of the
acoustic radiation force in applications such as targeted drug delivery, selective bubble driving, and

accumulation. © 2008 Acoustical Society of America. [DOI: 10.1121/1.2887413]

PACS number(s): 43.25.Yw, 43.25.Ts [CCC]

I. INTRODUCTION

The present analysis deals with translating bubbles in a
viscous fluid. Under the action of an acoustic pressure wave
(either traveling or standing), the bubble undergoes volume
oscillations. The pressure gradient creates a “Bjerknes force”
that induces a net translation that allows the bubble to move
along the direction of the wave,' as it undergoes shape oscil-
lations that affect the overall translation.”® The coupled
equations that govern the radial and translational oscillations
cannot be solved analytically in a straightforward fashion.
Among other methods, that of decoupling and averaging the
two motions has proved successful at providing an estimate
of the steady translation Velocity.476 The radial oscillations
are assumed sinusoidal and the perturbations around the
equilibrium radius, small. In other words, this method re-
quires the acoustic forcing and bubble volume oscillations to
be weak.

The first part of the present work is an extension of the
theory to handle transients in the translation dynamics and
fully nonlinear radial oscillations. It is based on a previous
analysis, originally applied to the dissolution of spherically
oscillating bubbles, by Fyrillas and Szeri.”® The goal is to
provide a good approximation for the bubble displacement,
so as to understand a bubble under the action of an external
acoustic driving. This work represents a preliminary step to-
ward understanding bubble translation in more complex set-
tings, such as in computationally demamding9 bubble
cloud'®!! simulations, for instance. Because the translation
equation used here does not contain the secondary Bjerknes
force, the approximation is only valid within disperse clouds,
where the attracting or repelling force between two neighbor-
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ing bubbles is negligible and the acoustic scattering is low
enough to not significantly distort the incident acoustic forc-
ing. First, the equations of motion are presented in their di-
mensionless form. Then, a preliminary numerical investiga-
tion provides insight into the bubble behavior in response to
a traveling acoustic wave. A formal study based on the
method of splitting is performed upon the translation
e,qualtion.z""m‘]z’13 This is motivated by the oscillatory nature
of the velocity history. The method consists in recasting the
bubble velocity as the sum of two components. An appropri-
ate time-averaging scheme in conjunction with the method of
multiple scales allows one to develop an approximation of
the two components of the velocity, which are finally added
and compared to the actual numerical solution. The outcome
of the analysis is a better understanding of bubble displace-
ment, which serves as basis for an optimization problem.

The second part focuses on optimizing bubble displace-
ment. This study proceeds along similar lines to prior work
on enhanced acoustic scattering.M‘15 Such a theoretical in-
vestigation is potentially of interest for a better understand-
ing of bubble management in microgravity using an acoustic
wave, or in various medical applications. A number of au-
thors have described the ability of sound fields to displace
micron-sized bubbles—or more recently, lipospheres—
sometimes over significant distances and velocities, up to
half a meter per second."®"” For instance, gas-filled lipo-
spheres pushed by an external acoustic field are being ac-
tively investigated as potential drug delivery vehicles;'®
when used as contrast agents, the controlled displacement—
under the action of the Bjerknes force—of ligand-coated,
micron-sized spheres can facilitate ultrasonic imagingw*2l by
way of enhanced binding to the targeted sites. For specific
examples we choose bubble radii and frequencies that are
relevant to experiments, such as enhanced targeted delivery
of contrast microbubbles.”?

© 2008 Acoustical Society of America



This work presents an indirect way to solve for an opti-
mum displacement. We show that by promoting a stronger
collapse, the bubble should experience a more significant
lurch forward, eventually accompanied by a larger net dis-
placement. This technique is implemented using subresonant
frequencies, where bubble has a longer time to grow in re-
sponse to the rarefaction—leading to a stronger collapse. A
combination of small bubbles and high frequencies is studied
in order to fit within the biomedical context of greatest inter-
est. First, we lay out the theoretical background necessary to
establish the optimization strategy. Then, the Euler—Lagrange
equations are solved using a successive continuation method.
Numerical results follow, later expanded upon so as to study
the influence of the forcing depending on the intensity of the
signal, bubble size, and driving frequencies.

Il. EQUATIONS OF MOTION

In the following section we set up the theoretical back-
ground used to solve for the leading order bubble velocity
and, in a second part, to optimize bubble translation.

A. Bubble motion

Under the action of an acoustic wave, a microbubble
undergoes motion. This motion is governed, in the present
situation, by the translation equation, which appears in a

e 2410,12,13 .
number of publications and reads:

27 d . . 4
—7Tp—[R3(X— U)l=-127uR(X-U,) - TRivp,.
3 dt 3

(1)

R is the bubble radius, U, is the velocity of the surrounding
liquid, moving under the action of the external pressure gra-

dient VP., while X and X refer to the bubble translation
displacement and velocity, respectively. There are a number
of ways to accommodate the translation equation to addi-
tional physical constraints, e.g., wall effects, shell behavior,
etc. For example, Dayton et al."® use a translation equation
relying on experimental data to calculate lipid-membrane mi-
crospheres under the action of an ultrasonic inducer. For sim-
plicity, we shall use Eq. (1). Using a Lagrangian formalism
applied to a single bubble subject to an external pressure
field allows for retrieving the same equation, along with an

gradient term proportional to V|[X-U,
skii et al.®

The translation equation is made dimensionless. To that
end, the following characteristic scales and dimensionless
parameters are used: X=Rgx, U,=f;Rotty, t=7/f 5 Po=PoPcos
and R=Rr. X is the bubble translation with respect to a fixed
frame, f, is the driving frequency, and Ry, is the equilibrium
radius of the bubble. p,. represents the dimensionless acous-
tic wave originating from the transducer. Here, for illustra-
tive purposes, the form of the acoustic wave is considered as
traveling:

Pw=1+P,sin(2@Ry/Ax - 277). (2)

, as described by Ilin-

In order to decouple the equation for radial oscillations from
the translation equation, it is assumed that the bubble trans-
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lation per period is negligible compared to the wavelength A
of the pressure wave, that is, the pressure gradient is simply
a function of time. Alternatively, one can argue that the wave
pressure is passing by relatively quickly, with the conse-
quence that the minute bubble translation per period does not
introduce any significant phase lag, thereby reducing to a
simpler form for use in Eq. (6):

Po=1-P,sin(277). (3)

This is a useful step that allows one to solve for the radial
oscillations, independent of the velocity. By use of these
variables, the dimensionless form of the translation equation
reads

dp-:

iy (4)

d 18

d—7_[r3(x —u,)]=- gr(x —u,) - Cpr3
Dimensionless coefficients C,, and Re are defined in detail in
Appendix D. This is a first-order, variable coefficient ordi-
nary differential equation in X=u, provided that all other pa-
rameters are known. From the application of a balance of
linear momentum in the acoustic limit, it is found that, in-
stantaneously,

pU,=-VP., (5)

Integrating Eq. (5) allows for obtaining a closed-form ex-
pression for U,(7), under the action of the external forcing
P..(7), as derived for example in Reddy and Szeri."?

B. Bubble dynamics

Whereas the study of translation transients does not rely
directly on the Rayleigh—Plesset equation (RPE), the optimi-
zation problem explicitly requires its use in the set of Euler—
Lagrange equations. RPE governs the evolution of the
bubble radius R(¢) subject to some external forcing P., and is
recalled in its simplified form:'

. 3.1
RR+=R*>=—[P,- P..]. (6)
2 p

The exact form of Eq. (6) can be chosen to accommodate a
large array of situations including, for instance, pulse driving
at large amplitudes,w’m’24 viscous damping effects,”” com-
pressibility terms, among others. In this particular case, we
have not included the term proportional to X2 discussed by
Doinikov:' It is most important for higher-intensity driving
of translating bubbles, where the acoustic coefficient P, is
well over 1.0 times the ambient pressure. The dimensionless
pressure at the bubble wall p,=P,/P,, where P,=1.01325
X 10° N m~2 is the static pressure, reads

1 47

=p,+p - - . 7
Pr=Pet Py~ \er " ReEur @)

All dimensionless groups, including the Reynolds (Re), Eu-

ler (Eu), and Weber (We) numbers are given in Appendix D.

The gas pressure p, depends on the dimensionless, normal-

]i)zed internal gas pressure pZO: 1- p:+0'/ (PyR,) and is given
y
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Dy :pzor‘y‘ (®)

and k stands for the polytropic exponent. Therefore, we rely
on the method laid out in Leightonl to determine an appro-
priate value for the polytropic exponent (see Appendix D for
details). Additionally, the RPE often includes terms taking
into account compressibility effects. Here we simply neglect
compressibility effects as is suitable for mild or moderate
forcing within the RPE. Therefore, recast in its
well-known'?**” dimensionless form, it becomes
2
ri+ % =Eu[p, - p.]. 9)

In the present context it is proposed to optimize bubble trans-
lation based on the periodic attractor of its radial oscillations:
We thus restrict the problem to continuous forcing of small
bubbles and periodic radial oscillations.

lll. APPROXIMATION FOR THE SMOOTH BUBBLE
VELOCITY

A. Motivation for splitting
1. Overall objective and method

The analysis starts with the Rayleigh—Plesset equation,
as recast in its decoupled form [obtained by combining Egs.
(6) and (3)], which does not depend on the bubble position
x(t). Therefore, obtaining r(z) over a given time interval is
straightforward. Then, the translation equation (1) is inte-
grated so as to obtain the velocity of the bubble, subject to
the pressure field and using the known function r(z).

Numerical investigations suggest that the translation
may be understood as being the sum of two distinct compo-
nents, namely a smooth part and an oscillatory part: These
features are particularly striking when one examines the ve-
locity of the bubble. The form of the oscillatory problem
suggests an appropriate time-averaging scheme that serves to
define the splitting method.

The scheme relies on the stable periodic radial attractor
to build the velocity approximation. The transient radial dy-
namics do not significantly alter the slowly evolving, smooth
bubble velocity.

2. Slow time scale

Using a pressure field in the form of a traveling wave,
several numerical tests are performed; here we focus on
Re; =280 and Re,=28. Then the velocity u(z) is plotted
against a stretched time axis. A common time scale for the
slow transient is then deduced from this analysis, propor-
tional to the inverse of the Reynolds number. Hence,

1
=Re’= €7 (10)

where 7 now refers to the fast time. Figure 1 summarizes
these results.

3. Splitting method

A close look at the translation equation justifies the idea
to view the velocity as possessing two components. One
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FIG. 1. An illustrative comparison of bubble translation velocity vs rescaled
time at different Re: (a) u(7) plotted against 7 for Re=280 and (b) u(7)
against 107 and Re=28. The slow transients appear to expire around the
same dimensionless time 7,~60-70, which suggests é~er where €
=1/Re.

would be purely oscillatory, that is, with no net contribution
on the translation over time in a periodic acoustic field, after
the decay of transients in the radial dynamics. This compo-
nent is driven by the oscillating part of the pressure forcing
and also by the oscillating liquid itself moving under the
influence of the pressure field. The other part, referred to as
the “smooth” part, is, on the contrary, responsible for the
bubble’s net displacement per period. Because bubble trans-
lation is the result of a balance between the drag force and
the Bjerknes force, and because the drag force is on the order
of €, as seen earlier, it is expected that the smooth solution
will show a slow transient before a more uniform behavior
(in a plane wave). This is a well-known consequence of a
small-order damping term that eventually affects the leading-
order solution of a driven oscillator. These observations sug-
gest the following splitting:

u=u"+u (11)

B. Application of splitting

We begin by introducing a new, nonuniformly evolving
time

R "de

Ho=| 5. (12)

0

Alternatives for the nonlinear time such as #(7)=[{d6r~ are
possible. Nonetheless, that of Eq. (12) is a particularly con-
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venient choice: The derivative on the left-hand side of Eq.
(4) is much simplified in the transformed ordinary differen-
tial equation (ODE). Indeed, by use of the chain rule, Eq. (4)
is recast as

d dp..
—(u—u)+186r(u—u)——CrL (13)
dr dx
where it is understood that
d
r3ua = r3—xa =Xg4
dr
3 — . —
Pu= - =x, (14)

and that, by convention, the terms x;:=i; and x;=u. The
liquid displacement with respect to a fixed frame x,(7) is
found by integrating u,(7) with respect to 7. Finally, the fol-
lowing nonlinear time average is defined:

#T)
JodJo
Here T is the period of the acoustic field and bubble radial
oscillation. Note that

f(D)s= f(3)d7. (15)

),
(= o, (16)
where
1 (7
(0, =7 fo ()dr. (17)

1. Application of the decomposition
First, we note that u=u, is obviously a solution of the
following inhomogeneous ODE:

d
— (i —-d,) + 18er(i—i,) =0, (18)
ar

therefore, the term u, will be conveniently removed from the
problem and replaced at the end.
Substitution of Egs. (11) and (12) in Eq. (13) yields

d
yr — (@™ + 7°%) + 18er(i*™ + 1°°) = — f(7). (19)
P

The function f(7) represents the pressure forcing. The forc-
ing is itself split into two parts using the time average, so that

dT — 0%+ 18eri®° = — f(7), (20)
where
(D =f(1) = (D)3 (21)

the solution of the oscillatory problem is set not to grow
without bound over time. Conversely, the smooth problem
should be excited by an appropriate forcing, so as to guaran-
tee that the split problem is identical to its original form:

J. Acoust. Soc. Am., Vol. 123, No. 4, April 2008
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FIG. 2. The grey line represents the bubble velocity as obtained by integrat-
ing (4) and using the periodic attractor for r(¢). The “net” velocity compo-
nent, represented by the continuous black line, #*™ has been calculated from
the smooth problem (22). In this case the average forcing and averaged
solutions are very close.

{3 (22)

d
— ™+ 18eri™ =
dr

Importantly, Egs. (20) and (22) are such that their linear
combination yields the original problem to solve. Prior to
proceeding to perturbation approximation, the two compo-
nents of the velocity are solved for numerically, as shown in
Fig. 2.

2. Perturbation solution of the smooth problem

As argued earlier, it is expected that the smooth solution

™ is primarily a function of a slow time scale. That is, the

small viscous drag manages to influence the motion to lead-

ing order. Thus, the method of multiple scales in time is
employed, so that

(7€) = tg" + €™ + €5 + - (23)

where ;"= i;"(7, é)|,~=0,1,2 and é=€# is used as a slow time
scale to capture explicitly the slow drifting behavior. Thus
Eq. (22) becomes

d d
— (" + €™ + ) + e (ly" + €} + + )

dr

+18er(dy" + €di™ + -+ ) == () (24)

The forcing itself is assumed to be on the order of e.
Indeed, physically, the drag force and the pressure forcing—
coupled with radial oscillations—should be balanced. Now,
if the forcing is assumed to be on the order of €, then the
smooth solution would grow without bound, which is not
physical. Therefore it is proposed to rewrite (f); so as to
extract a new pressure coefficient, such that

—<f>%=—cp<réd;;> ‘—j< ddl;w> (25)

where J represents a new scaling for the pressure forcing.
Explicitly,
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2P
J=C,Re="—" (26)

J dM’
which, for the weak pressure driving case, is such that J
=0(10%). Furthermore, based on physical reasoning, it is as-
sumed that

AN
j<r . >% 0Q1), (27)

i.e., the averaged forcing excites the first component of #*™
on the slow time scale. Therefore it is expected that the forc-
ing term is on the same order as the drag force, directly
proportional to €. Hence, to leading order, from Eq. (22)

ASM ASm 2

dy>=0e 5" =C(§). (28)

To solve for the constant C(é), a second equation is
sought from the €! terms in Eq. (24):

‘ dp..
= — i~ 18" J<r6%> . (29)

The right-hand side must be constrained so as to prevent the
asymptotic expansion (23) from behaving in a secular man-

ner. Therefore, an additional condition on C(é) is established,
so that

(RHS(29)),=0. (30)

Now, combining the fact that the leading order approxima-
tion of #°™ is not a function of the fast time scale, but only

dependent on é and that the forcing term is a constant, Eq.
(30) is recast as

C' +18(r):C(&) =—,7<r6%>A. (31)

Along with #;"(0)=C(0)=0, to leading order, the smooth
component of the bubble velocity reads

dp-
,64P=
s dx # A
liy" = J——————{exp[- 18(r);¢] - 1}. (32)
18(r);
The next higher order term is computed in the Appendix. It

employs the same strategy, that is, a method combining mul-
tiple scales with the same appropriate averaging.

3. The oscillatory problem

The issue is to solve the following ODE:

6
A%< + 18aﬁ°“=—cp{r5ﬂ—<r6%> } (33)
X X ES

Obviously, the oscillatory term is expected to evolve with the
fast time scale. Importantly, the right-hand side of Eq. (33)
has no net average when computed over a nonlinear period.
Physically, the oscillatory part of the pressure term rdp../ dx
forces the bubble to oscillate back and forth in a rapid fash-
ion, without being significantly affected by the viscous term.
Mathematically, we can write
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r’dp.. 6dr= \ | _ 0
Cp{ - —<r rn >} o(e’), (34)

i.e., the oscillatory component of the pressure field excites
the zeroth-order term of u°¢, recast as a regular perturbation
expansion, such that

GO%C(R) = g™ + €l + S+ - (35)

The leading order terms of Eq. (20) provide

Sdp., dp..
ﬁgf;=—cp{—r df - réc‘;;x : (36)

which, given the initial condition i;*°(0)=0, yields

7 6d - d "
fidﬁ— P02 (37)
o dx dx

A comment is in order. It is clear that the arguments we have
advanced for the splitting—which lead to Egs. (32) and
(37)—are still valid even in the case where the time averages

are slowly evolving (on the time scale é) This occurs, for
example, when the amplitude or wave form are spatially in-
homogeneous and the bubble slowly translates through dif-
ferent areas.

4. Composite leading-order approximation

Thus far a solution has been derived using the nonuni-
form time, 7. Conversion of the solution to a function of the
“true” time is straightforward. The steps described in Eq.
(14) are taken in a reverse order, thereby obtaining for the
smooth problem

<r3dlﬁ>
sm_ CpRe dx [,

“o = 187 (r?),
1872, (Td
X{exp{—ﬁ_%j ) r—f]—l}. (38)

As shown in Fig. 3(a) the leading order solution rapidly and
uniformly converges toward the numerical result. The solu-
tion for the bubble velocity of Eq. (38) obtained by the
method of splitting provides a better rendering of the tran-
sients and a more faithful approximation for the net velocity
than a simpler average-equation solution. Time averaging
Eq. (4) allows for deriving the constant, asymptotic velocity

<r3d’ﬁ>
o C, R d
<M Classical _ _ _Le# (39)

Hw 8 ),

which contrasts sharply with the time-dependent ug"(7).

Likewise, the leading order oscillatory component is
transformed and is augmented by the liquid velocity u,, so as
to read

C
gsc P ~osc (40)

where
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FIG. 3. (a) The leading-order, smooth approximation (38) (solid curve) suc-
cessfully renders the transients and rapidly converges to its asymptotic so-
lution, very close to the numerical solution of (22) (dashed curve; obscured
by solid curve). (b) The bubble undergoes small perturbations around its
equilibrium radius. These curves were obtained using the following param-
eters: Pa=0.01, Ry=1.0X10"m, u=10X10*Nsm™> and f,=28
X 10* Hz. Re=280.

,,3%
" T dp. dx |, [7d6
ﬁ"o“zf r3Ld0—_—3x - (41)
o dx =), o’

When combined together, these two expressions make a
good approximation of the numerical solution. It should be
noted that proceeding similarly with the €' terms for the
smooth and oscillating components provides a very slight
improvement in the composite solution: We have chosen not
to report them in this work.

The argument used in Eq. (27) might be seen as an in-
herent limitation of the proposed method. It is necessary to
test the validity of the model for stronger collapses, such as
those featured in Fig. 4(b). For that case, the bubble velocity
features rapid accelerations each time the radius collapses:
Every time this happens, the bubble lurches forward, for rea-
sons explained in Reddy and Szeri.”® In this case, it is more
subtle to interpret the velocity in terms of smooth and oscil-
lating terms, as plotted in Fig. 4(a). Once again the approxi-
mate smooth solution (32) is checked against the numerical
solution of Eq. (22), obtained by using r(7) in the translation
equation. It captures the mean behavior well. Because the
value of the smooth velocity significantly departs from the
average over a period of the bubble translation velocity—as
is the case in Fig. 3(a)—Fig. 4(a) illustrates the fact that the
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FIG. 4. (a) Same as Fig. 3 but for stronger collapses and Re=3.2. The
smooth velocity is dominated by some sizable excursions due to the violent
radial collapses experienced by the bubble, as illustrated in (b). Neverthe-
less, it is properly regarded as being responsible for such net translation as
occurs over the period. These solutions were obtained using using stronger
driving amplitude, Pa=1.0, Ry=2.0X10° m, u=1.0X107 Nsm™, and
f,=80X10* Hz. Due to the lower Reynolds number, the transients expire.
Thus, after two periods only a close match is achieved between the approxi-
mate solution (38) and its numerical counterpart obtained by integration of
(22).

velocity resulting from the averaged forcing is not the aver-
aged velocity, as is the case for weaker acoustic forcing: This
observation confirms the conclusions obtained from previous
studies.*!? Indeed, for small radial oscillations, the average
of the velocity is approximately the same as the velocity that
one would obtain from the average of the forcing.4 However,
for stronger forcing, it is not true. For example, this error can
be quantified by the root mean square of the difference be-
tween the averaged-forcing solution of Eq. (22), u*™, and the
averaged numerical solution of Eq. (4), u™™:

1+d 1+d -1
V= J (W™ — a™™)2dr | X f (w™2dr|
0 0

+d +d
(42)

where d>0. Both solutions are taken when the translation
has reached its asymptotic form. In the case of the example
in Fig. 2, v=2.887 74 X 1072. For stronger cases such as that
of Fig. 4(a), v=80.1154 X 1072

C. Displacement predictions and shape stability
issues

We may now obtain a simple solution for the distance
traveled by a bubble subject to a uniform, acoustic pressure
field. To do so, the asymptotic value for the leading-order
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FIG. 5. Contour plots showing the smooth, leading-order, dimensionless,
steady displacement of a bubble of equilibrium radius R, over one period of
driving. The white patches atop the contour plots indicate the regions of
shape instability. Displacement predictions were computed for three bubble
sizes: (a) Ry=2X10"°m, (b) Ry=10X 10" m, and (c) Ry=100X 107° m.
The horizontal axis corresponds to to the driving ratio f,=f,/f,, where f,; is
the driving frequency and f,, the natural frequency, indicated for each equi-
librium radius.

approximation for the smooth bubble velocity is integrated
over one period of driving, so as to yield the asymptotic,
one-period, leading-order, dimensionless, smooth bubble dis-
placement, referred to as Axff;. We can also assess any sta-
bility issues arising from the unsteadily translating, spheri-
cally oscillating bubble. To do so, the numerical procedure of
Reddy and Szeri* is employed and overlaid onto the dis-
placement predictions, as illustrated in Fig. 5.

Subsequently, it is possible to estimate the efficiency of
the driving, as a function of some mechanical parameters,
namely the acoustic wave pressure coefficient P, and the
driving frequency ratio, f,=f,/f,, where f, is the natural
frequency of the bubble of nominal radius R,. A series of
experiments is run with Ry={2,10,100} X 10°° m. The re-
sults are presented in the form of contour plots. The dark
regions represent areas of greater displacement, whereas
whiter regions show less bubble travel per period. For these
tests, the parameter range has been restricted in order to fo-
cus on a more stable region.

A bubble tends to reach its maximum net displacement
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per period when the driving frequency reaches the natural
frequency of the oscillator. For smaller bubbles—R,~2
X 107 m—instabilities arise above a threshold for overpres-
sure coefficients of P,=0.4 and above. However, for larger
bubbles, shape instabilities arise at lower amplitudes, as seen
in Fig. 5(b). These results can be further extended to an even
broader range of pressure coefficients and frequencies, al-
lowing for a comprehensive mapping of bubble displacement
in various applications of ultrasonic driving.

D. Summary of the perturbation approach

The method of splitting has been successfully applied to
approximate the rapid and slow transients in the velocity of
an acoustically driven bubble. A scaling was first performed
to identify the slow transient time scale, after which two
components were distinguished and determined. This method
relies on the fact that the radial oscillations—and pressure
field—are asymptotically periodic in time. There is no addi-
tional requirement on the nature of the radial dynamics: As
such, the method is reliable even in the case of stronger
collapses. The main contribution of this technique is its abil-
ity to combine usefulness and simplicity. It is useful because
it explicitly captures the slow drifting motion. It is simple to
implement numerically because it only requires knowledge
of radial periodic attractor. More generally, we have devel-
oped a technique to approximate the response of a periodi-
cally driven, linear oscillator with nonconstant coefficients.
Finally, because the bubble displacement can be written
down as a simple, closed-form expression, with only a lim-
ited set of parameters, it opens the way for new investiga-
tions such as optimizing bubble travel by using an appropri-
ate forcing. It is the subject of Sec. IV.

IV. OPTIMAL FORCING PROBLEM
A. Acoustic forcing

Regardless of the method chosen to reach a larger dis-
placement, the objective is to design an optimal acoustic
forcing, F, in the form of a traveling wave, of period 1. To
evaluate the performance of the optimized forcing, an addi-
tional reference forcing is defined. It has the form of pure,
ideal sine wave of identical fundamental frequency. Thus:

xR
pOCOO“V =1+P, sin(ZWTO - 2777-) ~1-P,sin(277),

(43)

R .
pgp1=1+F<27T%—27TT> ~1+F(7). (44)

The dimensionless time 7=¢/T; the period T=1/f,; M,
=Ry/(c,T)=Ry/A is the local Mach number. It is taken as
infinity inside the argument of F, which remains valid as
long as the quantity Ry/A<<1, as is the case here, which

allows for a useful simplification, turning F(x,7) into F(7)
only. However, it is assumed finite when taken as a multipli-
cative factor, because the net force on the bubble is due to
the spatial variation of the pressure field. Thus, spatial and
time derivatives are related:
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dpo"  Ryf,dF dF
- __Roadb _, dF (45)
dx c, dr dr

The pressure gradient of pS°" is computed in a similar way.

Periodic conditions are enforced in the boundary problem.
Here, for purposes of comparison, we want to synchronize
the optimized wave form to that of an ideal sine wave of
dimensionless period of unity, as is the case in Eq. (43). In
what follows, the conventional forcing of Eq. (43) will be
used to compare the performance of the optimal forcing of
(44). The acoustic coefficient P, will be adjusted to achieve
equal acoustic energy, computed from the L, norm of the
forcing. To that end, an adjusted coefficient P{, is computed,
such that:

1 1 1 12
f [P¢ sin 2mr7)*dT= f Fdre Po= {2[ I:"zdr} .
0 0 0

(46)

The focus of this work is on continuous wave driving.
Pulse driving was the subject of another recent paper.15
Though not dealing with translation, an optimal acoustic
forcing was calculated to maximize the processed signal
emitted by a bubble. We note that bubble translation in re-
sponse to pulse driving can be tackled using the approxima-
tion of Sec. III for the oscillating component of the velocity.
Assuming that the acoustic wave being pulsed is fast enough,
its contribution on the slow time scale is essentially zero.
Therefore, the dynamics of the bubble are limited to that of
the fast time scale. However, this is beyond the scope of this
paper. Here we focus on net bubble displacement asymptoti-
cally due to continuous forcing.

B. Optimal problem

In what follows, a cost function is constructed with a
goal to maximize bubble displacement over a dimensionless
period, while three constraints complete the problem.

1. Objective, rationale, and strategy

The most straightforward method to try to maximize
bubble displacement is to maximize the following integral:

1
Z:f uy"dr, (47)
0

which serves as basis for an optimization problem. Two
cases are conveniently distinguished, namely, superresonant
(f,=1.0) and subresonant forcing (f,<<1.0).

At superresonant frequencies, this particular method
yields slight improvement to the bubble displacement com-
pared to sinusoidal forcing of the same frequency. The solu-
tion for the optimal problem is thus very similar to a sine
wave, adjusted in phase. In turn, the averaged Bjerknes
force,
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1
dp-
J P24 (48)
0

is maximized. Consequently, uy" becomes larger: In the spe-
cific case of a 15 um bubble forced at 1.25 times its natural
frequency, a 6% increase in the overall smooth velocity is
experienced for optimized relative to sinusoidal forcing. Re-
call that at superresonant frequencies, the bubble can only
undergo smaller oscillations. As the superresonant case is
straightforward we shall not go into further detail here.

Still, the above-mentioned cost function is unsuccessful
within the subresonant frequency domain: The solution for
the optimized displacement appears to be trapped in a local
minimum. Such a displacement-minimizing solution serves a
purpose, however. By computing the radial variance o, it
appears that larger displacements (using a regular sine wave)
correspond to smaller values of 0. While it remains neces-
sary to seek another way to achieve larger displacement for
these specific subresonant frequencies, this observation
brings new light on the problem. In what follows, an alter-
native cost function, based on minimized radial variance,
allows one to maximize displacement indirectly by enhanc-
ing bubble contraction.

Recall that bubble behavior at subresonant forcing is
very much different than that observed at superresonant fre-
quencies. For instance, the very nonlinear sonoluminescence
phenomenon might be obtained using very low frequencies
(f,=0.035, Ry=4.5 pm) and high intensities (P,=1.25). Un-
der these conditions, a bubble sees its radius expand up to
ten times its nominal size, before collapsing violently. At this
time the rising temperature due primarily to compression
heating ionizes the gas inside the bubble, forming a plasma;
the recombination of ions and electrons eventually produces
light emission.”**

While replicating these extreme conditions and phenom-
ena is not the subject of this work, it is of interest to favor
these nonlinearities to induce a larger displacement. As
shown by Reddy and Szeri,"? at subresonant frequencies, dis-
placement mostly occurs when the bubble undergoes a col-
lapse: Conservation of linear momentum allows the bubble
to lurch forward when its volume reaches its smallest value.

This physical reasoning concurs with the numerical ob-
servations mentioned earlier regarding radial variance. It
supports the idea that, at low subresonant frequencies, a
larger displacement can be achieved when the radial variance
is minimized. Small radial variance means that the bubble
has more time to grow to a large radius and features a sharp
and short contraction, itself accompanied by a significant
lurch forward. Because subresonant forcing favors such ra-
dial contractions, computations are carried out at driving fre-
quencies that are well below unity, on the order of f;
=0.2f,,. Therefore, the new cost function provides an indirect
way of achieving larger displacement, compared to that ob-
tained in the case of a pure, sine wave with equal intensity
and driving frequency. Admittedly, this particular cost func-
tion remains only one possibility among other potentially
successful ones. Their existence is beyond the scope of this
study.
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2. Cost function and constraints in the subresonant
case

The new cost function is
1

Z= f (r—7)dr. (49)
0

7 is the time average of the radius over a dimensionless pe-
riod. Its value is not necessarily close to unity, though it
might be the case at low-intensity forcing. The first differen-
tial constraint is in the form of RPE multiplied by a time-
dependent Lagrange multiplier N(7):

1
f ND(RPE)dr. (50)

0

The second (integral) constraint is straightforward: It is re-

quired that the L, norm of F be limited to a constant, referred
to as c¢. Recall that the dimensional power E of an incoming
acoustic wave is proportional to its square divided by pc;.
From a technical point of view, constraining this sets a rea-
sonable level of driving intensity. Mathematically, introduc-
ing a power threshold allows for restricting the problem to
shape-stable bubble behavior. Therefore, it is imposed that,
for the dimensionless acoustic wave of Eq. (44),

1
J F(ndr=c. (51)
0

The third (integral) constraint enforces that the acoustic forc-
ing has no average, lest the problem involve a net displace-
ment of the surrounding fluid over one dimensionless period.
Indeed, the pressure gradient and the velocity U, are related
through the balance of linear momentum in the acoustic limit
by

. dp,, . .,
pUa=—E<:>pUa=—MLF. (52)

The complete dimensionless expression for u, is given in Eq.

(C2), and is shown to depend directly on the forcing F.
Therefore, integrating Eq. (52) once with respect to time,
while holding the bubble displacement X(¢) to some constant
Xy—a valid assumption given the pressure driving amplitude
and size of the bubble—and imposing no net displacement of
the surrounding liquid translates to

1
j F(Ddr=0. (53)

0

Because the constraints on the norm and average of the con-
tinuous forcing are integral—as opposed to the differential
constraint of Eq. (50)—and not a function of 7, the two
Lagrange multipliers associated with these are scalars. Com-
bining Egs. (49)—(53) allows for writing the final cost func-
tion, incorporating the constraints:
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1 1
Z= f (r—7%dr+ f {d(F2(7) - ¢) + N(7)(RPE)
0 0

+ pF(7)}dr. (54)

The derivation of the Euler-Lagrange equations associated
with minimization of the cost function are relegated to Ap-
pendix A.

C. Results

Here we report the displacement gain realized by mini-
mizing the radial variance at subresonant frequencies. Re-
sults focus on three bubble sizes, Ry=5, 15, and 25 um. One
particular set of driving frequency f,=0.2 and radius R,
=15 um is examined to illustrate the close relation existing
between minimized radial variance and larger displacement.
Some plots focus on the resulting bubble radial response and
smooth velocity, when driven by the optimized acoustic forc-
ing. Additional figures emphasize the correlation between
minimized variance and larger displacement under various
forcing frequency and bubble radius conditions. Figure 11
summarizes these results by providing an overview of opti-
mal acoustic forcing depending on the bubble size and driv-
ing frequency.

1. Solution of the optimization problem

Equations (6) and (A5), (A3) and (A4), (51) and (53)
define the optimal subresonant forcing problem, i.e., the so-
Iution of these equations will minimize variance, which in
turn we show will increase overall displacement of the
bubble when f, is less than 1. The software AUTO is chosen
to handle these calculations.’® ™ It uses the pseudoarclength
continuation method to continue a branch of solution to a
given system, given one so-called free parameter and a set of
initial solutions on the branch. We use it to enforce succes-
sively the various integral constraints and periodic condi-
tions. For simplicity, the mathematical details of the prob-
lem, including the implementation steps of the successive
continuation method, have been relegated to Appendix B.

The average dimensionless bubble displacement over
one dimensionless cycle, Ay, is the result of the integration
of the asymptotic value for the velocity approximation over
one dimensionless period:

1 37 -3
f uy'dr=Apjn = JMLM.

. 180, ©5)

Thus, to recover a dimensional displacement over one sec-
ond, Aj;, should be multiplied by Rf}.

2. Optimal and sinusoidal forcing

The solution to the system of Euler—Lagrange equations

provides a particular acoustic forcing F: one that minimizes
variance at subresonant frequencies. A smaller variance (49)
is achieved in conjunction with a larger displacement (55)
when employing the optimized forcing. The results reported
here were obtained by letting f,=0.2, c=0.01, and Ry=5, 15,

and 25 um. For each bubble size, the optimized forcing F R,
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FIG. 6. (a) Three levels of acoustic energy (color coded from light gray to black), where ¢=[0.01,0.02,0.05], affect the shape of the optimal forcing F(7)
designed to minimize radial variance of 15 wm bubble with f,=0.2f,. At larger intensities some wiggles appear. (b) The Bjerknes force is proportional to

dF/dr, plotted for the three same values of c.

is used to compute the corresponding displacement and ra-
dial variance. Regardless of the size, a smaller variance
strongly correlates with a larger displacement at this subreso-
nant frequency. These results are shown later in Fig. 9.

An illustrative example is intended to show the effect of
minimized variance upon radial collapse and subsequent
lurching for a 15 um bubble forced at f;=0.2f,. This com-
bination {15 wum, 0.2} is highly representative of the method
employed in the present work. For completeness, an addi-
tional continuation step was performed so as to compute an
optimal forcing for three levels of intensity ¢
=0.01,0.02,0.05.%® At each level, the optimized forcing fea-
tures a sharp compression after a longer period of rarefac-
tion. With increasing intensity come wiggles due to the
stronger nonlinear behavior of the bubble (Fig. 6). The re-
sulting larger velocity and radial oscillations are shown in
Fig. 7. When compared to the case of an ideal, pure sine
wave of identical frequency and intensity, the bubble under-
goes stronger collapse around 7=0.75. In turn, the smooth
velocity shows large spikes: This is an expected consequence
from the analysis of the driving term in Eq. (38). In this
particular example, the dimensionless radial variance has
been reduced by 9%, resulting in a translation velocity that is

1.04

1.02

0.96 |

0.94

(@)

71% larger than the case employing a pure, ideal sine wave.
To ensure the shape stability of the solution, ¢=0.01. Be-
cause the methodology itself is not significantly affected by
the intensity level (this issue is discussed in a later section),
we shall focus our attention on this particular value for c.
Moreover, the method implemented to check the stability of
the periodic attractor is discussed in Sec. IV D.

A third continuation step, using R as a free parameter, is

performed to calculate a series of optimal solutions F Ry Each
of these solutions minimizes the radial variance of a given
bubble radius, R, at f,=0.2. Figure 8 shows how these so-
lutions evolve with bubble size. As the bubble grows larger,
the solution for the optimal wave forcing does not evolve
any further. The existence of this aggregate solution for the
optimal acoustic suggests the following question: By how
much is the bubble displacement affected when driven by
that particular solution? A numerical test is conducted. Each
bubble Ry,=5, 15, and 25 um is acoustically driven three

times using f*} > F 15 um> and ﬁzs am USINg an intensity
level of ¢=0.01. The latter optimal forcing (Fs um) We refer

to as the optimal limit forcing (OLF). It turns out that F,s um
is the forcing that provides the best displacement possible

FIG. 7. (a) The radial oscillation is shown for ¢=0.01. The dotted curve represents the optimized dynamics. The radial response to a sinusoidal wave with
P,=12¢ (continuous curve) features a collapse around 7=0.75; this is intensified with optimal forcing. (b) The bubble velocity as approximated by (38) is
larger when subject to the optimal forcing. On average, the velocity is in this case 71% larger.
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FIG. 8. Evolution of the optimal acoustic forcing for bubble radii of R,
=[2,5,15,25] pm, all driven at f,=0.2, color-coded solid gray, dotted gray,
dotted black, solid black, respectively, while ¢=0.01. For larger radius sizes,
there is no significant change in the optimal forcing shape. The black curve
corresponds to the OLF.

over this range of bubble sizes, given this particular method.
While it does not yield the smallest radial variance at 5 and
15 pum, it still outperforms the pure sine wave which features
a larger radial variance and a smaller displacement (see Fig.
9). From here on, at subresonant frequencies we shall use
this OLF scaled appropriately, regardless of bubble sizes, for
reasons explained in the following.

We now proceed to the practical identification of the

is : Fas
' Fis
°F
5 8
<
<
25
2L FReg
8.3 8.4 8.5 8.6 8.7 8.8 8.9 9
(a) a?x10*
45 Fas
s
PREAL
Fs
y=)
~ 35+
X
<
3 L
25t Freg
1.1 1.12 1.14 1.16 1.18 1.2
(c) ?x10°

1.75
1.5
1.25

0.75
0.5

Ax10°

0.25 i

0.3 0.4 0.5 0.6 0.7 0.8

FIG. 10. For f,<0.665, bubble displacement A is consistently larger when
driven by the OLF (black dots) than when using a pure sine wave (gray
dots). For f,=0.665, the situation is reversed. Ry=2 X 107% m, ¢=0.01, and
n=1.0x10"3Nsm™

area of parameter space where it is more favorable to force
bubbles with the OLF. The results are shown in Fig. 11. For
a fixed radius, as the driving ratio is increased from low
values (Fig. 10), the displacement in response to OLF re-
mains larger than the case of purely sinusoidal forcing for
< ff =0.665. For f,= f’: , the situation is fully reversed. As
an illustration of displacement gains, Fig. 10 shows how the
optimized dimensionless displacement experienced by a
2 um bubble can be up to 12 times larger with the OLF at
f=0.5.
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FIG. 9. (a) The top figure shows the asymptotic smooth displacement A over one dimensionless period vs the dimensionless radial variance ¢° of a 5 um
bubble forced at f,=0.2 using optimized forcing corresponding to specific bubble sizes of 5, 15, and 25, labeled Fs ,um, Fis ,um» and Fas ., tespectively. (b)
The middle figure corresponds to the same experiment conducted with a 15 uwm while (c) the bottom figure uses a 25 um bubble.
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FIG. 11. The darker shades of the contour plot represent the regions where
AOLF ASne> 1. Additional information is overlaid as follows. Below the
limit depicted by the black dots (representing f,,=0.665f,), the optimal forc-
ing provides larger displacement than the case of a conventional sine wave.
Small white dots reveal the region where an optimally forced bubble yields
larger radial variance than for a sinusoidal wave, yet undergoes a larger
translational velocity. For driving ratio of f,=0.665 and above (limit repre-
sented by the black dots), a larger displacement is obtained using a pure sine
wave for subresonant frequencies. Above the natural frequency limit
(dashed grey curve), the superresonant results apply. The driving intensity
¢=0.01.

In other words at any driving frequency ratio above
0.665, a pure sine wave is preferable to the OLF for overall
translation. In fact, close to resonance, forcing the bubble at
its natural frequency promotes a more significant response
than that experienced when subject to a blend of frequencies.
Thus optimizing the variance to achieve larger displacement
does not work at subresonant frequencies where f,=0.665.

These data are assembled in Fig. 11 which is intended to
be a design diagram, whose purpose is to choose at-a-glance
an appropriate forcing that maximizes displacement, given a
driving frequency and a bubble rest radius. Note that a simi-
lar diagram can be constructed for higher intensities.

D. Discussion

Because the solution to the problem 6Z=0 is obtained
using a continuation method, one must ensure that the solu-
tion for RPE is realizable. First, it has to be stable and sec-
ond, it has to be reachable from the particular initial condi-
tion r(0)=1.0 and #(0)=0 (quiescent bubble). To guarantee
these criteria, all the solutions for the volume oscillations are
integrated through the transients, and convergence is ob-
served for all the cases investigated. We therefore conclude
that all optimal solutions deriving from the method presented
here are stable. Besides, the use of results such as those
plotted in Fig. 5 allow us to predict the intensity levels (c
=P§/2) that are likely to create shape instability. Note that
for the bubble sizes we have studied so far (Ry~ 10 um),
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FIG. 12. The cutoff frequency ratio f: depends on the intensity of the
incoming acoustic wave. As ¢ increases, the frequency range where the OLF
provides a larger displacement than a pure sine wave is reduced. The set {

c=0.01,frk =0.665} used in the text is highlighted for convenience. Note that
¢=0.02 corresponds to P;=0.2.

¢=0.01125 is a limit value (P,=0.15), which, for frequencies
next to resonance, is likely to induce shape instabilities.
For completion we have repeated the numerical tests for
a range of acoustic intensities c
={0.0075,0.0125,0.015,0.0175,0.02} in addition to the c
=0.01 results. Of significant interest is the fact that the form
for the OLF is very similar in its overall shape as ¢ increases.
Also, we have identified a slight dependence between the
cutoff frequency f;k and ¢, which is plotted in Fig. 12.

E. Summary of the optimization problem

In this work we have set up a method to optimize acous-
tic forcing in order to induce a larger bubble displacement
within the subresonant and superresonant frequency range.
At superresonant frequencies, one can directly optimize the
distance traveled over a period to find the optimal wave form
is quite similar to a sinusoidal wave form. Near resonance, a
sinusoidal wave form is the best. For subresonant frequen-
cies, the method used to maximize displacement is indirect,
i.e., to minimize radial variance and thus promote stronger
collapse. The correlation between minimized variance and
larger displacement is limited to a particular frequency band.
To develop a practical result, a single, OLF has been com-
puted. This forcing is able, in terms of bubble displacement,
to outperform a regular sine wave for all subresonant fre-
quencies up to a cutoff frequency ratio ff =0.665, for the
case ¢=0.01.

To conclude, if the bubble is driven at a superresonant
frequency, a direct method, as explained earlier, is success-
ful. However, the improvement is rather modest. Near reso-
nance, sinusoidal forcing is best. For f.<<0.665 the OLF is a
straightforward way to deliver larger overall displacements
than a pure sine wave. In some cases, the latter improvement
is spectacular.
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APPENDIX A: DERIVATION OF THE
EULER-LAGRANGE EQUATIONS

Here, we develop the differential equations and integral
constraints that are equivalent to the statement of the optimi-
zation problem. To do so, it is assumed that an optimal so-
lution exists, and we perturb away from it. The change in the
cost function Z should be zero, to first order in the departure
from the optimal solution. To this end, each variable is recast
as the sum of the optimal solution—denoted by an
asterisk—in addition to some small variation €df;, where f;
refers to any of the system variables. Hence r(7)=r*(7)
+€6r(7), etc. The cost function Z becomes Z*+&8Z, where
we have used integration by parts to simplify the equation in
the usual manner:

2\ Rk ST : 2
O0Z=| or +2NF =N | +[6FrN]y+ 6| {F
9Rer 0

0

1 1
—c}d7‘+57)f Fd7+f SF{n+2¢F +Eu \dt

0 0
: _4x . . (3BuPik
+ o\ 2(r—=7)— —— =FN+rN+ X\ mg—
0 Rer e
Eu ) + f 1 SMRPEM (A1)
- — 7 T.
We 2 0

The RPE (6) is forced by an external pressure wave form p.,
now featuring the function to optimized F and an additional
“homotopic part,” forcing we use for convenience; its use is
discussed in Appendix B:

Po=1+F+asin(277). (A2)

The objective is to solve for the forcing F(7) so that §Z of
Eq. (A1) is zero.

Because we focus our attention on asymptotic dynamics
subject to periodic forcing, the radial boundary conditions
are straightforward:

r(0)=r(1),

The inspection of Eq. (A1) combined with these boundary
conditions suggests a convenient choice of similar conditions
for the time-dependent Lagrange multiplier and the acoustic
forcing F:

7(0) = 7(1). (A3)

F0)=F(1), NO0)=\(1), X0)=\(1). (A4)

These results simplify the variation of the cost function in
Eq. (Al). Recalling the fact that the variations &r and S\ are
arbitrary and independent for all 7, we require that the inte-
grands associated with these variations be zero at all times.
Hence, in addition to the forced RPE, the differential equa-
tion for the Lagrange multiplier is
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EuN 4\ ( d)\r') »
— + ro.

—ae Mt + 2r+ ——
+ Wer®  Rer? dr

(A5)

A similar argument yields a new condition for the SF factor
in the integrand, hence

7+2¢F +Eu\=0. (A6)

On the other hand, because ¢ and # are scalar, the two inte-
gral conditions remain. However, the zero-average constraint
is easily enforced by adjustment of #, tuned in such a way
that

1
n=- f Eu \dT. (A7)
0

Therefore, a closed form for the forcing F is obtained by
combining Egs. (A6) and (A7), so as to read

Eul+ 17y
2¢

(A8)

The final set of Euler-Lagrange now consists of the two
differential equations (6) and (A5) along with boundary con-
ditions (A3) and (A4) and the integral condition (51). The
forcing F and the constant 7 are then fully determined from
the other components of the solution.

APPENDIX B: DETAILS OF SOLUTION USING AuTto

To explore the optimal forcing we use the pseudoarc-
length continuation software AUTO. In what follows, the ob-
jective is the following: obtain the optimal solution for the
acoustic forcing so as to maximize bubble translation over a
period, while enforcing the integral constraint (51). The pro-
cess is realized in several steps, based on the continuation
strategy of Doedel [31,32].

In the first continuation the solution of the system starts
at a quiescent solution, i.e., r(t)=1.0, A(1)=0, and ry=1.0.
All the other variables are set to zero while ¢ is set to an
arbitrary value. «, ¢, and 7 are free to float. The homotopic
forcing amplitude « is increased from zero to a finite value.
Because Eq. (51) is relaxed, F becomes nonzero due to the
Lagrange multiplier, itself forced through Egs. (6) and (A5).
Note that allowing 7 to float is necessary so as to enforce
automatically the integral constraint (53). For the second
continuation run, ¢ is held at some finite value, thus enforc-
ing integral constraint (51). Physically, this prevents F from
going to zero as the homotopic forcing is slowly turned
down. The homotopic amplitude is then turned off com-
pletely, while ¢ and # are allowed to float. This yields the
first optimal solution for the forcing F, with some finite en-
ergy c. The third continuation run involves varying the ¢
parameter, so as to explore a broader spectrum of intensities
for the acoustic forcing. Again, the two scalar Lagrange mul-
tipliers ¢ and 7 are free to float. In the fourth continuation,
starting from a given energy level, the radius serves as free
parameter while the driving frequency is adjusted to a fixed
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ratio of the corresponding natural frequency. Similarly, the
two scalar Lagrange multipliers ¢ and 7 are free to float so
as to yield optimal solutions.

APPENDIX C: LIQUID VELOCITY

Let the external dimensional pressure field P,=P(1
+P,FQ2mX/\-2mf,t)) where X and ¢ are dimensional. In the
acoustic limit [24] the balance of linear momentum reads, in
dimensional terms:

dp..

X (C1)

pU, =
With an appropriate set of dimensionless variables (U,
=Ryf gy Po=Pops, X=Rox, and t=7/f,;) and holding the
bubble displacement x constant, one obtains the expression
of the dimensionless liquid velocity under the action of the
external pressure field as

Py .

u, ~ —>—F(7).

=~ C2
NfapRo (©

APPENDIX D: DIMENSIONLESS COEFFICIENTS AND
PARAMETER VALUES

The Mach number M, in the fluid surrounding the
bubble M;=R,/c;T, where R is the equilibrium radius of the
bubble, ¢; is the sound velocity in water—set to
1484.70 m s~! in this context—and 7 is the time scale equal
to the inverse of the driving frequency f,;. The Reynolds
number Re is defined from the translation equation (1) as

2
Re = p—RO,
uT
where p=998.0 kem=2 is the fluid density and w=1.0
X 1073 N s m~? its dynamic viscosity. The Euler number Eu
scales the atmospheric pressure Py=1.013 25X 10° by some
characteristic kinetic energy, so as to read

(D1)

P,T*
Bu= 2oL (D2)
PRy
The Weber number We relates surface tension o
=0.0728 N m™! to the pressure at equilibrium, so that
PyR
We = 0 0. (D3)
20
The equilibrium gas pressure P:O is defined as
2
P* =1+ —— _p*, (D4)

80 PR, S
where P* stands for the ratio of the vapor pressure and static
pressure P. The pressure coefficients C, and J are calcu-
lated from the translation equation:
P
Cp= —02 ’
12p(f4Ro)
From the product of C » and Re, the dimensionless number J
was defined earlier as

(D5)
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J=ReC,. (D6)

The equilibrium radius Ry=2.0X 107 m corresponds to a
natural frequency (f,) of 1.69 MHz; Ry=4.5X10° m im-
plies f,=0.68 MHz. The natural frequency is calculated by
recasting RPE in a linear form, letting r(7)=rq+ er(7). It is
then straightforward to show that, for the Rayleigh-Plesset
equation as stated in Eq. (6),

fa V|42 = pRy(3PyRy + 40). (D7)

- 27'rpRS
In this document, the driving frequency is referred to as a
fraction of f,, thereby defining the frequency ratio f,=f,/f,.
Finally the choice of the polytropic exponent is calculated
from Leightonl and Prosperetti3 * using the ratio of the
bubble radius to the thermal penetration depth and the ratio
of the conduction layer thickness to the acoustic wavelength
in the gas. Since the first ratio

_ RS

4

G, 107! (D8)

at a 100 kHz range, micron-sized bubbles with a thermal
diffusivity of D, ~ 107#, the polytropic exponent is thus set
to unity (isothermal model).
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Measurements of the phase velocity and attenuation of sound in concentrated samples of bubbly gels
are presented. Hair gel was used as a matrix material to obtain well characterized distributions of
bubbles. Ultrasonic measurements were conducted over a large range of frequencies, including the
resonance frequencies of the bubbles. Surprisingly good agreement with Foldy’s prediction was
found, even for monodisperse samples at resonance frequencies, up to volume fraction of 1%.
Beyond this concentration, the effects of high-order multiple scattering were observed. These results
support the feasability of ultrasonic techniques to investigate the size distribution of bubbles in a

weak gel or liquid. © 2008 Acoustical Society of America. [DOIL: 10.1121/1.2875420]

PACS number(s): 43.30.Es, 43.35.Bf [TDM]

I. INTRODUCTION

It is well known that the presence of bubbles in a liquid
has a tremendous impact on its acoustic properties. For ex-
ample, the injection of air in water with a volume fraction of
®=0.4% is enough to reduce the velocity of sound at low
frequencies to roughly 0.2 mm/us, a value which is even
lower than the velocity of sound in the air that comprises the
bubbles. This property, strange as it may seem, is well
established' and has  been thoroughly  checked
experimentally.z’4 On the other hand, the behavior of ultra-
sonic velocity and attenuation at higher frequencies is still
not fully understood. According to Foldy’s model,’ the effec-
tive wave vector k for a monodisperse population of bubbles
is given by

2 2
k2=(9+13) =2+ dmnflw,n), (1)
v 2 vy

where v, is the velocity of sound in the pure medium, n the
number of bubbles per unit volume, and f(w, r) the scattering
function at angular frequency w for a bubble of radius r.
Figure 1 shows the attenuation a and phase velocity v in
water for a 0.4% volume fraction of 100 wm radius bubbles,
as calculated by Eq. (1). As the frequency gets close to the
resonance frequency of the bubbles (=30 kHz in this case),
the dispersion and the attenuation dramatically increase. Few
experiments have been done to check the validity of Foldy’s
expression around the resonances of bubbles. In 1957,
Silberman® acquired data by measuring standing waves in
pipes filled with bubbly water. Unfortunately, the method
was not very accurate for high attenuation regimes, because
the requisite standing waves could not develop. Only a rough
estimation of the attenuation was possible and results exhib-
ited a strong discrepancy with the model in the presence of
resonant effects, even at volume fractions as low as a few

“Electronic mail: valeroy77 @yahoo.fr

J. Acoust. Soc. Am. 123 (4), April 2008

0001-4966/2008/123(4)/1931/10/$23.00

Pages: 1931-1940

hundredths of 1%, as pointed out by Commander and
Prosperetti.7 More recently, Wilson et al. reported significant
plrogress4 by developing an impedance tube specifically de-
signed for exploring the high attenuation regime in bubbly
liquids. 8 They found good agreement with Foldy’s model,
but their bubbly liquids were very dilute (0.054% at most)
and the exact distribution of the bubble radii was not known.

In contrast to the lack of experimental investigations on
this subject, the number of theoretical discussions of Foldy’s
model is striking.9_13 In 1961, Waterman and Truell’ pub-
lished a criterion for the validity of Foldy’s equation, dem-
onstrating that an improvement of the model was needed
when resonant effects were to be considered. The failure of
Foldy’s model is usually attributed to its inability to take into
account the coupling between bubbles. Indeed, in Eq. (1), the
scattering function f is that of an individual bubble. When
the response of the bubbles to the acoustic energy input is so
strong that interactions between them cannot be neglected, f
should be replaced by a “collective” scattering function F.
Several authors, using different approaches to the problem,
proposed expressions for this new scattering function.'*"
But none of these corrections'® to Foldy’s model has been
able to fit Silberman’s historical data better than Foldy’s
original model.

The aim of the present paper is to fill the gap in reliable
experimental data on the propagation of sound in a bubbly
medium at frequencies close to the resonance frequency of
the bubbles. Wilson’s work® represented a significant ad-
vance on Silberman’s experiments, but results for higher
concentrations of bubbles (®>0.1%) and for accurately
known size distributions are critically needed. In Sec. II, we
present the experimental setup we developed to produce
well-characterized bubbly media, and to investigate their
acoustic properties. Section III briefly introduces Foldy’s
model, and the correction proposed by Herlyey.12 Section IV
is devoted to the results for four different samples, with vol-
ume fractions of bubbles ranging from 0.15% to 5%. These
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FIG. 1. Prediction of Foldy’s model for the phase velocity and attenuation
of sound in water with a 0.4% volume fraction of 100-um radius bubbles.

new results will be compared with Foldy’s prediction, as
well as with Henyey’s model. Finally, Sec. V examines the
conclusions that can be drawn from our analysis of these
experiments.

It is worth noting that this question of knowing how
sound propagates in a bubbly liquid when resonant effects
are strong is not only of academic interest. From a practical
point of view, acoustic methods are a very promising tool for
investigating the size distribution of bubbles in a
medium.">'® Since such methods rely precisely on the reso-
nances of bubbles, a reliable model, valid for resonance fre-
quencies, is necessary.

Il. EXPERIMENTAL SETUP

To bring something new to the subject matter, experi-
ments on propagation of sound in bubbly liquids have to
satisfy three criteria: (1) Media with a range of bubble con-
centrations, going from very dilute to volume fractions of
several percent, should be investigated; (2) the population of
bubbles should be well characterized; and (3) the range of
frequencies should include the resonance frequencies of the
bubbles. With these stipulations, several experimental diffi-
culties are apparent.

Standard techniques to measure the acoustic properties
of a material involve propagating an acoustic pulse of short
duration through a sample of the material. The time taken for
each monochromatic wave component of the pulse to
traverse the sample gives the phase velocity of sound in the
material v(w) [more precisely, v(w) is the speed at which a
surface of constant phase propagates at each frequency], and
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the change in the wave amplitude gives the attenuation. In
practice, a precise analysis with Fourier transforms is used,
and comparison with propagation in a reference medium
(usually water) is necessary. Such an experiment gives accu-
rate measurements provided that the wavelength of the
acoustic wave is small compared with two length scales: the
lateral dimension of the sample, and the distance between the
sample and the sound source. If this condition is not re-
spected, diffraction and multiple reflections jeopardize the
success of the technique. For bubbly liquids, this restriction
has been a major impediment to experimental success. In-
deed, the resonance of a bubble occurs at a very low fre-
quency. As a rule of the thumb, a 1-mm-radius air bubble
resonates in water at 3 kHz, which corresponds to a wave-
length of 50 cm. Wilson e al. by-passed this difficulty by
using the confined geometry of an impedance tube.® This
solution necessitated the use of very thick stiff walls for the
tube, so that the waves propagating in the tube were well
approximated as plane waves. But the approximation is cor-
rect only for a narrow range of frequencies (specially de-
signed to include the resonances of the bubbles in Wilson’s
case), and the use of thick walls makes in situ imaging of
bubbles impossible. We used a different approach. As the
resonance frequency of a bubble is inversely proportional to
its radius, smaller bubbles make the experiment easier. In our
samples, the bubble radius was typically 80 um. The reso-
nance frequency for bubbles of such a radius is 50 kHz, de-
creasing the wavelength to the more manageable scale of
3 cm.

A second experimental difficulty comes from the huge
attenuation of sound in bubbly liquids. The consequence is
that, in a transmission experiment, signals are of very small
amplitude. A potential solution is to use a reflection configu-
ration instead of a transmission one. But when the wave-
length is large, so that it is not totally negligible compared
with the dimensions of the setup, many complications arise
in a reflection setup. Wilson et al. took advantage of their
confined geometry to solve this problem. In our case, we
used very thin samples, to ensure a sufficiently large signal
in transmission despite the huge attenuation.

Finally, the question of obtaining a well-characterized
medium is not a trivial one. Standard techniques of injection
of gas in water, with needles and a pump or with an elec-
trolysis device, are known to be capriciousf"17 The produc-
tion of bubbles is usually not repeatable from one experiment
to the next or even during a single experiment. Moreover, the
experimental sample cell is more difficult to design because
a bubble generator has to be included. Our solution to this
problem was to build stable samples of bubbly media by
trapping bubbles in a gel whose yield stress was large
enough to compensate for the buoyancy of the bubbles. This
approach allowed us to work with samples whose bubble
content was precisely known.

A. Sample preparation

A commercial hair gel,18 diluted with water and de-
gassed, was used as the liquid in which bubbles were in-
jected. The benefit of hair gel for this experiment is that it
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FIG. 2. (Color online) Injection of bubbles: A capillary is moved in a pre-
programmed pattern of positions within the gel, delivering rows of equally
sized bubbles. Capillary speed V and pressure in the syringe P are the two
parameters governing the bubble size and the distance between bubbles.

flows only if the applied stress is larger than a threshold
value (the yield stress). Hence if bubbles are sufficiently
small, they remain trapped in the gel, at the exact place that
they have been injected. In addition, from the acoustic point
of view, the hair gel is very similar to water, at least for the
frequencies considered in these experiments.

The samples were produced by a method developed in
our laboratory and depicted in Fig. 2. A thin capillary (inner
diameter of 20 um), connected to a syringe with air at pres-
sure P, is moved at constant speed V in the gel. With a
well-controlled flow of gas through the capillary, as set by
the pressure P, the movement generated an array of equally
spaced bubbles of the same size. Although a discussion of
the exact mechanisms involved in this process is outside the
scope of this paper, we note that by varying the two param-
eters P and V, different bubble radii and distances between
bubbles could be obtained. For our samples, we used a typi-
cal speed of V=1 cm/s and a pressure of P=1.7 bar, gener-
ating 80 wm bubbles separated by 500 um. Thanks to a
three-dimensional displacement stage, the vertical and lateral
distance between successive rows of bubbles could be pre-
programmed, depending on the desired total concentration.
Once enough bubbles had been created, a sample of the bub-
bly medium was extracted with a syringe and injected into
the cell designed for the ultrasonic device. Note that this last
stage destroyed the ordered state of the bubbly medium. Fu-
ture work is underway to investigate the acoustic properties
of these crystals of bubbles. However, in the framework of
an experimental test of Foldy’s model, random collections of
bubbles were needed. An important issue is the stability of
the sample: If the degassed gel was undersaturated with air,
bubbles dissolved in a matter of minutes. To prevent this, an
interval of several days was required between the degassing
of the gel and the injection, so that the hair gel was saturated.

Once the cell was filled with the bubbly gel and sealed,
it was placed on a light box and images of the bubbles were
taken with a digital camera connected to a microscope (2X
magnification). Figure 3 shows examples of images taken for
samples 2 and 3. The quality and contrast of the images were
excellent, allowing an estimation of the diameter of the
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FIG. 3. Images of Sample 2 (monodisperse with a median radius of 86 um)
and Sample 3 (polydisperse). Arrows indicate clusters of bubbles ignored for
the image analysis of the samples. The scale is the same on both images.
Note that the dark spots in the background are not bubbles but dust on the
back wall of the cell.

bubbles, with a resolution better than 2 pixels, by measuring
the outer diameter of the dark ring appearing in the bubbles.
Given the resolution of the images (438 pixels/mm), the un-
certainty in the radii measurements was thus 2 um. A dozen
images, acquired at different positions within the samples,
were analyzed with the “analyze particle” function of NIH
IMAGEJ" Furthermore, to check that the size of the bubbles
remained stable during the experiment, images were taken
both before and after the ultrasonic measurements. No sig-
nificant evolution was noted. To avoid biased measurements
of big bubbles, overlayed bubbles (such as the one marked
with arrows in Fig. 3) were excluded from the size analysis.
However, those bubbles were counted for the determination
of the void fraction. Because the depth of field (>3 mm) was
larger than the thickness of the cell (1.01 mm), the volume
of one image was known and the number of bubbles per unit
volume could be precisely determined (note that the darker
grey marks in the background of the left image in Fig. 3 are
not bubbles but are likely dust or dirt on the back wall of the
cell). The resulting distributions n(r) of radii r, as shown in
Fig. 4, were well fitted by