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Summary
A binaural model is presented which predicts the eﬀect of audibility on the intelligibility of speech in the presence of speech-shaped noise and vocoded-speech maskers. It takes the calibrated target and masker signals (independently) and the listener’s tonal audiogram at each ear as inputs. Model predictions are compared to speech
reception thresholds (SRTs) measured for normal-hearing (NH) and hearing-impaired (HI) listeners in the presence of two uncorrelated speech-spectrum noises or two vocoded-speech maskers, which were either (artiﬁcially)
spatially separated or co-located with the frontal speech target. The artiﬁcial spatial separation was realized by
presenting each masker to a diﬀerent single ear using headphones, while the target was presented diotically as
coming from the front. Audibility was varied by testing four diﬀerent sensation levels for the combined maskers.
The model allows for a good prediction of the decrease of SRT and the increase of spatial release from masking (based primarily on better-ear glimpsing here) with increasing audibility. For both groups of listeners, the
averaged absolute prediction error across conditions was between 0.6 and 1.7 dB.
© 2018 The Author(s). Published by S. Hirzel Verlag · EAA. This is an open access article under the terms of the
Creative Commons Attribution (CC BY 4.0) license (https://creativecommons.org/licenses/by/4.0/).
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1. Introduction
Possessing two ears is useful for understanding speech in
noise. It allows for a competing sound source to cause
less masking when it is spatially separated from the target. This spatial release from masking (SRM) relies on interaural level and time diﬀerences in the signals reaching
the ears (ILDs and ITDs, respectively) [1, 2]. It has been
shown that SRM is substantially reduced for HI listeners
[3]. While several binaural models exist to describe SRM
for NH listeners (see [2] for references), we are aware of
only one model proposed to predict SRM also for HI listeners. This model has been tested using SRTs measured
in the presence of a single noise masker, which was either
stationary [1] or modulated in amplitude [4]. The aim of
the present study was to propose an alternative modeling
approach to predict the eﬀect of audibility on SRTs and
SRM for both NH and HI listeners. The performance of
this model was tested here for speech presented against
Received 27 February 2018,
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two maskers (producing both stationary noise or vocoded
speech).

2. Model
The proposed model is based on an updated implementation of the model of Collin and Lavandier [2], which
predicts binaural speech intelligibility in the presence of
multiple non-stationary noises, but does not take hearing
impairment and audibility into account. It combines the
eﬀects of better-ear listening and binaural unmasking and
is based on two inputs: the ear signals generated by the target and those generated by the sum of all interferers. Based
on these inputs, the model computes the better-ear signalto-noise ratio (SNR), as the maximum value of the SNR at
the left and right ears, and the binaural unmasking advantage (in dB) from the target and masker interaural parameters. The computation is realized in frequency bands and
followed by integration across bands. Adding the betterear and binaural unmasking components, the model ﬁnally
produces a (broadband) “eﬀective binaural ratio”. Binaural ratios are inverted in order to be compared to SRTs, so
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that high ratios correspond to low thresholds (high intelligibility).
The predictions are based on short-term predictions averaged across time. To avoid target speech pauses mistakenly leading to a reduction in predicted intelligibility, the
model considers interfering energy as a function of time
and target energy averaged across time. Instead of replacing the target speech by a stationary signal with similar
long-term spectrum and interaural parameters and applying the short-term analysis on this signal [2], the present
implementation computes the long-term statistics of the
target only once and combines those with the short-term
statistics of the noise to compute binaural ratios within
each time frame (before averaging). The model uses 24ms half-overlapping Hann windows as time frames [2] and
a gammatone ﬁlterbank with center frequencies ranging
from 30 to 19885 Hz and two ﬁlters per equivalent rectangular bandwidth (ERB). A ceiling corresponding to the
maximum better-ear SNR allowed by frequency band and
time frame is also applied to avoid this SNR tending to
inﬁnity in interferer pauses. The ceiling value was set to
20 dB1 .
In order to take into account the eﬀects of audibility for
both NH and HI listeners, the model proposed here introduces several modiﬁcations to the initial model of Collin
and Lavandier. The absolute broadband level of the target
and masker signals and the listener’s tonal audiogram, all
expressed in dB sound pressure level (SPL), are required
as additional inputs for the model. Predictions are computed separately for each listener (results below are averaged across listeners). While computing the binaural ratios, the target and masker levels are compared to the levels
of internal noises which are based on the listener’s hearing
thresholds. For the better-ear component evaluation, the
SNR is computed in each time frame, frequency band and
at each ear by subtracting from the target level the maximum between the masker and internal noise levels. The
binaural unmasking advantage is set to 0 dB as soon as
the masker or target level is below the internal noise level
at one ear; otherwise this component of the model is not
modiﬁed. As discussed below, this rather “crude” model
of binaural unmasking for HI listeners was not properly
tested with the stimuli considered below, because those did
not contain realistic ITDs. Further investigation is needed
concerning this component of the model.
The internal noise considered at each ear in the model
is spectrally-shaped using the tonal audiogram. The audiometric pure tone thresholds (given in dB HL) are converted
into ear drum levels (in dB SPL), and the resulting levels
are then interpolated to get their values at the center frequencies used in the model. The level conversion was realized by adding reference equivalent sound pressure levels
for the applied THD 39 headphones [5] and nominal values for the transformation from 6 cc coupler to ear drum
1 This value was chosen after testing this updated implementation of the
model of Collin and Lavandier on diﬀerent data sets from the literature.
This work by Vicente and Lavandier is not published yet.
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levels [6] to the pure tone thresholds. Within the audiometric frequency range, the thresholds in dB SPL were interpolated on a logarithmic frequency scale. For frequencies
below 250 Hz and above 6 kHz, the threshold was set to the
value in dB SPL2 at 250 Hz and 6 kHz, respectively. Individual pure tone thresholds were considered separately for
the left and right ears3 . The internal noise levels are then
obtained by adding a value in dB to the interpolated thresholds. This value margin sets the broadband level of the internal noise in dB SPL. It is a free parameter of the model,
assumed to be constant across frequency and within subject group (i.e., NH or HI), but diﬀerent between subject
groups.
The model predictions presented here were computed
using the stimuli from two related experiments [7, 8]
brieﬂy summarized in Section 3. For each condition, two
minutes of the masker signal was considered and the target
was represented by averaging 120 and 128 target sentences
for experiments 1 and 2, respectively; after all sentences
had been truncated to the duration of the shortest sentence.
The masker and averaged target signals were all convolved
with the impulse response of the headphones used for
data collection and measured on a 4128C Bruel&Kjaer
head and torso simulator. All signals were calibrated to
the sound levels (dB SPL) used in the experiments.

3. Data
The experimental data and stimuli used to verify the proposed binaural model were taken from two experiments
described in detail in [7] and [8]. Experiment 1 evaluated the eﬀect of temporal masker ﬂuctuations on SRT and
SRM in NH and HI listeners [7]. Experiment 2 focused explicitly on the eﬀect of sensation level (and thus audibility)
on SRT and SRM in ﬂuctuating noise [8].
In both experiments, SRTs were measured adaptively
using BKB-like target sentences [9] in the presence of two
noise-vocoded speech interferers. The noise vocoder was
applied to minimize informational masking eﬀects. It was
realized with ﬁve frequency channels with a bandwidth
of four critical bands each, and was applied separately to
each of the two speech maskers. The target speech was unprocessed (i.e., not vocoded) and always presented from
0◦ azimuth, whereas the two interferers were either colocated with the target or (artiﬁcially) spatially separated.
The target speech and the co-located interferers were spatialized by applying the same across-ear averaged headrelated transfer function for frontal sound incidence from
[10] to both ears. The spatially separated interferers were
realized artiﬁcially such that one was presented to the left
2

It might be more appropriate to do this extrapolation on the threshold
levels (dB HL) rather than on the ear drum levels (dB SPL); however,
given the importance function of the speech intelligibility index (used
in the model) at these very low and high frequencies, it is unlikely that
model predictions would be much aﬀected.
3

For the modeling of experiment 1, the pure tone thresholds of the NH
listeners were set to 0 dB HL.
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4. Predictions
Predicted diﬀerences of (inverted) binaural ratio between
conditions can be directly compared to corresponding SRT
diﬀerences. To compare absolute thresholds rather than
relative diﬀerences, a reference needs to be chosen. For
each listener considered here, the reference was the individual average SRT across conditions in the experiment.
To obtain the predicted SRTs of each listener, inverted
ratios were centered to this average SRT (by subtracting
their mean and adding the average SRT). In other words,
the individual average predicted SRT was aligned to the
individual average measured SRT4 ; so that we only aimed
at predicting the diﬀerences across conditions within each
4 In experiment 1, the stimuli, audiogram and resulting model predictions
were identical for all NH listeners. The average predicted SRT across
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ear and the other one to the right ear, realizing “inﬁnite”
broadband ILDs but no ITD. All stimuli were presented
via equalized Sennheiser HD215 headphones and were ﬁltered such that they had the same long-term spectrum as
the target speech.
In experiment 1, the combined interferer level was set to
60 dB SPL and the level of the target speech was adjusted
adaptively such that, on average, 50% of the words were
correctly understood. The resulting SNR provided an estimate of the SRT. To partly compensate for the loss in audibility, the HI listeners received linear ampliﬁcation according to the National Acoustic Laboratory Revised-Profound
prescription formula (NAL-RP, [11]). Moreover, two uncorrelated speech-shaped noise interferers were tested in
addition to the noise-vocoded speech interferers. Ten NH
listeners (hearing thresholds below 15 dB HL) with a mean
age of 33.1 years and ten HI listeners with a mean age of
66.9 years participated in experiment 1. All HI listeners
had symmetric, mild to moderate, sloping, sensorineural
hearing loss with a four frequency (0.5, 1, 2, 4 kHz) average hearing loss (4-FAHL) of 37.8 +/- 7.1 dB HL.
In experiment 2, all stimuli were audibility equalized
across frequency by providing ampliﬁcation (or attenuation) equivalent to the individually measured detection
thresholds for speech-shaped noise ﬁltered into nine diﬀerent frequency regions. SRTs were measured for the noisevocoded speech interferers presented at four diﬀerent sensation levels (0, 10, 20 and 30 dB) relative to the individual
SRTs in quiet. It should be noted that 0 dB SL corresponds
to very low levels in dB SPL, in particular for the NH listeners. The level of the target is varied adaptively relative
to the combined interferer level during each SRT measurement. By varying the overall level of the stimuli in this
experiment, their audibility was varied. Ten NH listeners
with a mean age of 23.2 years and ten HI listeners with a
mean age of 70.3 years participated in experiment 2, but
not all HI listeners could be tested at the higher sensation
levels due to loudness tolerance issues. All HI listeners had
symmetric, mild to moderate, sloping, sensorineural hearing loss with a 4-FAHL of 29.1 +/- 8.0 dB HL.
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Figure 1. Mean SRTs with standard errors across NH (top panel)
and HI (bottom panel) listeners measured and predicted in experiment 1. The two maskers were either speech-shaped noise
(SSN) or vocoded speech, and either spatially separated (sep.)
or co-located (col.) with the frontal target. A small horizontal
oﬀset has been added to the model predictions to reduce symbol
overlap.

group of listeners and experiment (i.e., within each panel
of Figures 1 and 2).
Prediction performances were evaluated in terms of
Bravais-Pearson correlation between measured and predicted SRTs (Corr), mean absolute prediction error
(MeanErr, absolute diﬀerences between measured and
predicted SRTs averaged across conditions), and maximum absolute prediction error (MaxErr). The value of the
free parameter margin of the model was chosen to minimize MeanErr in experiment 2, independently for each
group of listeners, resulting in a margin of −11 dB and
−22 dB for the NH and HI listeners, respectively. The
same margin values were used for the modeling of experiment 1 (considered here for validation).
conditions was then directly aligned to the average SRT measured across
listeners and conditions.
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Figure 2. Mean SRTs with standard errors across NH (top panel)
and HI (bottom panel) listeners measured and predicted in experiment 2 for four overall masker levels (the audibility of the target and maskers increased with overall level). The two vocoded
speech maskers were either spatially separated (sep.) or colocated (col.) with the frontal target. A small horizontal oﬀset
has been added to the model predictions to reduce symbol overlap.

The measured and predicted SRTs of experiment 1 are
presented in Figure 1. The model predicted closely both
the SRM and the masking release associated with envelope modulations in the masker (SSN vs. vocoded speech)
for the NH listeners (MeanErr below 1 dB; Corr was computed on only four points here so it should be considered
with caution). Predictions were less accurate for the HI listeners (even if MeanErr remained below 2 dB). In particular, the model overestimated the SRM for the SSNs.
This SRM was not present in the data. As a result, the
model also overestimated the eﬀect of the masker envelope modulations in the co-located condition: the model
predicts an advantage that is also not apparent in the data
for the HI listeners.
Figure 2 presents the mean SRTs measured in experiment 2 for the NH (top panel) and HI (bottom panel) lis-
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teners, along with the model predictions for each group.
SRTs are plotted as a function of overall masker level (increasing level corresponds to increasing audibility for both
target and maskers). The model described accurately both
the decrease of SRT and the increase of SRM with increasing audibility for both groups of listeners (Corr above 0.98
and MeanErr below 1 dB).

While tested on data measured with diotic and dichotic
stimuli reproduced over headphones, the binaural model
proposed here was able to predict rather accurately the release from masking due to better-ear glimpsing in the presence of two maskers, the dip listening advantage associated with envelope modulations in these maskers, and the
eﬀect of audibility on both SRTs and better-ear glimpsing,
for NH and HI listeners. Predictions were less accurate for
the HI listeners in experiment 1 that was not used to deﬁne
the value of the free parameter of the model. Prediction
performance was at least as good as for previous binaural NH models [2, 4], with a MeanErr between 0.6 and
1.7 dB. When stimuli levels are well above hearing thresholds, the proposed model is equivalent to the one of Collin
and Lavandier [2]. It was the case for the NH listeners in
experiment 1 and the similar prediction performance obtained highlights the backward compatibility of the model.
Even if the better-ear glimpsing component of the model
seems validated by the ﬁrst predictions presented here, the
model needs to be further tested using stimuli with realistic
ILDs and ITDs. In particular, the binaural unmasking component of the model relying on ITDs could not be tested
here.
The free parameter margin – used to obtain the model
internal noise levels from the tonal audiograms – had to be
set to diﬀerent values for the NH and HI listeners. This is
an important limitation of the model. When considering a
panel of listeners with increasing hearing losses, it would
be more relevant to be able to use a single model for all
listeners, so that in the future margin would at least need
to be made dependent on the degree of hearing loss. The
fact that it is not the case in the current model might explain why less accurate predictions were obtained for the
HI listeners of experiment 1 that had a larger average hearing loss (4-FAHL) than the HI listeners of experiment 2,
which were the listeners considered when deﬁning margin.
The diﬀerence in margin obtained for the NH and HI
listeners could reﬂect potential eﬀects of reduced spectral
and temporal resolutions for the HI listeners, but also additional eﬀects of cognitive diﬀerences between the two
groups due to the age confound (i.e., young NH vs. old
HI). In a diﬀerent modeling framework (at least in terms of
implementation, even if the concept of the present model
is quite similar), Beutelmann et al. model the eﬀects of audibility by adding independent internal noises at each ear.
The internal noise is also spectrally-shaped using the tonal
audiogram and its levels are set 1 dB [1] or 4 dB [4] above
the audiometric thresholds. These values are positive and
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much smaller in magnitude than the oﬀsets of −11 dB and
−22 dB used here. Even if the diﬀerences in model implementation might explain part of this discrepancy, more investigations are needed concerning this important parameter of the proposed model. It should be noted that, apart
from the use of a diﬀerent margin, the current model is
identical for NH and HI listeners (e.g., in terms of spectral
and temporal resolutions). This might need further reﬁnement as well.
Importantly, prediction performances were quite similar for both groups of listeners. While using identical parameters for NH and HI predictions, the binaural model
proposed by Beutelmann et al. could predict well SRTs
measured in the presence of one SSN in diﬀerent rooms
[1]. The SRM was generally overestimated for HI listeners, but the diﬀerence in MeanErr between NH and HI
listeners was only 0.5 dB. In the presence of an envelopemodulated noise [4], the predictions were less accurate for
the HI compared to the NH listeners (Corr in the range
0.59–0.80 and 0.80–0.93, MeanErr of 4 and 3 dB, respectively).
Only averaged predictions across listeners were presented here. The model can be applied to predict SRTs
for individual listeners, but care should be taken to assure
that these individual SRTs are not inﬂuenced by the potential confounding eﬀect of the sentence material, which
needs to be counterbalanced across conditions (as it was
the case for the averaged SRTs considered here). The proposed model could be a useful tool to investigate individual diﬀerences between HI listeners in the future.
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