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ABSTRACT:
A binaural model predicting speech intelligibility in envelope-modulated noise for normal-hearing (NH) and

hearing-impaired listeners is proposed. The study shows the importance of considering an internal noise with two

components relying on the individual audiogram and the level of the external stimuli. The model was optimized and

verified using speech reception thresholds previously measured in three experiments involving NH and hearing-

impaired listeners and sharing common methods. The anechoic target, in front of the listener, was presented simulta-

neously through headphones with two anechoic noise-vocoded speech maskers (VSs) either co-located with the target

or spatially separated using an infinite broadband interaural level difference without crosstalk between ears. In experi-

ment 1, two stationary noise maskers were also tested. In experiment 2, the VSs were presented at different sensation

levels to vary audibility. In experiment 3, the effects of realistic interaural time and level differences were also tested.

The model was applied to two datasets involving NH listeners to verify its backward compatibility. It was optimized

to predict the data, leading to a correlation and mean absolute error between data and predictions above 0.93 and

below 1.1 dB, respectively. The different internal noise approaches proposed in the literature to describe hearing

impairment are discussed. VC 2020 Author(s). All article content, except where otherwise noted, is licensed under a
Creative Commons Attribution (CC BY) license (http://creativecommons.org/licenses/by/4.0/).
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I. INTRODUCTION

Having two ears can be very helpful to improve

speech intelligibility (SI) in a noisy environment. Spatial

release from masking (SRM) is the ability to benefit

from a spatial separation between target and masker

sources using binaural cues, the interaural level differ-

ence (ILD) and interaural time difference (ITD), to

improve SI [e.g., Bronkhorst and Plomp (1988) and

Culling et al. (2004)]. When a target speaker is spatially

separated from the competing masking noise(s), differ-

ences in ILD and ITD are observed between the signals

produced by the target and masking sources at the ears

of the listener. The differences in ILD result in different

signal-to-noise ratios (SNRs) at the two ears. Better-ear

listening reflects our ability to exploit the higher SNR

across ears to better understand the target. Binaural

unmasking is a mechanism that utilizes the differences

in ITD to improve SI. Durlach (1963) modelled the lat-

ter by assuming that a listener is able to internally

equalize the masking signals at the ears—by applying a

gain and a delay at one ear to compensate for the

masker ILD/ITD—and partially cancel this masker to

improve the internal SNR and, consequently, SI. This

theory is called Equalization-Cancellation (EC) theory.

The SRM is typically reduced for hearing-impaired

(HI) listeners because the benefit of these auditory mecha-

nisms is substantially degraded by hearing loss (HL), which

leads to more difficulties with understanding speech in noisy

environments [e.g., see Glyde et al. (2011) for a review].

Hearing impairment can be characterized by an elevated

hearing threshold, as measured by a pure-tone audiogram,

which results in reduced audibility of important speech and

masker information, and thus degrades SI (Rana and

Buchholz, 2018b). Reduced audibility has a direct effect on

the benefit provided by better-ear listening, since the speech

signal at the ear with the better SNR may not be audible or

only partially audible (Glyde et al., 2013). In addition, other

aspects related to HL can impair SI in noise, such as reduced

sensitivity to the temporal fine structure of a signal [e.g.,

Moore (2008)]. The latter has direct implications for the

ITD sensitivity in HI listeners (F€ullgrabe and Moore, 2017).

Whereas normal-hearing (NH) listeners are very sensitive to
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b)Also at: Macquarie University, Macquarie Park, 2109 NSW, Australia.

Electronic mail: thibault.vicente@entpe.fr
c)ORCID: 0000-0001-6188-9761.

J. Acoust. Soc. Am. 148 (5), November 2020 VC Author(s) 2020. 33050001-4966/2020/148(5)/3305/13

ARTICLE...................................

http://creativecommons.org/licenses/by/4.0/
https://doi.org/10.1121/10.0002660
mailto:thibault.vicente@entpe.fr
http://crossmark.crossref.org/dialog/?doi=10.1121/10.0002660&domain=pdf&date_stamp=2020-11-30


changes in ITD up to a frequency of around 1.3 kHz, HI lis-

teners show reduced sensitivity to ITD with a decrease in

the upper cut-off frequency (King et al., 2014; Neher et al.,
2011). A reduced ITD sensitivity has been linked to a

reduced benefit provided by binaural unmasking (Santurette

and Dau, 2012).

In order to predict SI in noise, several models have

been proposed that simulate the relevant auditory signal

processing with more or less accuracy. A simplistic

approach is to assume that the auditory system is linear and

filters the signals per frequency band. In this regard, the

monaural and binaural models developed by Taal et al.
(2011) and Andersen et al. (2016) predict SI for NH listen-

ers using a third-octave-band decomposition. Other monau-

ral (Jørgensen et al., 2013; Rhebergen and Versfeld, 2005)

and binaural (Chabot-Leclerc et al., 2016; Collin and

Lavandier, 2013; Jelfs et al., 2011; Wan et al., 2014) models

for NH listeners have been developed using a gammatone

filterbank, which consists of linear band-pass filters that

mimic the shape of the auditory filters. The SI index (SII)

(ANSI, 1997) is a monaural model that can be applied

using four different frequency band distributions to predict

SI for NH and HI listeners. A number of SI models imple-

mented a non-linear behavior of the auditory periphery.

For instance, Rela~no-Iborra et al. (2019) developed a

model for monaural listening that is yet to be validated for

HI listeners, and Bruce et al. (2013) and Scheidiger et al.
(2018) proposed monaural models that take into account

the different effects of inner hair cell (IHC) and outer hair

cell (OHC) losses.

A number of binaural models have been proposed to

predict the effect of hearing impairment on SI using a gam-

matone filterbank (Beutelmann and Brand, 2006;

Beutelmann et al., 2010; Lavandier et al., 2018). They use

the listener’s audiograms to implement an internal noise that

is then considered as an additional masking noise (like in

the SII). The model from Beutelmann et al. (2010) was able

to explain 78% of the variation of the data found across a

range of (reverberant) conditions, but the predicted SRTs

were on average 3.4 dB lower than the data, and predictions

were generally less accurate for HI listeners. The model by

Lavandier et al. (2018) was able to accurately predict NH

and HI data measured in two (anechoic) spatial configura-

tions, but applied a model parameter (associated with the

broadband level of the internal noise) that had to be chosen

differently for the NH and HI listeners to obtain accurate

predictions; effectively resulting in two different model

versions. Furthermore, their approach divided the listeners

only in two groups (NH and HI), even though there are

many different degrees (and types) of HL, which would

again require separate model versions.

In the present study, the model developed by Lavandier

et al. (2018) is revised, so that a single model can be used to

predict SI for listeners with various degrees of HL instead of

separate models. It was accomplished by modifying the

implementation of the internal noise, which consists now of

two components: one related to elevated hearing thresholds

and the other related to the effect of external stimulus level

on SI. This approach is in line with the findings from

Bernstein and Trahiotis (2008), who provide an overview of

the literature on the concept of internal noise before con-

ducting experiments to measure detection thresholds for a

tone in noise to characterize the internal noise in NH listen-

ers. In line with their literature review, their results suggest

that the internal noise would consist of two components.

The first component is stimulus independent and determines

the absolute threshold (i.e., serving as “noise floor”). The

second component is stimulus-dependent, with its level

increasing when the external noise level increases following

a dB-for-dB rule.1

The revised model is optimized and verified here

using data from three experiments involving NH and HI

listeners (Rana and Buchholz, 2016, 2018a,b), as well

as data measured with only NH listeners (Collin and

Lavandier, 2013; Lavandier et al., 2012) to verify its

backward compatibility. Besides addressing the model

performance, the discussion provides an in-depth analysis

of the internal noise implementation and a comparison

with other models proposed in the literature that consider

an internal noise.

II. MODEL DESCRIPTION

A. Original model developed for NH listeners

A block diagram of the proposed SI model is shown in

Fig. 1, with the components of the original model (Collin

and Lavandier, 2013; Vicente and Lavandier, 2020)

highlighted with the black font. The target and combined

masker signals at the listener’s ears, equalized to the same

broadband level (mean across ears), are taken as inputs to

the model. The target characteristics (i.e., magnitude spectra

at each ear and ITDs) are averaged across time, computed

only once on the whole signal to get their long-term values.

This avoids that a short pause between words leads to a very

low SNR and thus a poor predicted SI, even though it pro-

vides relevant information for the listener. The masker char-

acteristics are computed as a function of time for the model

to predict the ability of a listener to understand speech in the

dips of the masker’s envelope [“dip listening,” Festen and

Plomp (1990)].

Based on the incoming signals, the SNR at the better

ear and the binaural unmasking advantage are computed per

time frame and frequency band combining the target’s

long-term characteristics with the masker’s short-term char-

acteristics (i.e., magnitude spectra at each ear, ITDs,

and interaural coherence). To compute the SNR at the two

ears, the masker signals are segmented using 24-ms half-

overlapping Hann windows, so that “monaural” dip listening

can be predicted. To compute the binaural unmasking

advantage, 300-ms half-overlapping Hann windows are used

so that binaural sluggishness can be taken into account

(Hauth and Brand, 2018; Vicente and Lavandier, 2020). The

frequency analysis is realized by applying two Gammatone

filters per equivalent rectangular bandwidth, covering a
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frequency range from 30 Hz to the closest gammatone filter

center frequency below the half of the sampling frequency,

i.e., 9.6, 19.9, and 25.1 kHz for the signals sampled at

20 kHz (Lavandier et al., 2012), 44.1 kHz (Rana and

Buchholz, 2016, 2018a,b), and 48 kHz (Collin and

Lavandier, 2013), respectively.

The better-ear SNR is computed choosing the higher

SNR between the left and right ears, with a ceiling SNR at

20 dB to avoid that the SNR goes to infinity in the masker’s

dips. The binaural unmasking advantage is computed by

applying the binaural masking level difference formula from

Culling et al. (2005). Their values are averaged across time,

integrated across frequency using a SII weighting [derived

from the band importance function in Table I of ANSI

(1997)], and added to obtain a binaural ratio. Differences

between binaural ratios can be directly compared to differ-

ences between speech reception thresholds (SRTs, SNR at

which 50% of the target speech is intelligible) measured in

listening tests.

In order to derive predicted SRTs, the binaural ratios

are first inverted, so that a higher binaural ratio reflects bet-

ter SI. Then, for each experiment, they are offset to fit the

data by subtracting their mean and adding the average mea-

sured SRT across conditions and listeners,2 which was cho-

sen as a reference. The predicted SRTs resulting from this

transformation have the same mean value across conditions

as the measured SRTs, for a given experiment.

B. Extension of the model to HI listeners

In order to quantify the effect of reduced audibility,

Lavandier et al. (2018) applied a number of changes to the

original model of Collin and Lavandier (2013), using the

implementation suggested by Cubick et al. (2018). These

changes are highlighted with the grey font in Fig. 1. First,

the model input signals are calibrated to the sound level [in

dB of sound pressure level (SPL)] used during the experi-

ment (i.e., the sound level of the masker here, that was fixed

during the adaptive measurements). This means that any

amplification applied to the stimuli in order to compensate

for the listener’s HL is considered by the model. To take

into account the HL, an internal noise is implemented at each

ear with a spectrum that matches the individual audiograms.

To compute the SNR at the better ear, the SNR at each ear is

determined by the higher level between the external and inter-

nal noise and limited to 20 dB. The highest SNR across ears is

selected as the better-ear SNR. The binaural unmasking advan-

tage is computed only if the masker and target levels are above

the internal noise levels at both ears.

The differences applied in the present study to the

model of Lavandier et al. (2018) are solely related to the

implementation of the internal noise. In this regard, three

assumptions are made. (1) The overall level of the external

stimuli is approximated by the known masker level, assum-

ing that the broadband SNR is below 0 dB. (2) The HL of

the listener can be split into proportions g and 1� g to

reflect the different contributions of OHC and IHC loss,

with g being identical at all frequencies and for all listeners.

(3) The maximum value allowed for the estimated OHC loss

is 57.6 dB (Moore and Glasberg, 2004) and the loss above

this value contributes solely to the estimated IHC loss. The

estimated OHC and IHC losses are interpolated at the mod-

el’s center frequencies between the lower and upper center

frequency of the audiograms (250 Hz and 8000 Hz, respec-

tively) and extrapolated otherwise, using a logarithmic fre-

quency scale. The level (in dB SPL) of the internal noise

Nint in each frequency band is then calculated using the fol-

lowing formula:

Nintðn;NÞ ¼ CðnÞ þ gTðnÞ
þ 10 log10ð10B=10þ 10 N�Nlimþð1�gÞTðnÞ½ �=10Þ;

(1)

where n is the center frequency of the nth frequency band

and N is the long-term broadband level of the external

masker averaged across ears.3 Given that the model takes

into account the listener-individual amplification applied in

the experiment, the term N can vary across listeners (if they

have different HL profiles leading to individual amplifica-

tion). The term T(n) refers to the standard pure-tone

audiogram in dB HL, thus, gTðnÞ and ð1� gÞTðnÞ are the

FIG. 1. Block diagram of the proposed model. The original model designed only for NH listeners is presented in black (Vicente and Lavandier, 2020), the

modifications associated with the extension to HI listeners are highlighted in grey.
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estimated contributions in dB HL related to OHC and IHC

loss, respectively. The function CðnÞ is the transformation to

convert the HL from dB HL to dB SPL. This transformation

results from the sum of the reference equivalent sound pres-

sure levels for the THD 39 headphones used when measur-

ing the audiograms (ISO 389-2, 1994) and nominal values

for the transformation from 6 cc coupler to ear drum levels

(Bentler and Pavlovic, 1989). The transformation follows

the same interpolation/extrapolation as the audiograms

(interpolated between 200 Hz and 6300 Hz, the range where

values are available) to derive its values at the center fre-

quencies of the model. The frequency-independent free

parameters B, Nlim, and g [highlighted in bold in Eq. (1)]

were systematically varied in the present study for the

experiments involving HI listeners, before being set at

�10 dB, 83 dB, and 0.7, respectively (see Sec. II C).

The proposed implementation of the internal noise mod-

els a behaviour that resembles the different effects of OHC

and IHC loss on SI. It is thereby assumed that the OHCs are

mainly related to the audibility of the incoming sounds,

while the IHCs are mainly related to their coding (e.g.,

Moore and Glasberg, 2004). Equation (1) at low sound levels

N [i.e., N � Nlim þ ð1� gÞTðnÞ � B] can be simplified to

Nintðn;NÞ � CðnÞ þ gTðnÞ þ 10

� log10 10B=10 þ 10 N�Nlimþð1�gÞTðnÞ½ �=10
� �

�CðnÞ þ gTðnÞ þ B: (2)

Hence, for soft sounds and poor audibility, only the part

of the audiograms related to the OHCs [gTðnÞ] is consid-

ered. For high sound levels N [i.e.,

N � Nlim þ ð1� gÞTðnÞ � B], Eq. (1) can be simplified to

Nintðn;NÞ � CðnÞ þ gTðnÞ þ 10

� log10 10B=10 þ 10 N�Nlimþð1�gÞTðnÞ½ �=10
� �

�CðnÞ þ gTðnÞ þ ð1� gÞTðnÞ þ N � Nlim

�CðnÞ þ TðnÞ þ N � Nlim: (3)

This indicates that, at high sound levels, in addition to

the audibility issue related to the OHC loss, SI is further

impaired by the IHC loss.

C. Model evaluation

The proposed model was evaluated on three datasets

involving NH and HI listeners (Rana and Buchholz, 2016,

2018a,b), which considered the effects of HL, sensation

level, spatial configuration of target and maskers, and

masker temporal envelopes. Three indices of model perfor-

mance were considered: the Pearson’s correlation coefficient

r between data and prediction, the mean absolute error

(MeanErr) computed as the average across conditions of the

absolute difference between data and prediction, and the

maximum absolute error (MaxErr).

To quantify the improvement in prediction performance

obtained with the current internal noise implementation

compared to the implementation proposed by Lavandier

et al. (2018), their models were applied here as reference

(“Lav18 models”). The parameter value used to set the level

of the internal noise for the NH listeners was �11 and

�22 dB for the HI listeners (Lavandier et al., 2018).

Compared to the original paper, instead of using a separate

reference to convert the binaural ratios in predicted SRTs

for each group of listeners, a common reference is used here

for both groups,2 in order to evaluate whether the difference

across groups can be predicted.

The backward compatibility with previous model ver-

sions was verified using two datasets involving only NH

listeners. To compare predictions for a stationary noise

masker, the model version and data from Lavandier et al.
(2012) were considered (“Lav12 model”). To evaluate the

effects associated with masker envelope modulations, the

model version and data from Collin and Lavandier (2013)

were considered (“Col13 model”). For a fair comparison,

the components that are similar across models were imple-

mented in the same way.

The Lav12 model follows the implementation presented

in Sec. II A, except that no time frame analysis is applied,

i.e., the better-ear SNR and the binaural unmasking advan-

tage are computed on the long-term signal characteristics.

The Col13 model follows the implementation presented in

Sec. II A, but using the same 24-ms frame to compute the

better-ear SNR and the binaural unmasking advantage

[instead of using 24-ms and 300-ms frames proposed later

by Vicente and Lavandier (2020)].

For all model predictions, the target signal was created

by averaging between 60 and 128 sentence waveforms.4 All

sentences were truncated to the shortest sentence duration

before averaging. The duration of each masker signal was at

least 2 min. All signals from the experiment of Rana and

Buchholz (2016, 2018a,b) were both convolved with the

impulse response of the (equalized) headphones used for

data collection and measured on a 4128 C Bruel&Kjaer head

and torso simulator. Target and masker signals were cali-

brated to the fixed sound level averaged across ears used for

the masker in the experiments.5

In order to find the best combination of parameters in

Eq. (1), the free parameters B, Nlim, and g were varied

within the ranges [�16;�8] dB, [65;85] dB, and [0.6;0.9]

(Pieper et al., 2018), with the aim of simultaneously mini-

mizing MeanErr and MaxErr and maximizing r. This opti-

mization of the model performance was done only using the

three datasets involving both NH and HI listeners (Rana and

Buchholz, 2016, 2018a,b), and the best predictions were

obtained for B¼�10 dB, Nlim¼ 83 dB, and g¼ 0.7.6 The

Spearman’s rank correlation coefficient q was also com-

puted between data and predictions for each experiment but

not used as a criterion in the optimization stage.

III. RESULTS

The results shown below compare the SI data taken

from the literature with the corresponding model predictions

3308 J. Acoust. Soc. Am. 148 (5), November 2020 Vicente et al.
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(see Sec. II C). For the data, only brief overviews of the

experimental designs are presented, the detailed descriptions

and analyses are available in the original publications.

A. Dataset involving NH and HI listeners

The proposed model was validated using three different

datasets that shared some common methods. They were

measured with native English speakers who had either nor-

mal hearing (HL < 15 dB HL up to 6 kHz) or sensorineural

HL with less than 10-dB-HL difference across ears at any

audiometric frequency up to 4 kHz (symmetric HL).

Moreover, the stimuli were anechoic and presented binau-

rally using equalized headphones. The target speech was

from a BKB-like corpus (Bench et al., 1979), consisting of

80 lists of 16 meaningful sentences containing between 4

and 7 words. It was always presented from the front of the

listener simultaneously with two stationary speech-shaped

noises (SSNs, envelope-unmodulated noises with the same

spectrum as the target speech) or two noise-vocoded speech

maskers (VSs, envelope modulated SSNs) either co-located

with the target or spatially separated at 690�. The frontal

position was simulated by convolving the anechoic stimuli

with a head-related transfer function for frontal incidence

averaged across ears, resulting in diotic listening. The noises

were presented at different sensation levels and the relative

target level was adapted to derive the SRTs.

The predictions for the NH listeners of Rana and

Buchholz (2016) and Rana and Buchholz (2018b) were

computed simulating a HL at 0 dB HL at all frequencies for

both ears because the audiograms were not available. This

was not the case in Rana and Buchholz (2018a), where the

individual audiograms for NH and HI subjects were avail-

able at each ear and used as model inputs.

The predictions of the Lav18 models are not shown

here because the figures would have been overloaded.

However, the predictions are available online7 and the statis-

tic performances and the main limitations (when applicable)

are reported below for each experiment.

1. Experiment 1 of Rana and Buchholz (2016)

Ten young NH listeners aged between 23 and 42 years

(mean age of 31.1 years) and 10 older HI listeners aged

between 49 and 77 years (mean age of 66.9 years) were

involved in this experiment. The four-frequency (0.5, 1, 2,

4 kHz) average HL (4FAHL) and 61 standard deviation of

the HI listeners was 37.8 6 7.1 dB HL. Both types of noise,

SSN and VS, were played at a combined level of 60 dB

SPL. Individual, non-ear-specific linear amplification was

applied to the stimuli played to the HI listeners, following

the National Acoustics Laboratories–Revised Profound

(NAL-RP) prescription formula [Dillon (2012), Chap. 10],

to compensate partly for their HL. The spatially separated

configuration was designed by playing the left noise only

through the left channel of the headphones and the right

noise only through the right channel of the headphones, thus

providing infinite broadband ILD.

Figure 2 shows the mean measured SRTs as a function

of the masker type (circles), whereby the black and grey col-

ours refer to the data collected with NH listeners and HI lis-

teners, respectively. The open symbols represent the

measured SRTs in the co-located configuration (“co-loc”)

and the filled symbols show the SRTs for the spatially sepa-

rated configuration (“separ”). The downward triangles cor-

respond to the proposed model predictions and follow the

same pattern of color and filling as the data. The good corre-

lation with the data and low prediction errors (r¼ 0.98;

q¼ 0.90; MeanErr¼ 1 dB; MaxErr¼ 2.1 dB) demonstrate

that the model accurately predicts the effects across condi-

tions and listener groups. In contrast, the Lav18 models are

not able to predict well the difference between HI and NH

listeners. The difference in measured SRTs across

conditions between groups is about 7.2 dB, while the Lav18

models predict only 3.3 dB (and the proposed model

predicts 6.4 dB). This discrepancy led also to worse model

performances (r¼ 0.89; q¼ 0.76; MeanErr¼ 2.1 dB;

MaxErr¼ 4.0 dB).

2. Experiment of Rana and Buchholz (2018a)

Ten young NH listeners aged between 20 and 30 years

(mean age of 23.2 years) participated in this experiment

along with 10 older HI listeners aged between 57 and

78 years (mean age of 70.3 years; 4FAHL¼ 29.1 6 8.0 dB

HL). Only the non-stationary VS maskers were considered.

The spatially separated configuration was simulated as in

Rana and Buchholz (2016), involving infinite broadband

ILD. Target and maskers were filtered to individually equal-

ize audibility across frequency for each listener and then

played at four different sensation levels (0, 10, 20, and

30 dB SL) relative to their individual SRT in quiet. The fil-

ters were designed using detection thresholds in quiet

obtained with a SSN filtered into nine frequency regions.

The measurement was done separately for each listener and

FIG. 2. Mean SRTs with 61 standard errors across NH listeners (blacks

circles) and HI listeners (grey circles) measured by Rana and Buchholz

(2016) as a function of masker type (SSN or VS). The two maskers were

either co-located with the target in front of the listener (“co-loc,” open sym-

bols) or simulated on each side of the listener at 690� (“separ,” filled sym-

bols). Mean predicted SRTs are displayed as downward triangles with the

same filling and color patterns as the data.
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frequency region. The gain corresponding to the detection

thresholds determined the filters that were then applied to

the stimuli played to the listeners. Only the broadband

condition was considered here (lowband, midband, and

highband conditions were also tested in the original study).

Amongst the 10 HI listeners, 1, 6, and 9 of them could not

be tested at 10, 20, and 30 dB SL, respectively, due to loud-

ness discomfort.

Figure 3 presents the measured SRTs as a function of

masker sensation level in two different panels, one for each

group of listeners. The open circles correspond to the SRTs

measured for the condition where the target and masker

were co-located and the filled circles represent the SRTs

obtained for the spatially separated configuration. The

dashed and solid lines correspond to the model predictions

for the co-located and spatially separated conditions, respec-

tively. The proposed model predicts the data with a similar

accuracy as for the experiment of Rana and Buchholz

(2016) (r¼ 0.98; q ¼ 0:98; MeanErr¼ 1 dB; MaxErr

¼ 3.1 dB). The predictions provided by the Lav18 models

are as good as the proposed model (r¼ 0.97; q ¼ 0:97;

MeanErr¼ 1.4 dB; MaxErr¼ 3.3 dB), even though a general

underestimation of the SRTs for the HI listeners can be

observed, as well as an overestimation of 2.5 dB for the NH

listeners at 0 dB SL.

3. Experiment of Rana and Buchholz (2018b)

Ten young NH participants aged between 25 and

41 years (mean age of 33.5 years) and 13 older HI listeners

aged between 69 to 79 (mean age of 74 years; 4FAHL¼ 31

6 8 dB HL) were involved in this experiment. Only the non-

stationary VS maskers were tested and played at 60 dB SPL.

Different amplification strategies were applied to the stimuli

for the HI listeners to compensate partly for their HL, but

only the individual, non-ear-specific linear (NAL-RP)

amplification was considered here. Three different spatially

separated configurations were tested in addition to a co-

located configuration. The first one was spatialized using

natural ILD and ITD, the second one involved natural ILD

but no ITD, and the last one applied the same process as the

two previous experiments with infinite broadband ILD. The

three spatially separated configurations are in the following

referred to as “Natural,” “ILD,” “Infinite ILD.”

Figure 4 presents the measured SRTs (filled circles) as

a function of spatialization method. The black and grey

symbols correspond to the mean measured SRTs of the NH

listeners and HI listeners, respectively. The downward trian-

gles show the proposed model predictions; using the same

color pattern as the data. The same model accuracy as for

the two previous experiments (Rana and Buchholz, 2016,

2018a) is obtained (r¼ 0.97; q ¼ 0:95; MeanErr¼ 1.1 dB;

MaxErr¼ 2.4 dB). Concerning the Lav18 models, the differ-

ence in predicted SRTs across spatial conditions between

the HI and NH listeners is about 0.3 dB, which is about 5 dB

less than what is observed in the data. This discrepancy led

to a lower correlation and higher errors (r¼ 0.71; q ¼ 0:79;

MeanErr¼ 2.7 dB; MaxErr¼ 3.6 dB) than those obtained

with the proposed model.

4. Individual differences between listeners

In order to investigate the accuracy of the model in pre-

dicting individual differences, a correlation analysis was

conducted to compare the predicted SRTs with the measured

SRTs for the HI listeners. For reference purposes, the corre-

lation between the 4FAHL and the measured SRTs was also

calculated. Only, the experiment involving the most HI

listeners is considered here as an example, i.e., the one

from Rana and Buchholz (2018b). The four correlation coef-

ficients between the 4FAHL and measured SRTs

(r ¼ 0:92; 0:88; 0:82; 0:82) within each spatial condition

(Co-located, Infinite ILD, Natural, and ILD) are higher than

FIG. 3. Mean SRTs (circles) with 61 standard errors across NH listeners

(left panel) and HI listeners (right panel) measured by Rana and Buchholz

(2018a) at four overall masker sensation levels. Predicted SRTs are plotted

with lines. The two maskers were VSs either co-located with the target in

front of the listener (“co-loc,” open symbols for data and dashed lines for

predictions) or simulated on each side of the listener at 690� (“separ,” filled

symbols for data and solid lines and predictions).

FIG. 4. Mean SRTs with 61 standard errors across NH listeners (in blacks

circles) and HI listeners (in grey circles) measured by Rana and Buchholz

(2018b) as a function of spatialization method. The two maskers were VSs.

Predicted SRTs are displayed as downward triangles with the same color

pattern as the data.
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the coefficients between the predicted and measured SRTs

(r ¼ 0:84; 0:84; 0:79; 0:78). However, the correlation

between all predicted and measured SRTs across spatial

conditions (r¼ 0.88) is higher than the correlation between

4FAHL and measured SRTs (r¼ 0.65). Hence, the 4FAHL

explains slightly better the measured SRTs for a given spa-

tial condition, but only the model is additionally able to

describe the difference in SRTs across spatial conditions,

which is not surprising as the 4FAHL was not designed to

predict SRM and is independent of spatial condition.

B. Dataset involving only NH listeners

In order to verify the backward compatibility of the pro-

posed model, predictions for two experiments with only NH

listeners are compared to previous model versions (Lav12

and Col13 models; see Sec. II C). As done above (and for

the same reason), a NH listener was simulated here with

0 dB HL at all frequencies for both ears.

1. Experiment 1 of Lavandier et al. (2012)

A meeting room was simulated through headphones,

where a target was presented at 0.65 m and 25� of azimuth

from the listener simultaneously with a SSN. The SSN was

placed at one of two tested distances (0.65 and 5 m, referred

to as “Near” and “Far”) and one of the three tested azimuths

(�25�, 0�, 25� referred to as “Left,” “Front,” “Right”).

Anechoic target and masker signals were convolved with

binaural room impulse reponses (BRIRs) recorded at each

tested position. Spectral-envelope impulse responses

(SEIRs) were also tested. They were short binaural impulse

responses artificially obtained by removing the reverberation

tail and ITD of the BRIRs, while preserving their spectral

envelope at each ear (and the resulting ILD).

Figure 5 presents the measured SRTs as a function of

masker position. The black circles and grey squares show

the SRTs measured with the BRIRs and SEIRs, respectively.

The solid lines correspond to the predictions of the proposed

model, while dashed lines present the predictions of the

Lav12 model. The predictions of both models are very simi-

lar, the observed difference in each condition never exceeds

0.5 dB. The proposed model performance statistics

(r¼ 0.97; q¼ 0.95; MeanErr¼ 0.4 dB; MaxErr¼ 0.6 dB)

are therefore also very similar to the performances of the

Lav12 model (r¼ 0.98; q ¼ 0:93; MeanErr¼ 0.3 dB;

MaxErr¼ 0.6 dB).

2. Experiment 2 of Collin and Lavandier (2013)

Target and noise signals were presented diotically. The

noise was a SSN either unmodulated or modulated with the

broadband temporal envelope of 1, 2, or 4 simultaneous voi-

ces [the modulated noise changed from one target sentence

to another while adaptively measuring the SRT, “variable”

conditions, Collin and Lavandier (2013)].

Figure 6 presents the measured SRTs as a function of

masker modulation plotted as circles. The upward triangles

display the predictions for the proposed model and the

downward triangles correspond to the Col13 model. The

predictions of the two models are almost identical with a

maximal difference of 0.2 dB. The models also predict the

data very well with identical performance statistics

(r¼ 0.93; q¼ 1; MeanErr¼ 0.5 dB; MaxErr¼ 0.8 dB).

IV. DISCUSSION

A. Improvements obtained with the new model

The proposed model has been optimized on three data-

sets involving NH and HI listeners. It accurately describes

the effects of HL and presentation level on SI for NH and

HI listeners using a single model version. This is a clear

FIG. 5. Mean SRTs with 6 1 standard errors across listeners as a function

of SSN position, measured by Lavandier et al. (2012). The conditions spa-

tialized with BRIRs are plotted as black circles and those with SEIRs as

grey squares. Predicted SRTs from the proposed model are displayed as

solid lines and those predicted with the Lav12 model are plotted as dashed

lines, with the same color pattern as the data. Model performance statistics

are displayed only for the proposed model.

FIG. 6. Mean SRTs with 6 1 standard errors across listeners as a function

of masker modulation depth, measured by Collin and Lavandier (2013) in

their “variable” masker condition (circles). Target and noise signals were

presented diotically. The SRTs predicted with the proposed model are dis-

played as downward triangles and those predicted with the Col13 model as

upward triangles. Model performance statistics are displayed only for the

proposed model.
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improvement compared to the preceding models of

Lavandier et al. (2018), which required different parameter

values to define the internal noise for NH and HI listeners,

thus effectively resulting in two different model versions.

The improvement is achieved here by the new implementa-

tion of the internal noise that now depends on the external

sound level and divides the listener’s HL into a proportion g
and 1� g that roughly reflects the different effects of IHC

and OHC loss on SI. The proposed model also predicts the

two NH datasets as accurately as the previous models it is

based on, which validates its backward compatibility. This

highlights that the implementation of the internal noise con-

siderably extends the scope of application of the model by

taking HL into account, without compromising its previ-

ously demonstrated accuracy. Note that the model still needs

to be tested on data not used to define its parameters, so that

its predictive power can be further evaluated.

The performance statistics obtained with the Lav18

models are similar or worse than the proposed model,

namely, over the three experiments r	 0.71, q	 0.76,

MeanErr
 2.7 dB and MaxErr¼ 4 dB; as opposed to

r	 0.97, q	 0.90, MeanErr
 1.1 dB and MaxErr¼ 3.1 dB.8

The main reason is the definition of the internal noise by

Lavandier et al. (2018) that leads to two main issues: (1) an

underestimation of the effect of HL on better-ear listening

for the experiment of Rana and Buchholz (2016) and Rana

and Buchholz (2018b) at least at a noise level of 60 dB SPL;

(2) an overprediction of the effect of audibility close to the

hearing thresholds (Rana and Buchholz, 2018a). In other

words, the issue (1) likely means that the level of the inter-

nal noise is not high enough to limit the better-ear SNR for

HI listeners. Making this level dependent on the external

sound level solves this issue. The issue (2) is solved by split-

ting the audiograms into proportions that resembles OHC

and IHC losses, which affects both the predictions at low

sensation levels and the effect of increasing audibility. At

low sensation level, when the internal noise level is equiva-

lent to g TðnÞ þ B, the difference between NH and HI listen-

ers is reduced because only 0.7 of the pure-tone audiogram

is taken into account. This decreases substantially more the

level of the internal noise of HI listeners compared to NH

listeners (because of the higher hearing thresholds of HI

listeners), so that the predictions are similar at low sensation

levels.

The model performance statistics when predicting the

experiment of Rana and Buchholz (2018a) are similar. This

is due to the parameter that defines the broadband level of

the internal noise, which in Lavandier et al. (2018) was

optimized separately for each listener group, to predict the

difference between conditions within groups and not the dif-

ference between groups. Here, the Lav18 models success-

fully predict the data from Rana and Buchholz (2018a) since

there is no significant difference in SRTs between groups.

However, the predictions are worse for the experiments

from Rana and Buchholz (2016, 2018b) because there is a

difference in SRTs between both groups that the Lav18

models cannot predict.

B. Further exploration of the internal noise
implementation

Here, a more detailed analysis is provided to illustrate the

effect of the external noise level and HL on the internal noise

described in Eq. (1), and the expected impact on SI. For this

analysis, the average of all the HI listeners’ audiograms across

the three main experiments is applied as an example HL. The

values after being rounded to the closest multiple of 5 are 15,

20, 25, 35, 45, 50, 60, 60 dB HL for the frequencies 250, 500,

1000, 2000, 3000, 4000, 6000, 8000 Hz.

Figure 7 shows the internal noise spectra for NH and

the example HI listener at three different external noise lev-

els (40, 60, and 80 dB SPL). It can be seen that the spectral

shape of the internal noise for the NH listener is independent

of the external noise level and solely determined by their

NH audiogram in dB SPL (i.e., 0 dB HL). The overall inter-

nal noise level is identical for the two lowest external noise

levels, but then increases substantially at the highest level

due to the emerging contribution of the IHC loss component

described by Eq. (3). The same behaviour can be observed

for the HI listener, except that due to the sloping, high-

frequency HL the overall internal noise level is much higher

than for the NH listener and increases with increasing fre-

quency. Note, that the effect of hearing aid amplification

was disregarded here, which would increase the external

masker level and thus the internal noise level. Considering

the average HL and the masker stimuli used in the three

main experiments, linear amplification according to NAL-

RP would result in an increase of the external noise (broad-

band) level of about 5 dB.

Figure 8 shows the internal noise level for a NH and the

example HI listener (see above) as a function of external

noise level for the model center frequencies of 516, 2017,

and 3937 Hz. For all frequencies and both listeners, the

internal noise level is constant at low external noise levels

and solely determined by the OHC loss component

described by Eq. (2). Above a certain external noise level,

the internal noise level starts to increase, due to the emerg-

ing contribution of the IHC loss component of Eq. (1).

Further increasing the external noise level then leads into a

dB-for-dB increase of the internal noise level, as is

described by Eq. (3). Again, the overall internal noise level

is much higher for the example HI listener than the NH lis-

tener, and due to the sloping, high-frequency HL, the influ-

ence of the IHC loss component also starts at lower external

noise levels than for NH listeners, which becomes further

pronounced with increasing frequency. The influence of the

NAL-RP amplification on the internal noise levels is plotted

as dashed lines. The behaviour of the internal noise levels is

similar but the curves are shifted to the left along the x axis

by about 5 dB, which represents the broadband increase

induced by amplification. Hence, the pure-tone audiograms

increase twice the internal noise levels when the signal is

amplified according to the HL (as the NAL-RP amplification

does): “directly” with the terms ð1� gÞTðnÞ and gTðnÞ as

well as “indirectly” by increasing the external noise level N.
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For the noises applied in the main experiments with a

broadband level of 65 dB SPL, which represents the level of

a moderately noisy environment (Weisser and Buchholz,

2019), the level in the model filter bands at the three consid-

ered frequencies is 53, 35, and 43 dB SPL. Given that for

NH listeners the corresponding internal noise levels are all

below 6 dB SPL, the effect of the internal noise on predicted

SI is negligible. With respect to the present study, the effect

of the internal noise is only relevant in the experiment of

Rana and Buchholz (2018a) at the softest sensation level of

0 dB SL. This is already different for the example HI lis-

tener, who has a mild-to-moderate HL and, at an external

noise level of 65 dB SPL, involves internal noise levels of

17, 34, and 46 dB SPL. Considering the level fluctuations in

the masker, the internal noise will swamp (or dominate) a

significant portion of the masker signal at mid and high

frequencies.

C. Is the proposed internal noise concept in line
with the literature?

The proposed implementation of the internal noise

shares common aspects with other internal noises described

in the literature, in particular the one implemented in the

monaural SII (ANSI, 1997). The SII is a SNR-based index

(between 0 and 1) that predicts SI in noise. It is obtained by

FIG. 8. Internal noise levels at three given center frequencies of the model as a function of the external noise level. In the left panel, the internal noise level

is generated using an audiogram with 0 dB HL at any frequency and ear (NH listener). In the right panel, the audiogram averaged across all HI listeners con-

sidered in this study (HI listener) is used to compute the internal noise level. In the same panel, the influence of the NAL-RP amplification on the internal

noise level is plotted as dashed lines.

FIG. 7. Internal noise level as a function of the model center frequency based on either an audiogram with 0 dB HL (NH listener, left panel) or the audio-

gram averaged across all HI listeners considered in this study (HI listener, right panel). In each panel, the three internal noise spectra are plotted as solid lines

and shade of grey for an external noise level of 40, 60, and 80 dB SPL.
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integrating the SNRs across frequency bands using a SII

weighting as well as a distortion factor that degrades SI

when target levels are higher than a reference. The internal

noise of the SII is simply realized by the listener’s pure-tone

audiograms averaged across ears and added to a reference

internal noise spectrum level (the internal noise level for a

NH listener with 0 dB HL). However, there is no distinction

of the influences of IHC and OHC loss and the external

noise level does not affect the internal noise. The similarity

between the two models comes from the way the highest

level between the internal noise and the external noise is

chosen to compute the SNR in each frequency band. The

influence of the distortion factor in the SII could be com-

pared to the influence of the external-level-dependent com-

ponent of the internal noise in our model, because both

degrade SI when the external signal level is higher than a

reference. However, they differ in two major ways. First,

our internal noise relies on the broadband level of the exter-

nal noise, whereas the SII distortion factor relies on the level

of the target speech in each frequency band. Furthermore,

the SII distortion factor is applied to the SNR a posteriori;
while our level-dependent internal noise is directly involved

in the computation of the SNR.

Ching et al. (1998) proposed to modify the SII in order

to account for the deficit of speech understanding in HI listen-

ers at high sound levels that cannot be explained by loss of

audibility. They tested nine procedures to conclude that “the

sensation level, as well as the sound presentation level, affect

a listener’s ability to make use of audible information.” The

internal noise proposed here takes into account these two

characteristics since the listener’s audiogram and the external

noise level are included in the SNR computation.

The binaural SI “EC/SII” model developed by

Beutelmann and Brand (2006) and its extension “BSIM”

proposed by Beutelmann et al. (2010) combines an EC stage

with the monaural SNRs at both ears to predict SI. Both

models implement internal noises defining their spectrum

levels by adding a parameter equal to 4 and 1 dB,8 respec-

tively, to a spectrum shaped to the listener’s audiograms. In

either model, the internal noises impact the model EC-stage,

and thus binaural unmasking. The internal noise can influ-

ence the coherence of the resulting overall (internal þ exter-

nal) noises at the listener’s ears, thus reducing the efficiency

of the EC mechanism. However, the internal noises also

impact the monaural paths of the model, because they tend

to reduce the monaural SNR in each frequency band. The

internal noise implementations in both models do not take into

account the external noise level nor do they differentiate

between estimated contributions of IHC and OHC loss. In that

way, their implementations are closer to the one of Lavandier

et al. (2018), in which the audiogram is used to spectrally

shape the internal noise and a frequency-independent parame-

ter is applied to define its broadband level.

Our current internal noise implementation can decrease

the SNR at the better ear, but it never reduces the overall

masker coherence. The impact of the internal noise (includ-

ing HL) on binaural unmasking is currently modelled such

that binaural unmasking is not affected at all, until one of

the external signals (masker or target) gets quieter than the

internal noise, in which case the binaural unmasking advan-

tage is set to zero in the corresponding frequency band and

time frame. This very crude implementation might need

refinement in the future, and will require testing on data that

specifically assess binaural unmasking for NH and HI

listeners.

The definitions of the two internal noise components

proposed by Bernstein and Trahiotis (2008) and presented in

Sec. I match closely the asymptotic behavior of our internal

noise: at low external stimulus level, the internal noise level

is equal to gTðnÞ þ B [see Eq. (2)], which can be considered

as an internal noise floor that is independent of the external

stimulus. For a higher external stimulus level, the internal

noise increases with the external noise level following a dB-

for-dB rule [see Eq. (3)].

D. Hypotheses and limitations of the proposed model

Regarding the individual predictions shown in Sec.

III A 4, it is not surprising that the model cannot fully explain

the variance seen in the individual SRTs, because it does not

consider all aspects of HL. For instance, even though the

model takes into account SRM, it is only based on the audio-

grams and does not consider other aspects of HL such as audi-

tory filter broadening (Glasberg and Moore, 1986) or loss of

ITD sensitivity (King et al., 2014; Neher et al., 2011).

Moreover, some variation in the data might be influenced by

cognitive effects (Neher et al., 2012), motivation or speech

material effects (e.g., differences in intrinsic intelligibility of

the sentence lists), that are not considered in the model. Given

that the NH listeners who participated in all considered experi-

ments were much younger than the HI listeners, it is also

likely that age may have contributed to some of the differ-

ences seen between groups (F€ullgrabe et al., 2015; Neher

et al., 2012; Schneider and Pichora-Fuller, 2001), and thus, to

the differences seen between data and model predictions.

However, since HL naturally increases with age, it is difficult

to disentangle the effects of aging and HL.

With reference to the experiments from Rana and

Buchholz (2016, 2018a), the proposed model tends to

slightly underestimate the difference in SRTs between NH

and HI listeners when VS maskers are applied, which indi-

cates that the model slightly underestimates the advantage

associated with modulations in the masker envelope for the

NH listeners and/or overestimates this advantage for the HI

listeners by about 2 dB. This might be explained by the fact

that the proposed model does not take into account the

larger gap detection thresholds (or reduced temporal resolu-

tion) that are typically observed in HI listeners [e.g.,

Fitzgibbons and Wightman (1982)], which can degrade the

benefit associated with listening in the masker’s gaps.

Even though the current model can successfully

describe the data from three experiments, its binaural

unmasking component was tested only in the “Natural” con-

figuration of Rana and Buchholz (2018b). Existing studies
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have shown that an increase of HL leads to lower ITD sensi-

tivity [e.g., F€ullgrabe and Moore (2017) and Santurette and

Dau (2012)]. Furthermore, a significant negative correlation

between ITD sensitivity and SRT was reported by Strelcyk

and Dau (2009) and Neher et al. (2011), but in only three

test conditions, which might not be enough to draw general

conclusions. Our current implementation of the effect of HL

on binaural unmasking is very simplistic, which solely con-

siders the effect of reduced audibility but not the effect of

reduced ITD sensitivity. This might prove insufficient to

fully predict binaural unmasking in HI listeners when more

relevant conditions are tested. In addition, as discussed in

Sec. IV C, the internal noise implemented in the binaural

model proposed by Beutelmann and Brand (2006) or

Beutelmann et al. (2010) and the results of Bernstein and

Trahiotis (2008) suggest that the coherence of the signal

resulting from the combination of the external and internal

noises could be lower than the external noise coherence,

thus impacting the efficiency of binaural unmasking. Hence,

the proposed model should be further tested on datasets that

are more relevant for binaural unmasking, including differ-

ences in ITDs between the target and masker signals as well

as varying the masker coherence at the listener’s ears

(Lavandier and Culling, 2010), but measured for HI

listeners.

Future studies should also test the proposed model on

additional acoustic conditions [such as Beutelmann et al.
(2010) did] to further evaluate its general applicability to

predict SI in HI listeners. For instance, only energetic noise

maskers have been tested so far because the model cannot

take into account the informational masking that can occur

with speech maskers [e.g., Kidd, Jr. and Colburn (2017)].

Furthermore, it would be relevant to consider reverberant

conditions, because reverberation degrades SI in multiple

ways (Lavandier and Culling, 2008). It impairs better-ear

listening by filling the masker’s gaps (Collin and Lavandier,

2013), and binaural unmasking by decreasing the interaural

coherence of the masker (Lavandier et al., 2012). These two

effects were well predicted by the NH version of the model,

but they were not specifically tested for HI listeners. At high

levels, reverberation can also be detrimental to the intrinsic

intelligibility of the target, even in the absence of a masker.

This effect was successfully predicted by a modified version

of the NH model (Leclère et al., 2015), but again, it remains

to be tested how well combining this previous model with

our internal noise implementation predicts the effects of

reverberation for HI listeners. Finally, the non-linear proc-

essing present in hearing aids, such as spectral subtraction

or non-linear amplification, have not been involved in the

present study. The model will need to take into account the

influence of this processing to predict SI for HI listeners

wearing their hearing aids. In this regard, the general effect

of amplification on the internal noise of the model needs to

be investigated. Currently, amplification does not only

increase audibility of the input signals, but since it increases

the overall masker level it also increases the internal noise

level of the IHC loss-related component (see Sec. IV B).

Hence, testing the model on a dataset involving conditions

with and without amplification would be informative on the

effect of amplification on internal noise level.

With respect to the internal noise implementation of the

proposed model, the underlying assumptions described in

Sec. II B may need to be revised in the future. The first

assumption was that the broadband SNR is below 0 dB, so

that the external level can be approximated by the masker

level to define the internal noise. However, for the experi-

ment of Rana and Buchholz (2018a), the SNRs for the 0 dB

SL condition are above 0 dB. In that case the assumption is

violated, even though the average target level was probably

not high enough to affect significantly the level of the listen-

er’s internal noise, so that in practice, this violation did not

impair the predictions. In addition, as shown by Smeds et al.
(2015), daily situations mostly involve positive SNRs,

hence, this assumption must be reconsidered to predict intel-

ligibility in real life situations. Similarly, the assumption

that the internal noise is solely based on the broadband level

of the external noise, may need to be revised. The distortion

factor applied in the SII to limit SI at high speech levels, for

example, does not only depend on the broadband level of

the target speech, but also on its spectrum. Within the pro-

posed model, such frequency dependence of the internal

noise might need to be considered in the future.

Another assumption concerns the parameter g (equal to

0.7) that is used to divide the listener’s HL into proportions

g and 1-g, interpreted as a rough estimate of OHC and IHC

loss (Sec. II B). Even though this value is close to the value

used by Bruce et al. (2013) and Scheidiger et al. (2018),

who attribute two thirds of the HL to OHC loss to predict

monaural SI, other studies have shown that the proportion of

IHC and OHC loss varies across listeners and place (or fre-

quency) on the Basilar membrane [e.g., Moore and Glasberg

(2004) and Pieper et al. (2018)]. In this regard, the proposed

implementation of a single-value g was an intentional sim-

plification, with the aim of limiting the number of fitting

parameters and the complexity of the model. However, this

may need to be revised in the future.

Finally, the model was both optimized and evaluated on

the same dataset involving NH listeners and HI listeners

with mild to moderate-severe HL. Even though the model

has only a small number of fitting parameters when com-

pared to the number of tested data points, it still needs to be

verified on data that is not used to define its parameters.

Moreover, the model needs to be tested for more severely

impaired HI listeners and listeners with asymmetric HL to

evaluate its relevance to predict SI for arbitrary listeners.

V. SUMMARY

A binaural model is proposed that uses the listener’s

audiogram to predict the effects of HL and presentation

level on SI in noise for HI and NH listeners. This was done

by splitting the audiogram into proportions interpreted as

rough estimates of OHC and IHC loss and highlighting that

the internal noise consists of two components, one related to

J. Acoust. Soc. Am. 148 (5), November 2020 Vicente et al. 3315

https://doi.org/10.1121/10.0002660

https://doi.org/10.1121/10.0002660


elevated thresholds and the other considering supra-

threshold effects that depend on the external noise level.

The resulting model shows similar predictions to its previ-

ous model versions when considering data measured only

for NH listeners, and provides accurate results when predict-

ing datasets on which for NH and HI listeners it has been

optimized. These involve experimental designs that aimed

to evaluate the effects of audibility, spatial configuration,

and noise types on SI. Across the five experiments consid-

ered in the study, the model predictions are accurate as

quantified by the Pearson’s correlation coefficient r between

data and predictions greater or equal to 0.93, a mean abso-

lute prediction error not exceeding 1.1 dB and a maximal

absolute error equal to 3.1 dB. The influence of HL on bin-

aural unmasking needs to be further investigated and could

lead to future revisions of the model.
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