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Abstract
A distortion-weighted glimpsing metric developed for estimat-
ing monaural speech intelligibility is extended to predict binau-
ral speech intelligibility in noise. Two aspects of binaural listen-
ing, the better ear effect and the binaural advantage, are taken
into account in the new metric, which predicts intelligibility us-
ing monaural target and masker signals and their location, and
is therefore able to provide intelligibility estimates in situations
where binaural signals are not readily available. Perceptual lis-
tening experiments were conducted to evaluate the predictive
power of the proposed metric for speech in the presence of sin-
gle and multiple maskers in anechoic conditions, for a range
of source/masker azimuth combinations. The binaural metric
is highly correlated (ρ > 0.9) with listeners’ performance in
all conditions tested, but overestimates intelligibility somewhat
in conditions where multiple maskers are present and the target
speech source location is unknown.
Index Terms: speech intelligibility, binaural listening, noise

1. Introduction
Objective intelligibility measures (OIMs) have been used in
place of subjective perceptual listening tests for the interim eval-
uation of speech intelligibility prior to final subjective tests. For
example, OIMs have been used in the development of speech
modification algorithms [1, 2, 3]. Estimating speech intelligibil-
ity using OIMs is fast and cheap. They are therefore extremely
useful for providing a first approximation of speech intelligibil-
ity when the subjective data is not directly available, or percep-
tual listening tests are impractical, especially when a large set
of conditions need to be continuously evaluated.

Many OIMs have been proposed for predicting monaural
speech intelligibility in various additive noise or reverberant
conditions, such as the Speech Intelligibility Index (SII) [4],
the Speech Transmission Index (STI) [5] and the Christiansen-
Pederson-Dau metric [6]. Fewer measures have been designed
for the prediction of binaural speech intelligibility. Some ap-
proaches work by adapting existing monaural OIMs to binaural
signals. For instance, Zurek modified the SII metric to pre-
dict intelligibility for situations where the target speech and
maskers are situated at different locations on a horizontal plane
[7]. In [8] the STI was extended to deal with binaural listen-
ing. Jelfs et al. [9] proposed an approach to predict binaural
intelligibility which adapts the SII-concept. The SII is based on
frequency-dependent signal-to-noise ratios (SNRs), with con-
tributions from each frequency region weighted by a band im-
portance function (BIF). In [9], the final output is the speech
reception threshold rather than the conventional real-valued in-

dex in the range [0, 1]. In general, these binaural models extend
their monaural counterparts by taking two prominent aspects in
binaural listening into account: (i) the better ear advantage for
lateralised sources i.e., the more favourable SNR at one ear re-
sulted from the head shadow effect; and (ii) binaural unmasking
due to interaural time differences at the two ears.

To make an intelligibility prediction, existing methods such
as [8, 9] require the binaural signals or corresponding binau-
ral room impulse responses of the target and masking sources.
However, such signals or impulse responses are not always
available. For example, a sound designer in a radio drama may
wish to know the approximate speech intelligibility of a sound
scene before sound rendering. Therefore, it is convenient to
develop approaches which are able to estimate intelligibility us-
ing solely the monaural signals and locations of the sources.
Such an approach would permit a flexible sound design process
through manipulation of SNR and locations for sound sources
to meet some intelligibility criterion. Indeed, the binaural SII
[7] meets such requirements, but has been evaluated only in the
presence of single masking sources.

The current study proposes a glimpse-based approach for
the prediction of binaural speech intelligibility in anechoic con-
ditions using knowledge of the monaural speech and masker
signals and their location only (section 2). The proposed ap-
proach is evaluated in two listening experiments with both noise
and speech maskers. In the first experiment (section 3) sub-
jective intelligibility was tested with a single masker at differ-
ent locations, while in a second experiment (section 4) multiple
maskers were employed.

2. A binaural distortion-based glimpse
proportion metric

The proposed measure extends to the binaural domain an ob-
jective intelligibility measure operating on monaural signals
– the distortion-based weighted glimpse proportion (DWGP)
metric [10]. DWGP was originally developed to improve the
predictive power of OIMs for modified natural and synthetic
speech. In [10], DWGP was extensively evaluated in a range
of maskers/SNR combinations, demonstrating high correlations
with subjective data.

DWGP consists of two main processes operating on the
output of a model of the auditory periphery. First, distortion-
weighting correlates the temporal envelopes of speech and
speech-plus-masker in each frequency band in an attempt to
quantify the effect of speech envelope distortions induced by
the masker. Second, energetic masking is assessed by measur-
ing the proportion of ‘glimpses’ i.e., spectro-temporal regions
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where the speech is more energetic than the masker. Glimpse
counts in each frequency band are multiplied by the distortion-
weightings to compute the DWGP metric.

The binaural DWGP metric – BiDWGP – introduces two
new ideas. First, a measure of binaural unmasking, obtained
through the binaural masking level difference, is incorporated
into the decision of what constitutes a glimpse. Second, the bet-
ter ear effect is simulated by assuming the existence of binaural
glimpses whenever either or both of left and right channels pos-
sess a glimpse. The BiDWGP model is schematised in figures
1-3 and its components are described further below.

2.1. Peripheral filtering and binaural unmasking

Each source on a horizontal plane is specified by its location
in polar coordinates (r, θ) whose origin is at the centre of the
listeners head, where r is the source distance in metres and θ
is the azimuth angle subtended by the source relative to the
0◦ baseline straight ahead of the listener. Signal attenuation
with distance is approximated using an inverse-square law. The
elevation of source is not considered in this modelling.

The initial stage of the model simulates peripheral audi-
tory filtering and binaural unmasking (Fig. 1). The target
speech source s at location (rs, θs) and one or multiple maskers
n1 . . . ni at locations (rn1, θn1) . . . (rni, θni) are processed in-
dependently by a bank of 34 gammatone filters [11] with cen-
tre frequencies in the range 100-7500 Hz spaced equally on the
ERB-rate scale [12], using an implementation described in [13].
To compute spectro-temporal excitation patterns (STEPs) for
the two ears, following [7] a transformation of sound pressure
level from the free field to the eardrum [14] results in azimuth-
and frequency-dependent gains df (θ), which are then used to
weight the outputs of the gammatone filters. The Hilbert enve-
lope of each weighted filter output is smoothed by a leaky inte-
grator with a 8ms time constant [15], downsampled to 100 Hz
and log-compressed. Filterbank outputs from different maskers
are summed prior to computation of the STEP.

As proposed in [16] the gain due to binaural unmasking can
be measured as the binaural masking level difference (BMLD).
This is calculated for each frequency f using a simplified form
from [7] (originally Eq. 17 in [17])

BMLDf = 5 log10{1 +
Cf [1 + β2

f − 2βf cos(φ
s
f − φn

f )]
2

max(1, β4
f )

}
(1)

βf =
df (θ

s)/df (−θs)
df (θn)/df (−θn) (2)

where Cf is a frequency-dependent gain [7], df (θ
s) and

df (θ
n) are transformation functions for speech and masking

sources with separations in azimuth of θs and θn respectively
relative to 0◦, and φs

f and φn
f denote the interaural phase shifts

of the speech and masker at this frequency. In the presence
of multiple maskers, the BMLD between the speech and each
masker is calculated separately and the overall BMLD at each
frequency BMLDf is the mean over the individual masker
BMLDs, as shown in the lower part of Fig. 1.

2.2. Distortion weighting

BiDWGP inherits from DWGP [10] a stage of distortion
weighting designed to measure the effect of masker-induced en-
velope perturbations. Distortion weighting involves computing

df (θ)
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Figure 1: Stage 1 of the BiDWGP model: from speech and
masker signals to excitation patterns and binaural masking
level differences. GT filters: gammatone filters.

the normalised cross-correlation in time of the STEP tempo-
ral envelope in each frequency band of the speech signal and
the speech-plus-noise mixture. As shown in Fig. 2, distortion-
weighting is extended to the binaural case by averaging cross-
correlations for the left and right ear STEPs, resulting in a
frequency-dependent binaural weighting W bi

f .
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Figure 2: Stage 2 of the BiDWGP model: computation of a
binaural distortion-weighting W bi

f between the envelopes of
speech SL, SR and speech-plus-noise Y L, Y R in each fre-
quency band f .

2.3. Binaural glimpsing

In the glimpsing model [18] STEPs of speech and masker are
compared and time-frequency regions where the speech exci-
tation pattern exceeds that of the masker by a certain amount,
known as the local criterion (LC = 3 dB), are treated as speech
glimpses. The DWGP [10] modifies the glimpse definition to
ensure that glimpses exceed the hearing level (HL = 25 dB):

G = Sf (t) > max(Nf (t) + LC,HL) (3)

For the BiDWGP, the glimpsing criterion is further extended to
incorporate the BMLD and the better ear effect. The frequency-
dependent BMLDf is applied at the stage of glimpse defini-
tion, replacing Eq. 3 by

G′ = (Sf (t) > HL) ∧ (Sf (t) +BMLDf > Nf (t) + LC)
(4)

Inspired by the binaural SII [7], which models the better
ear effect by treating the ear with the largest SNR in each fre-
quency band as the effective SNR, the better ear effect is simu-
lated in the BiDWGP by combining glimpses from the two ears.
Glimpses defined by Eq. 4 are computed separately for left and
right ear models, GL and GR, and combined to produce binau-
ral glimpses Gbi in all time-frequency regions where either or
both individual ears produce a glimpse, i.e., the inclusive ‘or’ of
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glimpsed spectro-temporal locations for the left and right ears,
GL and GR (Fig. 3).
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Figure 3: Stage 3 of the BiDWGP model: computation of bin-
aural glimpses Gbi and final objective score.

2.4. The BiDWGP metric

The final binaural distortion-weight glimpse proportion metric
is computed as shown in Eq. 5. The output of the BiDWGP
metric lies in the range 0-1, with higher scores indicating better
intelligibility.

BiDWGP = v[
1

T

F∑

f=1

(KfW
bi
f

T∑

t=1

H(Gbi
f ))] (5)

where

F∑

f=1

Kf = 1

Here

• H(.) is the Heaviside unit step function which counts the
number of glimpses in frequency channel f

• Kf is a band importance function interpolated from the
values provided in Table 3 of [4].

• T and F are the number of time frames and frequency
channels

• v(.) is a quasi-logarithmic function which models the
fact that ceiling intelligibility occurs for glimpse propor-
tions substantially lower than 1:

v(x) =
log(1 + x/δ)

log(1 + 1/δ)
, δ = 0.01 (6)

3. Experiment I: Single masker
Harvard sentences [19] uttered by a British English male talker
were mixed with two noise maskers, a stationary noise masker
(SSN: speech-shaped noise with spectrum matching the long-
term corpus average) and a fluctuating noise masker (CS: com-
peting speech) at two SNR levels. CS was generated by con-
catenating sentences uttered by a British English female talker
from the SCRIBE corpus [20]. The SNR levels led to recogni-
tion scores of approximately 25% and 50% in each noise masker
(-18 and -15 dB for CS; -9 and -6 dB for SSN) when the target
and masker were co-located ahead of the listener. The azimuth
of the speech source was fixed at 0◦ relative to the listener (i.e.,
θs = 0), while the azimuth of the masker θn varied across con-
ditions. Different source-listener distances rs and rn for speech
and masker sources respectively were also tested, leading to the
18 conditions shown in Table 1.

A virtual sound field was simulated by convolving monau-
ral speech and noise signals with head-related impulse re-
sponses recorded in an anechoic chamber [21]. Speech pre-
sentation level was fixed at 63 dB(A) at a distance of 2m from

Table 1: Locations of the target speech and masker.

rs (m) rn (m) θn (◦)
2 2 [0 -10 20 -30 60 -90 90 -150 120 180]
1.5 2.5 [0 -45 135 180]
2.5 1.5 [0 45 -135 180]
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Figure 4: Listener scores and model predictions by BiDWGP
(left) and the binaural SII (right) in single masker conditions
(blue: SSN; red: CS).

the listener, while the masker presentation level was adjusted
to achieve the required SNR. Further presentation level change
due to the change of distance from the listener is relative to the
reference level at 2m.

In total, there were 72 conditions (2 masker types× 2 SNR
levels × 18 locations) in the experiment. Each participant lis-
tened to three sentences in each condition. Sentences were
blocked by masker type and SNR level. Fourteen native British
English speakers listened to the stimuli in a semi-anechoic room
over headphones. All participants reported normal hearing.

A 2-parameter logistic fit (Eq. 7) was applied to the raw
output o of the model, in order to convert o to the predicted
listener performance f(o):

f(o) =
1

1 + exp(−(a+ b · o)) (7)

The best fit, determined with the nonlinear least squares MAT-
LAB procedure glmfit, was achieved at a = −3.77 and
b = 11.15. The correlation ρ between the transformed objective
prediction and subjective performance was computed together
with the error of the standard deviation σd of subject scores in

test condition d, defined by σe = σd ·
√

1− ρ2.

The binaural SII [7] as the reference measure is also evalu-
ated, after the same procedure of the logistic fit with the param-
eters a = −2.36 and b = 6.03. Fig. 4 plots mean listener per-
formance and model scores in each condition. Compared to the
binaural SII (ρ = 0.71), prediction by BiDWGP are strongly-
correlated with listener scores (ρ = 0.97). The BiDWGP
model also makes good predictions for individual maskers:
ρ = 0.98, σe = 0.06 for SSN and ρ = 0.98, σe = 0.04
for CS. It is interesting to observe that the model achieves a
similar level of predictive accuracy for the two maskers, since
monaural OIMs typically exhibit decreased predictive power
in fluctuating noise maskers [22, 10]. Although the binaural
SII also exhibited reasonable predictions for individual maskers
(ρ = 0.92, σe = 0.11 for SSN and ρ = 0.89, σe = 0.90
for CS), the overall correlation is poor due to the model score
falling into discrepant numeric range for different maskers.
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4. Experiment II: Multiple maskers
The second experiment simulated conditions involving two or
three maskers. Moreover, the position of the speech source was
no longer fixed solely at 0◦. Speech and maskers were at the
same distance from the listener (rs = rn = 2). Azimuth set-
tings for speech (θs) and maskers (θn) are shown in Table 2.

Table 2: Azimuth settings of the target speech and the masker.

Num. maskers θs (◦) θn (◦)
2 0 [30 -60], [30 90]

45 [0 90]
-45 [45 90]
90 [0 -90]

-90 [0 -45]

3 0 [30 -60 90], [30 60 90], [-30 60 90]
30 [0 60 90], [-60 -90 -120]

-60 [0 90 -120]

Since increasing the number of maskers leads to additional
masking, the SNR levels for Exp. II were increased to -12 and
-9 dB for CS and -8 and -5 dB for SSN. Within each condition
all maskers had the same SNR with respect to the target speech.
Some 48 conditions (2 masker types × 2 SNR levels × 12 lo-
cation settings) resulted from this design. Participants listened
to five sentences in each condition. Fourteen native British En-
glish speakers with normal hearing participated in Exp. II of
whom four had participated in Exp. I. Sentences and competing
speech maskers were different from those used Exp. I.

The same logistic fitting procedure used in Exp. I resulted
in parameter values of a = −5.21 and b = 13.20. Fig. 5
plots objective vs. subjective intelligibility in all conditions. In
the presence of two or three maskers, the BiDWGP model pre-
dicted listeners’ scores well (ρ = 0.91), though not at the level
of the single masker conditions. High correlations for the indi-
vidual maskers are also seen: (SSN, ρ = 0.96, σe = 0.07;
CS, ρ = 0.94, σe = 0.09). For conditions split by the
number of maskers, while the model achieved a correlation of
(ρ = 0.88, σe = 0.11) when two maskers in present, a similar
performance (ρ = 0.90, σe = 0.12) was with three maskers.
The model displays a tendency to over-estimate listener perfor-
mance in many CS masking conditions, particularly in the re-
gion where listeners’ scores are below 60%.

BiDWGP
0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1

Li
st

en
er

 p
er

fo
rm

an
ce

 (%
)

0

10

20

30

40

50

60

70

80

90

100

2

2

2

2

2

2

2

2

2

2

2

2

3

3

33
3

3

3

3

33

3

3

2

2

2

2

2

2
2

2

2

2

2

2

3

3

3
3 3

3

3

3

3

3 3

3
������ �������

2: two maskers
3: three maskers

Figure 5: Listener scores and model predictions in multiple
masker conditions (blue: SSN; red: CS).

5. Conclusion and discussion
Extending a monaural intelligibility predictor to the binaural
context resulted in high correlations with listeners’ speech iden-
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Figure 6: Scatter plot of objective-subjective intelligibility pairs
in Exp. I and Exp. II.

tification scores. For single maskers, correlations in excess of
0.97 were observed with both overall and for individual station-
ary and fluctuating competing speech maskers. In the multiple
masker scenarios overall correlation dropped to around 0.91,
with better predictions for the individual maskers of 0.96 (SSN)
and 0.94 (CS) respectively.

Some overestimation of intelligibility in the face of multi-
ple competing speech maskers was observed (Exp. II). Fig. 6
combines the results of the two experiments. Based on logis-
tic fits, model predictions at the 50% correct point averaged
0.37 across the two experiments, with values of 0.34, 0.36
and 0.33 for the SSN/single masker, SSN/multiple maskers and
CS/single masker combinations. For the CS/multiple masker
case the model prediction of 0.43 was significantly higher. Most
participants reported that the CS masker conditions were more
difficult than those involving the stationary masker due to the
need to identify the location of the target speech. We specu-
late that listeners’ attention switching due to source localisa-
tion and segregation might negatively impact performance in
keyword identification in the presence of multiple competing
speech sources. This effect is more evident when noise is more
dominant (e.g., listener scores below 40%), suggesting that it
may take longer for listeners to locate the target speech in ad-
verse listening conditions. Further experiments are needed to
test the cost of attention-switching hypothesis, perhaps using a
visual cue to identify the location of the target source. Future
work will also address the possibility that informational mask-
ing by the competing speech contributes to the greater difficulty
of this masker.

The BiDWGP method operates with monaural target and
masker signals and knowledge of their locations in distance and
azimuth. As such, it is applicable to a wide range of sound gen-
eration scenarios where assessment of intelligibility is a con-
cern (e.g., design of radio programmes for narrative or dialogue;
loudspeaker placement for public announcements). However,
the BiDWGP metric does not take account of reverberant energy
and is therefore limited to simulations of free-field conditions:
future work will extend the BiDWGP metric to these acoustic
conditions.
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