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Speech reception thresholds were measured to investigate the influence of a room on speech
segregation between a spatially separated target and interferer. The listening tests were realized
under headphones. A room simulation allowed selected positioning of the interferer and target, as
well as varying the absorption coefficient of the room internal surfaces. The measurements involved
target sentences and speech-shaped noise or 2-voice interferers. Four experiments revealed that
speech segregation in rooms was not only dependent on the azimuth separation of sound sources,
but also on their direct-to-reverberant energy ratio at the listening position. This parameter was
varied for interferer and target independently. Speech intelligibility decreased as the
direct-to-reverberant ratio of sources was degraded by sound reflections in the room. The influence
of the direct-to-reverberant ratio of the interferer was in agreement with binaural unmasking
theories, through its effect on interaural coherence. The effect on the target occurred at higher levels
of reverberation and was explained by the intrinsic degradation of speech intelligibility in

reverberation. © 2007 Acoustical Society of America. [DOL: 10.1121/1.2764469]

PACS number(s): 43.66.Pn, 43.66.Dc, 43.55.Hy, 43.71.Gv [RYL]

I. INTRODUCTION

Studies of the cocktail party problem investigate the fact
that we can understand what a person is saying when many
others around are talking at the same time. A difference in
fundamental frequency (Brokx and Nooteboom (1982); Cull-
ing and Darwin (1993); Darwin and Culling (1990)) and an
azimuth separation of sources (Hawley et al. (2004); Plomp
(1976)) are both well-established cues helping the segrega-
tion of competing voices. The latter effect is termed spatial
release from masking or spatial unmasking: an interfering
sound masks less efficiently when it is spatially separated
from the target speech. Spatial unmasking in anechoic situa-
tions results from two cues (Bronkhorst and Plomp (1988)).
The first cue is monaural and called head shadow. When the
interferer is moved around the listener’s head, its sound level
is reduced at the ear which is in the acoustic shadow of the
head for the given interferer position. The signal-to-noise
ratio between target and interferer can be improved at this
ear, and this monaural information helps the listener to better
understand the target. The second cue, sometimes called bin-
aural interaction, is caused by interaural time delays (ITDs).
The azimuth separation of interferer and target induces a
difference in ITDs for these two sources, thus facilitating
their segregation.

Reverberation and sound reflections in rooms influence
both speech intelligibility in quiet and the segregation of
speech from interfering sounds. In quiet, the target intelligi-
bility is decreased by the sound reflections mixing with the
direct sound. Some objective measurements are already
available to predict this intrinsic degradation of speech by
reverberation, such as the Speech Transmission Index (Hout-

YAuthor to whom correspondence should be addressed. Electronic mail:
lavandiermn @cardiff.ac.uk

J. Acoust. Soc. Am. 122 (3), September 2007

0001-4966/2007/122(3)/1713/11/$23.00

Pages: 1713-1723

gast and Steeneken (1985)) or the useful-to-detrimental ra-
tios (Bradley (1986); Bradley et al. (1999)). The room also
influences the segregation of speech from interfering sounds,
and many experiments have shown that spatial unmasking is
reduced by reverberation. Plomp (1976) measured the intel-
ligibility of a speech target against noise or an interfering
voice, while varying the interferer’s azimuth and the rever-
beration conditions. The experiment was realized in a room
having variable acoustic characteristics, with loudspeakers
surrounding the listener. The spatial unmasking observed in
the anechoic condition was greatly reduced in reverberation.
Bronkhorst and Plomp (1990) measured the Speech Recep-
tion Threshold (SRT)—i.e., the level of the target compared
to that of the interferer for 50% intelligibility of the target—
using a noise interferer and loudspeakers placed at different
positions in a reverberant room. They also found that spatial
unmasking was reduced in reverberation. Culling et al.
(2003) measured SRTs under headphones with a speech in-
terferer. They used a room simulation that allowed position-
ing the interferer and target at chosen positions, as well as
varying the absorption coefficient of the room boundaries.
The spatial unmasking observed in the anechoic condition
was abolished in reverberation. Recently, Beutelmann and
Brand (2006) measured SRTs under headphones with a noise
interferer, creating their stimuli from binaural impulse re-
sponses measured in three different rooms: an anechoic
room, a small office and a large cafeteria. Again, the spatial
release from masking was reduced in the office and the caf-
eteria compared to the one obtained in the anechoic room.
This effect was also observed in studies concerned with at-
tentional effects and informational masking (Darwin and
Hukin (2000); Kidd et al. (2005)). Testing the influence of
individual echoes rather than full reverberation, Freyman et
al. (2001, 1999) found that spatial unmasking from a noise
interferer was reduced in the presence of an echo. This result
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was confirmed and extended later using different experimen-
tal protocols (Brungart ef al. (2005); Rakerd et al. (2006)).

In Beutelmann and Brand (2006), the cafeteria with the
largest reverberation time led to larger spatial unmasking
than the office, which had only half the reverberation time.
This result shows that a simple reverberation time statistic is
not sufficient to predict speech segregation in a room, and
that a more sophisticated measurement is needed. This mea-
surement will require binaural information, in order to pre-
dict the spatial unmasking effects observed with directional
interferers.

The aim of the present study was to investigate the in-
fluence of the direct-to-reverberant ratio of sources on the
masking of speech in rooms, because reductions in direct-to-
reverberant ratio result in reduced interaural coherence,
which is known to affect binaural unmasking (Licklider
(1948); Robinson and Jeffress (1963)). The interaural coher-
ence of a source evaluates the similarity of the sound wave-
form it produces at the two ears of the listener. It is calcu-
lated through taking the maximum value from the interaural
cross-correlation function. The multiple sound reflections
reaching the listener in a room degrade the interaural coher-
ence of the source. The coherence is thus related to the
direct-to-reverberant energy ratio at the ears, and varies de-
pending on the source and listener positions, and on the re-
verberation characteristics of the room (Hartmann et al.
(2005)). Our interest in coherence stems from the observa-
tion by Licklider (1948) that, for speech and noise signals
having different interaural phase differences, speech intelli-
gibility in noise was reduced when the noise was less corre-
lated at the two ears. A similar effect was observed for tone
detection in noise (Robinson and Jeffress (1963)). All binau-
ral unmasking theories predict this effect. In the following,
we will consider the equalization-cancellation (E-C) mecha-
nism of Durlach (1972) as an example to interpret our re-
sults. It predicts that a less correlated masker will be more
difficult to equalize at the two ears, and then more difficult to
cancel, resulting in lower speech intelligibility or poorer tone
detection.

The four experiments presented in this paper considered
interferer and target sources in a virtual room. They all in-
volved SRT measurements under headphones, using target
sentences and spatially separated speech-shaped noise or
2-voice interferers. The experiments were designed to inves-
tigate how the source direct-to-reverberant ratios might in-
fluence target intelligibility. Following Licklider’s results, we
were expecting this intelligibility to be reduced if the inter-
ferer direct-to-reverberant ratio and hence its interaural co-
herence were reduced by the sound reflections in the room.
No binaural effect associated with the direct-to-reverberant
ratio of the target was expected, but the direct-to-reverberant
ratio also affects the intrinsic intelligibility of the target due
to temporal and spectral distortions. The experiments en-
abled us to separate these two effects, and assess their rela-
tive roles in overall intelligibility. The interaural coherence/
direct-to-reverberant ratio of sources was controlled
independently for interferer and target, by varying the
source-listener distance or the absorption coefficient of the
room internal surfaces.
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FIG. 1. Spatial configuration and virtual room considered in experiments 1
to 4.

Il. GENERAL METHODS

A. Stimuli
1. Convolution by the room

The same virtual room was used in the four experiments.
It was simulated using the image (ray-tracing) method pre-
sented by Allen and Berkley (1979) and Peterson (1986), as
it is implemented in the |[WAVE signal processing package
(Culling (1996)). The room was 5 m long, 3.2 m wide and
2.5 m high (Fig. 1). The absorption coefficients of the room
internal surfaces were all set to the same value, and varied all
together when the reverberation condition was changed. The
listener was modeled as two ears, separated by 20 cm, placed
along an axis at 25° to the 5 m wall on either side of a center
point located at 1.2 m from the 5 m wall and 2 m from the
3.2 m wall. The ears were modeled as omnidirectional mi-
crophones suspended in space, 1.5 m from the floor, with no
head between them. The head was not modeled here, in order
to avoid head shadow effects which could complicate the
interpretation of the effects associated with interaural coher-
ence. The room and listener were identical to those simulated
by Culling er al. (2003). The interferer and target were
placed 1.5 m from the floor, at different positions in the
room, keeping their azimuth separation constant (65°). Bin-
aural stimuli were produced by calculating the impulse re-
sponses between the source positions and each ear, and con-
volving the speech samples with these impulse responses.

The same source stimuli were involved in the four ex-
periments. A male voice was used for the target. This same
voice was used to create 2-voice interferers. As we were
interested in segregation cues associated with spatial separa-
tion of interferer and target, we chose to use the same voice
for both sources in order to minimize segregation cues based
on between-voice differences in fundamental frequency (FO)
register or voice-specific spectral characteristics (Culling er
al. (2003); Darwin and Culling (1990)). The original corpus
of sentences was from the Harvard Sentence List (IEEE
(1969)). The recordings of the male voice DA, made at
M.LT. and digitized at 20 kHz with 16 bit quantization, were
used as the basis of all stimuli. The sentences have low pre-
dictability, and each has five key words highlighted in capi-
tals. For instance, one sentence was “TAKE the WINDING
PATH to REACH the LAKE.” Noise interferers were also
used. They were speech-spectrum noises, which were ob-
tained by filtering Gaussian noises with an finite impulse
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response (FIR) filter designed to match the excitation pattern
(Moore and Glasberg (1983)) of all 2-voice interferers con-
catenated. In each experiment, four spatial configurations or
reverberation conditions and two types of interferer (noise
and 2 voices) were used. Eighty target sentences were used
to test the eight resulting conditions. Although only four in-
terferers of each type were needed, eight were used with the
intention of reducing the dependence of the results on the
particular sentences involved. Listeners only heard four in-
terferers of each type, different ones for different listeners.
The order of the conditions was rotated for successive listen-
ers, while sentence materials remained in the same order.
Each of the 80 target sentences was thus presented to every
listener in the same order and, across a group eight listeners,
contributed equally to each condition. This procedure also
ensured that each condition was presented in each serial po-
sition within the experimental session, counterbalancing or-
der effects.

2. Sound level equalization

The root mean square power of source stimuli was ini-
tially equalized, but the convolution by the room impulse
responses might change the signal levels differently depend-
ing on the positions used within the room and the ear con-
sidered (Bradley er al. (1999, 2003); Yang and Hodgson
(2006)). Using stimuli equalized before the convolution by
the room places control of the target-to-interferer level ratio
at the emission of sound sources. The influence of the room
on sound levels of interferer and target would then be in-
cluded in the measured SRTs. Our experiments were in-
tended to investigate the effect of the room-induced interau-
ral coherence changes on SRTs. To avoid mixing the effects
of sound level and interaural coherence, all stimuli were
equalized in level after convolution by the room impulse
responses. Left and right channels were equalized indepen-
dently, removing potential interaural level differences. The
target-to-interferer level ratio was then fixed at the ears.

3. Computations of direct-to-reverberant ratio and
interaural coherence

The direct-to-reverberant energy ratio was calculated at
each ear, for all source positions and absorption coefficients
involved in our experiments. For each tested configuration,
the calculation was similar to the one proposed by Zahorik
(2002), using the impulse response between the source posi-
tion and the considered ear. The direct-path and reverberant
portions of the impulse response were separated by a time-
windowing procedure. This procedure was trivial as our
simulated impulse responses were not contaminated by
noise. The energy of the direct-path and reverberant portions
were computed, and the direct-to-reverberant energy ratio
was expressed in dB.

Interaural coherence of each source at the listening po-
sition was also calculated for each experiment. It was com-
puted as the maximum of the absolute value of the cross-
correlation of the waveforms reaching the two ears from the
source (Hartmann et al. (2005)). These waveforms were fil-
tered between 20 and 1500 Hz prior to calculation, in order
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to consider only the frequency range for which binaural un-
masking is most effective in broadband noise.

B. SRT measurements

SRTs were measured using a I-up/1-down adaptive
threshold method (Plomp and Mimpen (1979)). For each
SRT measurement, ten target sentences were presented one
after another, each one against the same interferer. For the
2-voice interferers, the sentences corresponding to the inter-
ferer were displayed on a computer screen in front of the
listeners while they were listening. They were instructed to
disregard these sentences, and to listen to the target sentence,
not displayed on the screen. The target-to-interferer level ra-
tio was initially very low (=32 dB). On the first trial, listen-
ers could either enter a transcript on a computer keyboard, or
replay the stimuli. If stimuli were replayed, the target level
was increased by 4 dB. Stimuli could be replayed in this way
until the target was loud enough to be judged partially intel-
ligible. Listeners were instructed to attempt a transcript of
this first target sentence when they believed that they could
hear more than half the words of the sentence. Once the first
transcript was entered, the correct transcript was displayed
on the computer terminal, with the five key words in capitals.
The listener self-marked the number of correct key words.
Subsequent target sentences were presented only once, and
self-marked in a similar manner. The target level was de-
creased by 2 dB if the listener correctly identified three or
more of the five key words in the previous sentence, and
otherwise increased by 2 dB. The SRT for a given condition
was taken as the mean target-to-interferer level ratio on the
last eight trials. Each SRT measurement corresponded to a
different tested condition, and used a different interferer. The
session began with two practice runs, using monaurally pre-
sented and unprocessed speech, in order to familiarize listen-
ers with the task. The following eight runs measured SRTs in
each of the eight different conditions.

Signals were digitally mixed, digital/analog converted,
and amplified using a 24 bit Edirol UA-20 sound card and a
MTR HPA-2 Headphone Amplifier. They were presented to
listeners over Sennheiser HD650 headphones in a single
walled TAC sound-attenuating booth within a sound-treated
room. A computer terminal screen was visible outside the
booth window. A keyboard was inside the booth to gather the
transcripts of listeners.

C. Participants

Twenty-four listeners took part in each experiment. They
were undergraduate students, paid for their participation.
None of them was familiar with the sentences used during
the test. All listeners reported normal hearing and English as
their first language. Each listener participated in a single
50 min session, and in only one of the following experi-
ments.

lll. DISTANCE OF THE INTERFERER (EXP. 1)

SRTs were measured for spatially separated interferers
and targets which always had the same azimuth separation,
but with the interferer tested at different positions in the
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TABLE 1. Direct-to-reverberant ratio (D/R) at each ear, for the source at the
positions tested in experiments 1 and 3, and an absorption coefficient of 0.5

Position® P1 P2 P3 P4
D/R ratio, left ear (dB) 7.95 1.88 -2.74 -5.04
D/R ratio, right ear (dB) 11.29 3.02 -2.32 -4.79

“D/R ratio at position F (dB): left ear=-4.31, right ear=—4.39.

room. These positions were chosen so that they led to differ-
ent values of direct-to-reverberant ratio and interaural coher-
ence at the listener position.

A. Design

Only one reverberation condition was considered: an ab-
sorption coefficient of 0.5 was used for every room surface.
Figure 1 presents the positions considered within the room.
The position F was in front of the listener, at 2 m from the
center of the ears. In experiment 1, the target was always at
position F. The interferer was at one of the positions P1, P2,
P3 or P4, all having the same azimuth. These four positions
were situated along a line parallel with the 5 m wall passing
through the center of the ears, at 0.4, 0.9, 1.75, and 2.35 m
from this center. Table I shows that the direct-to-reverberant
ratio at the listening position decreased as the source was
moved from P1 to P4.

As stated above, positions P1, P2, P3 and P4 were cho-
sen to produce different values of interaural coherence at the
listening position. The coherence was calculated for the 80
target stimuli at position F and the eight interferers of each
type at the four tested positions. Table II presents the mean
coherence for each type of stimulus. Interaural coherence
decreased as the interferer was placed further away from the
listener, in the reverberant field. These sampled locations re-
flect the tendency for coherence to decrease with source dis-
tance, although the function is not completely monotonic
(Hartmann et al. (2005)). The interaural coherence of a
source seems to depend on its exact position relative to the
listener and the room boundaries.

SRTs were measured in eight conditions: two types of
interferer (noise and 2 voices) and four interferer positions
(P1, P2, P3 and P4).

B. Results
Figure 2 presents the mean SRTs obtained in experiment

1, for noise or 2-voice interferers at positions P1, P2, P3 or

TABLE II. Mean interaural coherence with standard deviation for each type
of interferer in experiment 1.

Interferer mean coherence®

Interferer

position Noise (Std dev.) 2 voices (Std dev.)
P1 0.95 (0.00) 0.95 (0.01)

| ) 0.86 (0.00) 0.86 (0.00)
P3 0.77 (0.01) 0.77 (0.04)
P4 0.71 (0.00) 0.71 (0.05)

“Target mean coherence: 0.88 (0.03).
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FIG. 2. Mean SRTs with standard errors measured in experiment 1 for noise
or 2-voice interferers at positions P1, P2, P3 or P4; the target being always
at position F (Fig. 1).

P4; the target being always at position F (Fig. 1). For both
types of interferer, SRTs increased as the interferer was
moved away from the listener, from P1 to P4, with a 2 dB
effect between these two extreme positions. An analysis of
variance (ANOVA) showed that only the main effect of in-
terferer position was significant [F(3,69)=9.5,p <0.0001].
Tukey pairwise comparisons confirmed that only SRTs in-
volving position P1 were significantly different from SRTs
involving the three other positions [¢>4.5,p<0.01 in each
case].

C. Discussion

SRTs increased with decreasing interferer coherence
(Table II) as the interferer was moved from P1 to P4, in
agreement with binaural unmasking theories. For instance,
the E-C theory (Durlach (1972)) would predict that, for spa-
tially separated sound sources, the less coherent interferers
should be more difficult for the auditory system to cancel,
producing less masking release. SRTs measured at positions
P2, P3 and P4 were not significantly different. The range of
coherence values sampled by our four positions might have
been too limited, but these values had to be chosen among
those available in the room at a fixed azimuth.

There was no significant difference between noise and
2-voice interferers in this experiment. As our sound sources
were always spatially separated (Fig. 1), informational mask-
ing produced by the 2-voice interferers was probably mini-
mal (Freyman er al. (2001, 1999)).

IV. ABSORPTION COEFFICIENT FOR THE
INTERFERER (EXP. 2)

In order to test a broader range of interaural coherence
than in experiment 1, a new experimental design was chosen
for experiment 2. SRTs were measured for spatially sepa-
rated interferer and target at fixed positions. The different
interferer coherences were obtained by applying different re-
verberation conditions to this source, while the reverberation
condition of the target was kept constant. This experimental
design is not realistic as it implies listening simultaneously to
two sources in rooms having different reverberation charac-

M. Lavandier and J. F. Culling: Speech segregation in rooms



TABLE III. Direct-to-reverberant ratio (D/R) at each ear, for the source at
position R and the absorption coefficients tested in experiments 2 and 4.

Absorption coeff." 1 0.7 0.5 0.2
D/R ratio, left ear (dB) o 0.54 -3.70 -10.93
D/R ratio, right ear (dB) 00 0.78 -3.47 -10.61

“D/R ratio at position F (dB): left ear=—4.31, right ear=-4.39.

teristics, but it offers the advantage of controlling interferer
and target coherences individually, keeping distances and
azimuth separation constant.

A. Design

Room dimensions and listener position were the same as
in experiment 1, and position F was also unchanged (Fig. 1).
The position R was considered. It was situated at the same
azimuth as positions P1-P4 in experiment 1, on the parallel
of the 5 m wall passing through the center of the ears, but at
2 m from this center, between P3 and P4. In experiment 2,
the target was always at F, and the interferer at R. While
computing the impulse responses between the sources and
each ear, different absorption coefficients were used for the
two sources. The absorption coefficient was the same for
each room surface. For the target, it was set to 0.5 as in
experiment 1. However, four absorption coefficients were
tested for the interferer: 1, 0.7, 0.5 and 0.2. Table III shows
that the direct-to-reverberant ratio at the listening position
decreased with the absorption coefficient used. Interaural co-
herence of all stimuli was also computed. Table IV presents
the mean results for each type of stimulus. The range of
coherence values sampled by our four conditions was
broader than in experiment 1 (Table II), with mean coher-
ences between 1 and 0.6. As expected, the anechoic room
with the absorption coefficient of 1 led to an infinite direct-
to-reverberant ratio and a coherence of 1, as there was no
sound reflection on the room internal surfaces.

SRTs were measured in eight conditions: two types of
interferer (noise and 2 voices) and four reverberation condi-
tions for the interferer (absorption coefficient of 1, 0.7, 0.5
and 0.2).

B. Results

Figure 3 presents the mean SRTs obtained in experiment
2, for noise or 2-voice interferers for the four levels of ab-
sorption applied to the interferer. For both types of interferer,

TABLE IV. Mean interaural coherence with standard deviation for each type
of interferer in experiment 2.

Interferer mean coherence®

Interferer

absorption coeff. Noise (Std dev.) 2 voices (Std dev.)

1 1 (0.00) 1 (0.01)

0.7 0.85 (0.00) 0.85 (0.00)
0.5 0.74 (0.00) 0.74 (0.05)
0.2 0.61 (0.01) 0.61 (0.07)

“Target mean coherence: 0.88 (0.03).
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FIG. 3. Mean SRTs with standard errors measured in experiment 2, for noise
or 2-voice interferers in the four tested reverberation conditions, with an
absorption coefficient of 0.5 used for the target.

SRTs increased as the absorption coefficient for the interferer
was decreased, making the room more reverberant for this
source. A 3 dB effect was observed between the absorption
coefficients 1 and 0.2 with both types of interferer. An
ANOVA confirmed that the main effect of the absorption
coefficient used for the interferer was significant [F(3,69)
=35.8,p<0.0001]. Tukey pairwise comparisons showed that
the absorption coefficient 1 was significantly different from
the three other coefficients [¢>8,p<<0.001 in each case].
The absorption coefficient 0.7 was also significantly different
from the coefficient 0.2 [g=4.65,p <0.01]. The other differ-
ences were not significant. SRTs measured with noise were
significantly lower than those obtained with the 2-voice in-
terferer [F(1,23)=6.0,p <0.05]. Interferer type and absorp-
tion coefficient did not interact significantly.

C. Discussion

As the absorption coefficient used for the interferer was
decreased, this interferer produced more masking, leading to
higher thresholds. This result is in agreement with the binau-
ral E-C theory: reverberation decreased the interferer inter-
aural coherence (Table IV), and a less coherent interferer was
more difficult to cancel, producing less masking release for
spatially separated sources. As the range of coherences in-
volved was larger than in experiment 1, the effect was also
larger.

The difference between noise and 2-voice interferers
was significant. Some informational masking might have
been involved, leading to slightly higher SRTs with the
2-voice interferers. This seems particularly so for the absorp-
tion coefficients 0.5 and 0.7, although the interaction with
absorption coefficient did not reach significance. When the
absorption coefficients 1 and 0.2 were used, the 2-voice in-
terferers did not lead to higher SRTs anymore, indicating a
potential reduction of informational masking in these two
conditions. This reduction in informational masking may
have been caused by an additional cue that helped listeners
focus their attention on the target voice rather than on the
interferer during the listening task. In these conditions there
is a difference in the amount of reverberation between the
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TABLE V. Mean interaural coherence with standard deviation for the target
in experiment 3.

Target position P1 P2 P3 P4
Target” mean coherence 0.95 0.86 0.78 0.72
(Std dev.) (0.01) (0.03) (0.06) (0.06)

“Interferer coherence: noise=0.88 (0.00), 2 voices=0.89 (0.02).

interferer—anechoic (absorption coefficient of 1) or very re-
verberant (absorption coefficient of 0.2)—and the target—
mildly reverberant (absorption coefficient of 0.5).

After having considered the effect of reverberation on
the interferer, we turned to its effect on the target. Experi-
ments 3 and 4 used exactly the same protocol as experiments
1 and 2, respectively, but replacing the interferer by the tar-
get and vice versa. In these new experiments, the interferer
coherence was fixed across conditions, whereas the target
direct-to-reverberant ratio was varied. Here, we did not ex-
pect any effect of the direct-to-reverberant ratio to be medi-
ated by interaural coherence and degraded binaural process-
ing. Following for example the E-C theory, binaural
processing cancels the interferer and not the target. Reducing
the coherence of the target and so the ability to cancel it
should not play any role. Instead, the Speech Transmission
Index (STI) was computed for the conditions tested, to com-
pare our listening test results with the expected intrinsic deg-
radation of target intelligibility in reverberation.

V. DISTANCE OF THE TARGET (EXP. 3)
A. Design

Experiment 3 followed the same protocol as experiment
1. This time the interferer was always at position F, whereas
the target was tested at positions P1, P2, P3 and P4 (Fig. 1).
The direct-to-reverberant ratios involved are presented in
Table I. Interaural coherence of all stimuli was computed.
Table V presents the mean results for each type of stimulus.

SRTs were measured in eight conditions: two types of
interferer (noise and 2 voices) and four target positions (PI,
P2, P3 and P4).

B. Results

Figure 4 presents the mean SRTs obtained in experiment
3 for the target at positions P1, P2, P3 or P4; noise or 2-voice
interferers being always at position F (Fig. 1). The results of
STI calculations are also plotted along with the measured
SRTs. These calculations are described and discussed in a
following section of the paper. An ANOVA showed that, for
both types of interferer, SRTs increased slightly as the target
was moved away from the listener [F(3,69)=9.4,p
<0.0001]. A 1 dB effect was observed with noise, when the
target was moved from P1 to P3. This effect increased to
2 dB with the 2-voice interferers. Tukey pairwise compari-
sons showed that only position P1 was significantly different
from the three other positions [¢>5,p<0.01 in each case].
The SRT for position P1 was lower with 2-voice interferers
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FIG. 4. Mean SRTs with standard errors measured in experiment 3 for the
target at positions P1, P2, P3 or P4; the noise or 2-voice interferers being
always at position F (Fig. 1). SRTs obtained with the noise interferers are
compared to the target-to-interferer ratios required for the STI to be constant
across the four conditions (STI=0.22 for the position P1 and a signal-to-
noise ratio of —=8.46 dB). The STI was computed for each ear separately.

than with noise, but neither the interferer type nor the inter-
action between interferer type and absorption coefficient
were significant.

C. Discussion

SRTs increased with decreasing target direct-to-
reverberant ratio (Table I), as the target was moved away
from the listener in the reverberant field. This decrease of
target intelligibility might be due to the intrinsic degradation
of speech intelligibility in reverberation, occurring even
when no interferer is involved, as described, for example, by
the STI (Houtgast and Steeneken (1985)) or the useful-to-
detrimental ratios (Bradley (1986); Bradley et al. (1999)). As
in experiment 1, SRTs measured at positions P2, P3 and P4
were not significantly different.

Despite neither the interferer type nor the interaction
between interferer type and interferer position being signifi-
cant, the difference of SRTs for the target at P2 and Pl
seemed larger with 2-voice interferers than with noise. This
might be due to a release from informational masking when
the target was moved very close to the listener. The per-
ceived distance of the very close target might have been an
attentional cue for listeners (Brungart and Simpson (2002)).
Even if sound levels were equalized at the two ears, the
direct-to-reverberant ratio of the target was still varying
when changing its position within the room. Perceiving the
target very close at position P1 could have helped listeners
focus their attention on it. This effect, if present, was weak in
experiment 3 and did not reach significance.

With the target in position P1, the SRT was lower with
2-voice interferers than with noise. The 2-voice interferers
might produce less energetic masking than noise. Listeners
could have taken advantage of some remaining silent periods
in the masker to hear the target (Dusquesnoy (1983); Festen
and Plomp (1990)), even though “listening into gaps” is
smaller with 2-voice interferers than it would have been with
1-voice interferers (Bronkhorst and Plomp (1992)). Listeners

M. Lavandier and J. F. Culling: Speech segregation in rooms



TABLE VI. Mean interaural coherence with standard deviation for the tar-
get in experiment 4.

Target absorption coeff. 1 0.7 0.5 0.2
Target” mean coherence 1 0.86 0.74 0.62
(Std dev.) (0.00) (0.04) (0.06) (0.07)

“Interferer coherence: noise=0.88 (0.00), 2 voices=0.89 (0.02).

could have also used instantaneous FO differences to cancel
one of the interfering voices (Culling et al. (2005); de Chev-
eigné et al. (1995)).

VI. ABSORPTION COEFFICIENT FOR THE TARGET
(EXP. 4)

A. Design

Experiment 4 followed the same protocol as experiment
2. This time the interferer was always at F, and the target at
R. While calculating the impulse responses between sources
and each ear, different absorption coefficients were used for
the two sources. The absorption coefficient was the same for
each room surface. For the interferer at F, it was set to 0.5, as
in Experiment 3. However, four absorption coefficients were
tested for the target at R: 1, 0.7, 0.5 and 0.2. The direct-to-
reverberant ratios involved are presented in Table III. Inter-
aural coherence of all stimuli was computed. Table VI pre-
sents the mean coherence for each type of stimulus. The
range of coherence sampled by our four conditions was
broader than in experiment 3 (Table V), with mean coher-
ences between 1 and 0.6.

SRTs were measured in eight conditions: two types of
interferer (noise and 2-voice) and four reverberation condi-
tions for the target (absorption coefficient of 1, 0.7, 0.5 and
0.2).

B. Results

Figure 5 presents the mean SRTs obtained in experiment

2 Noise interferer 2-voice interferer
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FIG. 5. Mean SRTs with standard errors measured in experiment 4, for the
target in the four tested reverberation conditions, with an absorption coeffi-
cient of 0.5 used for the noise and 2-voice interferers. SRTs obtained with
the noise interferers are compared to the target-to-interferer ratios required
for the STI to be constant across the four conditions (STI=0.21 for the
absorption coefficient of 1 and a signal-to-noise ratio of —8.50 dB). The STI
was computed for each ear separately.
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4, for the target in the four tested reverberation conditions
(absorption coefficient of 1, 0.7, 0.5 and 0.2), the reverbera-
tion condition of the noise or 2-voice interferers being fixed
(absorption coefficient of 0.5). The comparison of these
SRTs with STI calculations is described in the following sec-
tion of the paper. For both types of interferer, SRTs increased
as the absorption coefficient for the target was decreased,
making the room more reverberant for this source. A 3.5 dB
effect was observed between the absorption coefficients 1
and 0.2 with noise, this effect being increased to 5 dB with
2-voice interferers. An ANOVA confirmed that the main ef-
fect of the absorption coefficient used for the target was sig-
nificant [F(3,69)=44.8,p<0.0001]. Tukey pairwise com-
parisons showed that SRTs were significantly higher for the
absorption coefficient of 0.2 than for the three other coeffi-
cients [¢>9,p<<0.001 in each case]. The absorption coeffi-
cient 1 was also significantly different from the coefficient
0.5 [g=5.14,p<0.01]. The coefficient 0.7 did not differ sig-
nificantly from the coefficients 0.5 and 1. Neither the inter-
ferer type nor the interaction between interferer type and
absorption coefficient were significant.

C. Discussion

SRTs increased with decreasing target direct-to-
reverberant ratio (Table IIT), when the absorption coefficient
used for the target was decreased. This decrease of target
intelligibility might be due to the intrinsic degradation of
speech intelligibility in reverberation. As the range of direct-
to-reverberant ratios involved in this experiment was larger
than in experiment 3, the effect was also larger.

It should be noted that SRTs from experiments 2 and 4
cannot be compared without caution, because the positions
of target and interferer were switched between these experi-
ments. The changes of coherence/direct-to-reverberant ratio
introduced by the changes of absorption coefficient were
limited for a source at the position F, whereas position R led
to a broader range of coherence/direct-to-reverberant ratio.
For this reason, for each experiment, the source with varying
condition was placed at R, and the source with fixed condi-
tion was placed at F. SRTs measured in the two experiments
using noise interferers and the absorption coefficient of 0.5
for both sources can be considered as an example. In experi-
ment 2, the SRT was around -5 dB, whereas it was around
—7.5 dB in experiment 4. This improvement in intelligibility
could be explained by both the increase in interferer
coherence—from 0.74 to 0.88 (Tables IV and VI)—and the
increase in target direct-to-reverberant ratio—from —-4.31/
—4.39 to —3.70/-3.47 dB (Tables I and III).

VIl. INTRINSIC DEGRADATION OF TARGET
INTELLIGIBILITY IN REVERBERATION

In experiments 3 and 4, the increase of SRTs as the
target distance increased or as the absorption coefficient used
for the target decreased (Figs. 4 and 5) could result from the
intrinsic degradation of target intelligibility in reverberation.
To test this hypothesis, the STI was computed in the different
conditions involved in the two experiments. The STI evalu-
ates the degradation of speech by reverberation, in the pres-
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ence of nondirectional background noise, from the room im-
pulse responses between the target positions and the two
ears. As the STI calculation uses only monaural information,
the left and right ear were considered independently.

SRTs measured in experiments 3 and 4 corresponded to
the target-to-interferer ratios required to get a fixed intelligi-
bility of 50% of the target words. To compare STI calcula-
tions and SRTs, we assumed that the STI should be constant
at this threshold. We therefore computed the target-to-
interferer ratios required for the STI to correspond to the
same value across all tested conditions. The reference STI
value for experiment 3 was 0.22, calculated from the first
SRT measured with noise interferers: impulse responses be-
tween each ear and the target position P1 (Fig. 1) were used,
and the signal-to-noise ratio was set to the SRT value of
—8.46 dB (Fig. 4). The signal-to-noise ratios required to get
the same value of STI were computed using the room im-
pulses responses between each ear and the target positions
P2, P3 and P4. The reference STI value for experiment 4 was
0.21, again corresponding to the first SRT measured with
noise interferers: impulse responses between each ear and the
target position R were used, for a room absorption coefficient
of 1 and a signal-to-noise ratio set to the SRT value of
-8.56 dB (Fig. 5). The signal-to-noise ratios required to get
the same value of STI were computed for the absorption
coefficients 0.7, 0.5 and 0.2.

Figures 4 and 5 present the results obtained for each ear
compared to the SRTs measured with noise interferers. For
experiment 3, it seems that STI calculations and intrinsic
degradation of target speech in reverberation can explain the
SRTs obtained for the target at positions P2 and P4, but the
SRT measured with the target at P3 was higher than the STI
prediction. For experiment 4, the STI predicted correctly the
observed trend: target intelligibility decreased as the absorp-
tion coefficient used for the target was decreased. However,
SRTs measured with the absorption coefficients 0.5 and 0.2
were higher than the STI predictions. The difference between
actual and predicted SRTs also increased as the target coher-
ence decreased with absorption coefficient (Table VI). In
both experiments the interferer coherence was kept constant.
The binaural masking due to the interferer coherence was
constant across conditions and could not account for the
SRTs being higher than the STI predictions. As STI calcula-
tions do not take into account the interferer coherence, these
higher thresholds could result from an interaction between
the effects of reverberation on interferer and target. The as-
sumption made that the STI should be constant at threshold
in experiments 3 and 4 would then be wrong. A second ac-
count for the discrepancies between SRT and STI could
come from the STI calculations not being completely reliable
in the poor intelligibility conditions considered in our experi-
ments.

VIIl. GENERAL DISCUSSION
A. Influence of interferer coherence

Experiments 1 and 2 investigated the influence of the
interferer interaural coherence by decreasing it in two differ-
ent ways: the interferer was moved away from the listener
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into the reverberant field (experiment 1), or the room absorp-
tion coefficient used for the interferer was decreased (experi-
ment 2). In both cases, SRTs increased with decreasing in-
terferer coherence, with effects of 2—4 dB. This influence of
the interferer coherence was in agreement with the E-C
theory for binaural unmasking (Durlach (1972)): for spatially
separated sound sources, a less coherent interferer would be
more difficult to equalize and cancel for the auditory system,
and so produce less masking release. This unmasking thus
depends on the azimuth separation of sources (Beutelmann
and Brand (2006); Plomp (1976)), but also on the coherence
of the interferer, as shown by our experiments. This means
that spatial unmasking will be influenced by the particular
position of the interferer and the room characteristics.

Licklider (1948) showed that, for speech and noise hav-
ing different interaural phase differences, speech intelligibil-
ity in noise was reduced when the noise was less correlated
at the two ears. He used headphones with diotic target speech
and a noise interferer having an interaural correlation of 0,
0.25, 0.5, 0.75 or 1. A difference of 20% word articulation
was measured between the extreme correlations 0 and 1,
most of the variation in intelligibility occurring between 0.75
and 1. The coherence range we have investigated in virtual
rooms corresponds to the range over which he observed the
greatest changes in intelligibility (Tables IT and IV). Plomp
and Mimpen (1979) found the same effect as Licklider while
measuring SRTs, using diotic speech presented against noise
which was either identical, uncorrelated or partly correlated
(diffuse) at the two ears. SRTs decreased with the noise cor-
relation, from —7.3 dB (noise identical) to —8.0 dB (diffuse
noise presentation) and —9.6 dB (noise uncorrelated). Robin-
son and Jeffress (1963) measured the same trend and an even
larger effect than Licklider for tone detection in noise. Zurek
et al. (2004) investigated the detection of a third-octave band
noise source in a virtual room, in the presence of a compet-
ing broadband noise source at a different azimuth. After hav-
ing accounted for the monaural segregation cues, they found
a binaural advantage very dependent on the absorption coef-
ficient of the room internal surfaces. The detection threshold
increased by up to 10 dB in a very reverberant room com-
pared to an anechoic room. Even if they did not explicitly
measure the interferer interaural coherence in their experi-
ments, they showed that this elevation of threshold was well
predicted by the E-C theory.

Beutelmann and Brand (2006) measured SRTs for a
frontal target with a noise interferer, using binaural impulse
responses measured in an anechoic room, a small office and
a large cafeteria. As only close target sources and a limited
amount of reverberation were involved, the intrinsic degra-
dation of target intelligibility in reverberation was negligible.
The thresholds for co-located sources were not significantly
different in the three rooms. However, SRTs for spatially
separated sources were higher in the office and cafeteria.
This might be explained by a decrease of the interferer co-
herence in these two rooms. Other studies revealing that spa-
tial unmasking observed in anechoic conditions was greatly
reduced in reverberation might reflect the same effect
(Bronkhorst and Plomp (1990); Culling et al. (2003); Plomp
(1976)). This effect could also have influenced studies con-
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cerned with attentional effects and informational masking
(Darwin and Hukin (2000); Kidd et al. (2005)), in which
spatial unmasking was also reduced in reverberation. The
addition of an individual echo to the interferer might reduce
its coherence, and then could account for part of the reduc-
tion of spatial unmasking observed in Freyman er al. (2001;
1999), Brungart ef al. (2005) and Rakerd ef al. (2006). Un-
fortunately, no interaural coherence evaluations were re-
ported in any of these experiments. Even if these results are
not directly comparable with those of experiments 1 and 2,
the observed trends are the same across studies.

It should be noted that taking into account the influence
of the head between the two ears of the listener might lead to
larger impairments of intelligibility as reverberation in-
creases, or at least to elevations of threshold appearing ear-
lier. The head will lead to extra interaural decorrelation in
asymmetric configurations, particularly for sources to the
side, as shown by Lindevald and Benade (1986).

B. Attentional effects and informational masking

Informational masking seems to have played some role
in our experiments. However, the effect of interferer type and
its potential interactions with the other variables was not
significant (Experiments 1, 3 and 4), or only marginally sig-
nificant (Experiment 2).

The amount of informational masking depends on the
task design and stimuli being used. Informational masking
can be seen as an attentional effect, when listeners are pre-
sented with several voices at the same time and when there is
an ambiguity as to which voice they should attend to (Kidd
et al. (2005); Shinn-Cunningham ef al. (2005)). On the one
hand, our task design tended to minimize informational
masking; for each SRT measurement, interferer sentences
were kept constant and displayed on a screen in front of the
listener, therefore reducing the chances of confusion and the
uncertainty in the listening task (Hawley er al. (2004); Kidd
et al. (2005); Watson (2005)). In addition, interferer and tar-
get were always spatially separated (Fig. 1), and a difference
in perceived position is an important attentional cue reducing
informational masking (Brungart and Simpson (2002); Brun-
gart et al. (2005); Darwin and Hukin (2000); Freyman et al.
(2001, 1999); Kidd et al. (2005); Rakerd et al. (2006);
Shinn-Cunningham et al. (2005)). On the other hand, as the
same voice was used for the target and the two interfering
sources, and because 2-voice interferers produce more infor-
mational masking than 1-voice interferers (Freyman et al.
(2001)), some attentional ambiguity might have remained,
even if the interfering sentences were identified on the
screen. After our experiments, almost all listeners reported
that the task seemed more difficult with 2-voice interferers
than with noise.

Even if the effects were weak and often nonsignificant,
some informational masking might have occurred in experi-
ments 2, 3 and 4. This masking should be reduced as soon as
the similarity between interferer and target was reduced
(Watson (2005)), as any difference between the two sources
could help listeners focus their attention on the target (Shinn-
Cunningham et al. (2005)). The difference in the amount of
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reverberation between target and interferer might have been
used as an attentional cue by listeners in experiments 2 and
4. In experiment 3, with very close targets involved, a dif-
ference in perceived distance could have constituted such a
cue, as found by Brungart and Simpson (2002).

C. Influence of target direct-to-reverberant ratio

Experiments 3 and 4 showed that the target direct-to-
reverberant ratio influenced SRT measurements in rooms. In
experiment 3, SRTs increased as the target was moved away
from the listener in the reverberant field. The effect was
small, around 1 dB, comparable to the difference of SRTs
measured by Bronkhorst and Plomp (1990) while playing the
target through loudspeakers that were either close or far from
the listener, in a reverberant room. A larger effect was ob-
tained in experiment 4, where SRTs increased as the absorp-
tion coefficient used for the target was decreased.

As we were expecting a monaural effect associated with
the direct-to-reverberant ratio of the target rather than any
binaural effect associated with the coherence of the target,
our SRTs were compared to STI calculations involving only
monaural information. The decrease of target intelligibility
can be partially explained by the intrinsic degradation of
speech intelligibility in reverberation, because STI calcula-
tions in the different configurations of our experiments were
consistent with some elevation of threshold. However, the
STI alone could not account for all our results, as differences
between SRTs and STI predictions were observed. Experi-
ment 4 showed that these differences increased as the target
coherence decreased. As STI calculations do not take into
account the interferer coherence, these differences might in-
dicate an interaction between interferer and target coher-
ences. Further experiments will be undertaken to investigate
this question. Experiments involving diotic reverberant tar-
gets will be conducted to assess the relevance of considering
the coherence of the target when describing speech segrega-
tion in rooms.

D. Towards an objective prediction of speech
segregation in rooms

Some objective measurements are already available to
predict speech intelligibility. The STI (Houtgast and
Steeneken (1985)) or the useful-to-detrimental ratios (Brad-
ley (1986); Bradley et al. (1999)) evaluate the intrinsic deg-
radation of speech by reverberation, in the presence of non-
directional background noise. However, these measurements
use only monaural information and do not consider direc-
tional interferers. Therefore, the influence of the interferer
position and spatial unmasking cannot be taken into account.
Zurek (1993) developed a model predicting speech intelligi-
bility in the presence of an interfering source. It simulates
head shadow and binaural interaction associated with the azi-
muth separation of sources, to take into account spatial un-
masking. However, it applies only to noise interferers and
anechoic situations.

The experiments presented in this paper revealed that, in
rooms, speech intelligibility did not depend only on the azi-
muth separation of sound sources, but also on their inter-
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aural coherence. It seems important to take this last param-
eter into account to predict speech intelligibility in rooms, at
least when interferers and speech segregation mechanisms
are involved. More experimental data are needed to describe
precisely the relation between coherence and intelligibility.
Zurek et al. (2004) proposed a model predicting the detec-
tion of a narrowband noise source in a room when a broad-
band noise source is also present. The model is based on
room statistics and an equalization-cancellation (E-C)
mechanism (Durlach (1972)). Binaural detection was quite
accurately predicted, even if some discrepancies remained.
These discrepancies could be linked to the approximations
resulting from the use of room statistics rather than the com-
plete room impulse responses. It is not clear how this model,
designed for narrowband noise detection, could be extended
to predict speech intelligibility. Beutelmann and Brand
(2006) developed a model predicting the intelligibility of a
speech target against a noise interferer in rooms. The model
is also based on the E-C theory, and so should account for
the influence of the interferer interaural coherence. However,
the model only holds for near field targets, because the dis-
turbance of the speech itself caused by reverberation is not
taken into account. The model is also based on the analysis
of the speech sentences spoken in the room, rather than on
acoustical measurements more characteristic of the room it-
self.

It should be noted that we decided here to compute the
interaural coherence of our signals as the maximum of the
absolute value of the cross-correlation of the signals (filtered
between 20 and 1500 Hz) at the two ears. While this calcu-
lation is simple and direct, it might need refinement. For
example, Hartmann et al. (2005) measured the coherence in
rooms by third octave bands, as the auditory system would
not be able to use the broadband coherence, and there is
evidence for the frequency channel independence of binaural
unmasking (Akeroyd (2004); Culling and Summerfield
(1995)). Weightings could be applied to this within-channel
coherence, to take into account the spectrum of speech and
the variation of the binaural masking level difference with
frequency (Hirsh (1948)).

The influence of interaural coherence on intelligibility
has been studied here for a fixed azimuth separation of
sources. The influence of azimuth separation has been previ-
ously investigated in several studies in anechoic conditions
(see Bronkhorst (2000) for a review), that is to say for
sources having a fixed interaural coherence of 1. The experi-
mental protocol we have used will allow us to investigate the
interaction between coherence and azimuth separation, by
varying these two parameters simultaneously.

IX. CONCLUSION

SRTs measured in a virtual room revealed that speech
intelligibility in the presence of noise or speech maskers did
not depend only on the azimuth separation of sound sources,
but also on their interaural coherence and direct-to-
reverberant ratio at the listening position. Speech intelligibil-
ity decreased as the coherence/direct-to-reverberant ratio of
sources was degraded by reverberation. The influence of the
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interferer coherence was in agreement with binaural unmask-
ing theories, and the effect of sound reflections on the target
was partially explained by the intrinsic degradation of speech
intelligibility in reverberation. It should be noted that, as the
reverberation increases, speech intelligibility suffers first
from the decorrelation of the interferer at the two ears, before
the intrinsic loss of target intelligibility.
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