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Abstract
Speech intelligibility can be substantially improved when
speech and interfering noise are spatially separated. This spatial
unmasking is commonly attributed to effects of head shadow
and binaural auditory processing. In reverberant rooms spatial
unmasking is generally reduced. In this study spatial unmasking
is systematically measured in reverberant conditions for several
configurations of binaural, diotic and monaural speech signals.
The data are compared to predictions of a recently developed
binaural speech intelligibility model. The high prediction accu-
racy (R2 > 0.97) indicates that the model is applicable in real
rooms and may serve as a tool in room acoustical design.
Index Terms: speech intelligibility, binaural hearing, reverber-
ation

1. Introduction
In real communication environments like e.g. working or public
places, speech intelligibility is often reduced by reverberation
and interfering noise. In practical applications speech intelli-
gibility models are widely used, e.g. for the room acoustical
design of such places, as an evaluation tool of methods to en-
hance intelligibility, or in speech diagnostics. In this study a
recently developed binaural speech intelligibility model is eval-
uated for a number of conditions involving several aspects of
binaural hearing in different degrees of reverberation. The goal
is to investigate the mechanisms underlying effects of binau-
ral hearing using a current intelligibility model and to test the
model’s general applicability in reverberant rooms.

The major advantage of using models to calculate intelligi-
bility from sound signals in comparison to subjective measure-
ments with real listeners is the great reduction of effort. The
obvious prerequisite for the application of models is that they
accurately account for the influence of the main factors affect-
ing intelligiblity. Many years of research have eventually lead to
standardized methods to calculate intelligibility, e.g. the speech
intelligibility index (SII) [1] and the speech transmission index
(STI) [2]. In practical applications, simpler technical measures
are also readily used to describe the effects of reverberation on
speech perception. For example, measures such as clarity, def-
inition (also called ”Deutlichkeit”), or useful-to-detrimental ra-
tios describe the fact that reflections at the room boundaries do
not disturb intelligibility as long as they arrive within a certain
time after the direct sound.
All of the above mentioned methods to estimate intelligibility
are essentially monaural models, which means that factors re-
lated to binaural hearing are not accounted for. This may lead to
wrong predictions in certain conditions since many studies have
shown that intelligibility can be largely enhanced when speech
and noise sources are spatially separated [3, 4]. This spatial
unmasking is commonly attributed to head shadow and binau-

ral processing and can be quantified for example by comparing
speech reception thresholds (SRTs), i.e. the signal-to-noise ra-
tios (SNRs) at which 50% of the words can be understood. One
effect of head shadow is better-ear listening, i.e. lower SRTs at
the ear with the favorable SNR. To quantify binaural auditory
processing the binaural intelligibility level difference (BILD)
can be measured. It is calculated as the difference between a
dichotic SRT measured with frontal speech and a noise source
at the side and the monaural SRT measured with the ear closer
to the noise source blocked. A further effect observed in binau-
ral listening conditions is the so-called binaural squelch, which
was measured e.g. in [5], where significantly improved SRTs
were measured for binaural compared to diotic speech signals
in a reverberant room.
To also account for such effects recent studies have proposed
binaural speech intelligiblity models. Van Wijngaarden and
Drullman [6] extended the STI by computing interaural mod-
ulation transfer functions and showed good prediction accu-
racy for different conditions including noise, bandwidth limi-
tation, nonlinear distortion and reverberation. Lavandier and
Culling [7] presented an efficient model combining an estima-
tion of binaural processing based on interaural correlation with
effects of better-ear listening in SII-weighted frequency bands.
Their model was successful for a number of conditions com-
prising different noise azimuths, distances and rooms. While
these models are very successful in the tested conditions, they
still have their limitations. The STI as well as its binaural ver-
sion [6] are inherently applicable only for stationary maskers,
since the general concept assumes that temporal modulations
are only caused by the speech portions of the signal. In many
practical cases this assumption is not valid leading to overesti-
mated intelligibility. The model of Lavandier and Culling [7]
does not include the effects of reverberation on the speech sig-
nal and is therefore only applicable for anechoic or near-field
speech. Rennies et al. [8] presented a model based on the
work of Beutelmann et al. [9, 10]. Their model quantitatively
accounted for effects of spatial unmasking in conditions with
varying degrees of reverberation for different distances between
speaker and listener. So far, however, the model was only tested
in conditions with diotic speech signals [8].
The goal of this study was to investigate the above-mentioned
effects of binaural speech intelligibility and their dependence
on reverberation both experimentally and by means of model
predictions. Experimental data were collected for several types
of speech presentation (such as diotic, dichotic, and monaural
speech) and degrees of reverberation. The data were compared
to predictions of the model of Rennies et al. [8]. The underlying
reasoning was that if the model was able to predict SRTs for the
different conditions, further indication would be gathered for
its general applicability, while possible discrepancies could be
used to further refine the model.
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2. Experiment
2.1. Subjects

Eight subjects with hearing thresholds ≤ 15 dB HL at audio-
metric frequencies between 125 and 8000 Hz participated in the
experiments (seven volunteers and the first author of this paper).
All had experience in speech intelligibility measurements.

2.2. Stimuli and acoustic conditions

The stimuli consisted of the German sentences and the test-
specific noise signal of the Oldenburg sentence test [11]. The
sentences of the test have the fixed syntactic structure name
verb numeral adjective noun. For each word ten alternatives
are available which can be randomly combined to produce un-
predictable sentences. The noise was generated by randomly
superimposing the sentences resulting in a stationary noise with
a long-term spectrum very similar to that of the speech ma-
terial. The signals were digitally manipulated by convolution
with binaural room impulse responses (RIRs) to produce the de-
sired spatial configurations. The RIRs were simulated using the
CATT Acoustics software v8.0a. The simulated room (width:
10 m, length: 15 m, height: 3 m) as well as the positions of the
listener, speech and noise source were always the same and are
indicated in Fig. 1. The speech source was located in front of the
listener, the noise source was placed about 40◦ to the right. The
height of the listener and both sources was 1.2 m. Speech and
noise source were simulated as omnidirectional sources, the lis-
tener was simulated as a KEMAR head and torso simulator. The
absorption coefficients α of the walls were set to 0.05 (highly
reverberant), 0.20, or 1.00 (anechoic). The value of 0.20 was
chosen to facilitate the comparison to the data of [5].
For each absorption coefficient five different presentation
modes were tested (see inner gray box in Figure 1): (i) unmanip-
ulated speech using the original binaural RIRs (binaural), (ii)
diotic speech generated by copying the left ear channel to the
right channel (diotic�), (iii) monaural speech containing only
the left ear signal (monaural�), (iv) monaural speech contain-
ing only the right ear signal (monauralr), and (v) a condition in
which the right ear channel was set to zero for both speech and
noise (blockedr). In conditions (i) to (iv), only the speech was
manipulated while the noise was kept the same (i.e. convolved
with the original binaural RIRs).
The noise was calibrated to 65 dB SPL at the right ear of the
listener, the noise level at the left ear was generally lower due to
head shadow and depended on the room absorption. In condi-
tion blockedr the level of the noise at the left ear was the same
as in the other conditions. The speech levels were also adjusted
at the right ear of the listener, except in condition monaural�
where the calibration was the same as in condition binaural.
All signals had a sampling rate of 44.1 kHz and were presented
to the subjects via free-field equalized Sennheiser HDA200
headphones in a sound-attenuating booth.

2.3. Procedure

For each condition a different test list was used to measure the
speech reception threshold (SRT), i.e. the SNR at which 50% of
the words could be understood. The subjects listened to a list
of 20 sentences. After each sentence, they repeated the words
they had understood and an experimenter marked the correctly
repeated words. SRTs were determined using the adaptive pro-
cedure described in [12]. Briefly, the level of the sentence was
increased when less than half of the words of the previous sen-
tence had been understood, otherwise it was decreased. The
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Figure 1: Spatial configuration of receiver, speech and noise
source in the simulated room (outer black line). In the inner
box, S�, Sr , N�, and Nr indicate which speech (S) and noise
(N) parts of the original binaural signal (�: left, r: right) are
presented to which ear in the five presentation modes.
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Figure 2: Mean SRTs (symbols) and standard deviations across
subjects for the five presentation modes. Lines represent the
corresponding predictions of BSIM (left panel) [10] and its ex-
tended version BSIM-D100 (right panel) [8].

step size of the level increments and decrements depended on
the percentage of correct words and was reduced after each re-
versal following an exponential rule [12]. Using this procedure
the speech level adaptively converges to the level at 50% intel-
ligibility. All 15 combinations of absorption coefficients and
presentation modes were presented randomly for each subject
using a different test list for each condition. Prior to the ac-
tual measurements the subjects received a training of at least
two lists of the standard Oldenburg sentence test and one list
of this study (binaural, α=0.20) to familiarize the subjects with
the stimuli and procedure and to reduce the effects of training
[11].

2.4. Results

The mean SRTs and standard deviations across subjects are
shown in Figure 2 (symbols) as a function of absorption co-
efficient. In general, SRTs decreased with increasing absorp-
tion coefficient indicating that reverberation impaired speech
intelligibility. The decrease was larger between 0.20 and 1.00
than between 0.05 and 0.20. Standard deviations were in the
order of 1 dB which shows that subjects responded consis-
tently. The presentation modes also affected SRTs, which
were highest for monauralr , followed by blockedr . For the
remaining three presentation modes (binaural, diotic�, and
monaural�), thresholds were the same for absorption coeffi-
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cients of 0.20 and 1.00 and differed only slightly for 0.05.
These observations were supported by a two-way analysis of
variance (ANOVA) for repeated measures. Both factors absorp-
tion coefficient (F(2,14)=3079.29, p<0.001) and presentation
mode (F(4,28)=544.33, p<0.001) were significant. The signif-
icant interaction between the two factors indicated that the ef-
fect of absorption coefficient depended on presentation mode.
(F(8,56)=60.06, p<0.001). Post-hoc tests with Bonferroni cor-
rection showed that SRTs for presentation mode blockedr and
monauralr differed significantly from all other modes, while
monaural�, diotic�, and binaural did not differ significantly.

3. Modeling
3.1. Model structure

The model of Rennies et al. [8] is based on the binaural speech
intelligibility model (BSIM) of Beutelmann et al. [9, 10].
BSIM processes speech and noise signals using an equalization-
cancelation (EC) mechanism combined with the SII. The EC
processing is performed independently in 30 auditory channels
of a gammatone filter bank. The signals at the left and right
ears are delayed and amplified relative to each other and sub-
sequently subtracted. Gain and delay are chosen to optimize
the SNR after subtraction. In conditions in which interaural
level and/or phase differences are different for speech and noise,
the SNR can be improved relative to the monaural SNRs. The
improved SNR is used to calculate the SII as in the monaural
standard [1]. The resulting SII is transformed into an intelligi-
bility value using a nonlinear transform which depends on the
speech material and measurement method for which intelligi-
bility is to be predicted [9]. The SRT for a given acoustic con-
dition is derived by selecting a fixed reference SII value and
varying the SNR until the SII equals this reference value. Hear-
ing thresholds are included in the model as uncorrelated noise
at the two ears which cannot be canceled by the EC mechanism.
This allows predictions of speech intelligibility also for hearing-
impaired listeners.
Rennies et al. [8] extended BSIM by including room acoustical
parameters into the model. They used the quantity definition
(”Deutlichkeit”) as a post-hoc correction for the binaurally en-
hanced SNRs after the EC-mechanism. Definition is defined
as the ratio between the energy of the early reflections and the
entire energy of the RIR h(t) [14]

Dte =

∫ te

0
h(t)2dt

∫∞
0

h(t)2dt
, (1)

where te is the time separating the early from the late reflec-
tions. Using te=100 ms, the model (called BSIM-D100 in the
following) quantitatively predicted SRTs for different condi-
tions ranging from quasi free-field to highly reverberant. In this
study, all parameters of the model were kept the same. Predic-
tions were made for all experimental conditions both with the
original BSIM and the extended model to investigate the role of
the extension.

3.2. Results

Lines in Figure 2 represent the predictions of BSIM (left panel)
and its extended version BSIM-D100 (right panel) for the five
presentation modes as functions of absorption coefficient. As
found in the experiment, predicted SRTs decreased with in-
creasing absorption coefficient and were highest for monauralr ,
followed by blockedr . Predictions for the other three presenta-
tion modes were similar, although they differed slightly more
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Figure 3: Measured versus predicted SRTs for all experimental
conditions for BSIM (left) and BSIM-D100 (right). The symbols
are the same as in Figure 2. Open and filled symbols denote
individual and mean data, respectively. The coefficient of de-
termination R2, rms-error εrms, and bias are indicated for the
individual data and the mean data (in brackets).

than the experimental data. The predictions of the two models
were the same for an absorption coefficient of 1.00. This was
expected since - without any reverberation - the correction in-
troduced in BSIM-D100 reduces to a factor of 1 (see Eq. 1).
Decreasing the absorption coefficient lead to deviations of the
models’ predictions. While both models predicted SRTs for an
absorption coefficient of 0.20 reasonably accurate, SRTs pre-
dicted by BSIM hardly increased further for the lowest absorp-
tion coefficient. In contrast, BSIM-D100 predicted increasing
SRTs which was in line with the observed data. In general,
BSIM slightly overestimated SRTs when reverberation was ab-
sent and underestimated SRTs in strong reverberation. In con-
trast, the predictions of BSIM-D100 more consistently repre-
sented the course of the measured SRT, although most SRTs
were slightly overestimated.
To further evaluate the model predictions a correlation analysis
was conducted. Figure 3 shows measured SRTs for all presen-
tation modes and absorption coefficients and the corresponding
predictions of the two models. The symbols are the same as in
Figure 2. Open symbols represent individual SRTs, filled sym-
bold denote mean data. Three measures of prediction accuracy
were computed: the coefficient of determination calculated as
the square of the correlation coefficient, the linear offset cal-
culated as the horizontal or vertical distance between the ideal
mapping (solid line) and a best fit of unity slope (dashed line),
and the root-mean-square (rms-)error εrms between data and
predictions. The coefficient of determination can be interpreted
as the fraction of variance in the data which can be explained
by the model, while the offset quantifies the general bias of the
predictions. In general, both models showed a reasonable pre-
diction accuracy with R2 > 0.91 based on individual data and
R2 > 0.93 based on mean data. The magnitude of the bias was
about 1 dB for both models, although, on average, BSIM pre-
dicted slightly too low SRTs while SRTs predicted by BSIM-
D100 were slightly too high. Correlation and rms-error were
better for BSIM-D100 than for BSIM, which was especially due
to the better predictions in strongly reverberant conditions.

4. Discussion
The data of this study are in line with previous studies showing
that reverberation impairs speech intelligibility. The magnitude
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of threshold shifts depends on the degree of reverberation and
on the presentation mode of the speech signal. Highest SRTs
were obtained when speech was only presented to the ear closer
to the noise source (right ear). When speech was presented
to the left ear only, significantly lower SRTs were observed.
This effect is due to head shadow effects resulting in a favor-
able SNR at the left ear. SRTs measured for diotic and binaural
speech did not differ from monaural SRTs (left ear). This indi-
cates that better-ear listening was a major factor affecting SRTs
in this experiment and no further benefit could be achieved by
additionally providing the same speech signal (diotic�) or the
original speech signal of the simulated RIRs (binaural) at the
right ear. Evidence for binaural processing could be observed
by comparing the SRTs for the conditions blockedr and bin-
aural. SRTs were always lower when speech was presented as
binaural compared to the blockedr condition, although the addi-
tional information came from the ear with an unfavorable SNR.
This effect is commonly referred to as binaural intelligibility
level difference (BILD). The data of this study showed that the
BILD depended on reverberation, amounting to about 4 dB for
α=1.00 and about 2 dB for lower absorption coefficients. The
BILD was predicted by both models for α=1.00, but slightly
underestimated for the reverberant conditions (about 0.5 dB).
It is interesting to observe that SRTs obtained with diotic� and
binaural speech did not differ for any absorption coefficient.
This was expected for α=1.00 since without reverberation di-
otic and binaural speech are the same for frontal presentation.
For an absorption coefficient of 0.20, however, a previous study
[5] found a small but significant benefit of binaural over diotic
speech presentation. One possible reason for this discrepancy
is a difference in stimuli. In [5], the impulse responses for the
noise source were simulated with a different absorption coeffi-
cient (0.50) than the speech signal. In addition, the simulated
room and the distances between sources and listener were larger
in the present study and the listener was placed further away
from the center of the room. The fact that speech presented as
monaural� lead to the same SRTs as diotic� and binaural speech
suggests that the spatial configuration used here lead to SRTs
dominated by monaural listening leaving not much room for
benefit due to diotic and/or binaural presentation. For α=0.05
SRTs differed marginally (and not significantly), being highest
for monaural� and about 0.5 and 1 dB lower for binaural and
diotic� speech, respectively. While the present data certainly do
not allow to draw conclusions from these small differences, it is
interesting to see that the models predict the same trends. Future
measurements are necessary to explore the potential squelching
effect in reverberation in more detail.
Altogether, the extended binaural speech intelligibility model
has been shown to accurately predict SRTs for different noise
directions and distances [8] as well as for different speech pre-
sentation modes and degrees of reverberation (present study).
It therefore seems applicable for technical purposes such as
e.g. room acoustical planning or evaluation of binaural speech
enhancement algorithms.

5. Conclusions
The following conclusions can be drawn from this study:

• For each of the tested speech presentation modes involv-
ing better-ear listening and binaural processing, rever-
beration affects SRTs of normal-hearing listeners.

• No benefit of binaural over diotic speech (i.e. no binaural
squelch) was observed in this study, but has been found

in previous studies [5].

• An extended binaural speech intelligibility model [8] ac-
curately predicts the observed SRTs for the different pre-
sentation modes. The comparison to the original model
[10] shows that, especially in strongly reverberant con-
ditions, the deterioration of the speech signal has to be
accounted for.

• The accuracy of the extended model makes it in principle
applicable in real environments with different degrees of
reverberation.
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