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Abstract

A measure to predict speech intelligibility in unilateral and bi-
lateral cochlear implant (CI) users is proposed that does not
need a priori information (i.e. is non-intrusive), such as the
room acoustics. Such measure, termed BiSIMc;, combines
an equalization-cancellation stage together with a modulation
frequency estimation stage. Simulated and actual subjective
data from CI users were used to validate the proposed mea-
sure. The actual CI subjective data consisted of speech re-
ception thresholds (SRTs) collected in anechoic rooms with a
total of 28 target/interferer spatial configurations. The simu-
lated CI subjective data were generated by running the intrusive
algorithm by Culling et al. [Ear & Hearing 33 (6), 673-682
(2012)] across 109 different target/interferer conditions from
two environments, one anechoic and one highly reverberant
room (RTsp = 0.89s). The experimental results indicate that
the proposed non-intrusive measure provides reliable predic-
tions when compared with both actual and simulated SRT; an
average correlation of 0.94 was reported for these conditions,
and an average correlation of 0.97 was obtained when some in-
trusive assumptions were made.

1. Introduction

Several studies have shown that bilateral, compared to unilat-
eral, cochlear implantation (CI) improves the identification of
speech-in-noise. This advantage has recently been studied in
[1], where a model (henceforth referred to as “CAR12¢1”)
was described that could make predictions of the improvement
in signal-to-noise ratio (SNR) in CI users for various spatial
configurations. Despite achieving very high correlations with
actual CI speech reception thresholds (SRTs), the CAR12¢1
model has a practical limitation in that it requires information
not directly available to the listener, such as the room impulse
responses. Such models depend on a priori information, and are
referred as “intrusive”. In this study we develop and evaluate a
non-intrusive measure of the bilateral advantage to speech intel-
ligibility based on cochlear implant auditory-inspired insights.

Cochlear implantees are believed to receive three main benefits
when implanted with a second device (i.e. bilateral cochlear
implant, BCI). The first bilateral benefit is the better ear effect
(BE), which refers to the ability of the BCI user to attend the sig-
nal from the device with a better SNR. This is the largest com-
ponent in the total bilateral advantage (BA), and ranges from 3
to 10 dB [1-10]. A second advantage is the binaural unmasking
(BU), or binaural interaction, which results from subtracting the
interferer components from the sound mixture, in order to en-
hance the SNR. This latter component has often been reported
to be very small, between 0 and 2 dB [2-5, 9, 11]. Finally,
a third reported bilateral advantage is the binaural summation
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(BS), which refers to the improved target identification when
this is co-located with the interferer at 0°; in this specific condi-
tion, the presentation of the stimuli over two devices instead of
one has been reported to produce few decibel of advantage [6,
9, 12], although this is possibly due to differences in peripheral
hearing between right and left ear in the same CI user [1, 13].
To date, the CAR12¢ is the only bilateral model reported
in literature able to predict speech intelligibility in CI users,
and this is achieved by using a priori information. A non-
intrusive bilateral intelligibility measure, however, could find
more practical applications, such as in bilateral intelligibility-
aware speech enhancement algorithms for CI. Recently, a uni-
lateral non-intrusive measure termed Speech to Reverberation
Modulation Energy Ratio (SRM R) was developed that could
predict the effect of reverberation on speech intelligibility for
normal-hearing (NH) listeners [14]. The SRM R computes a
ratio between the energy in the low frequency modulations, at-
tributed mostly to spoken speech components, and the energy
in the high frequency modulations, which are mostly attributed
to room acoustic effects. In [15], a CI version of the SRM R
(“SRM R_CI”) was described that could reliably predict the
speech intelligibility in unilateral CI users for conditions in-
volving noise and reverberation. In this study we propose a
non-intrusive measure, referred to as “BiSIMcr” (Blind Bi-
lateral Speech Intelligibility Model for Cochlear Implant users),
that can predict the bilateral advantage to speech intelligibility
in CI users as combination of BE and BU components. The BE
is estimated by using a bilateral extension of the SRM R_CI
[15], whilst the BU is modelled by measuring binaural masking
level differences. The performance of the developed measure
is evaluated by comparing its BA predictions against subjective
and simulated CI data under different listening conditions.

2. BiSIMc; Description

The BiSIMcr computes the BA from the separate estimation
of the BE and BU (both expressed in dB) as:

BA=BE + BU ¢y

2.1. BE - Better ear effect

The BE was computed by taking the maximum of a modified
version of the SRM R_C'I estimated in the right and left ear
channels. Some of the Cl-inspired modifications to the orig-
inal SRM R are already described in [15], and are: (i) the
frequency-analysis filterbank was chosen to match the one of
a typical CI device, the Nucleus Freedom by Cochlear; (ii) the
frequency-modulation filterbank was limited in the range [4-
64] Hz, (the original SRM R was using up to 128 Hz), in or-
der to mimic the altered modulation sensitivity observed in CI
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Frequency-Analysis Filterbank [0.1 - kH 2]

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 21 22

fi 25 38 5 63 75 88 10 113 125 144 169 194 219 25 288 33.1 381 438 50 569 65 744
BW 125 125 125 125 125 125 125 125 125 25 25 25 25 375 375 5 5 6.25 625 7.5 875 10

Table 1: Centre frequencies ( fr.) and bandwidths (BW) for the frequency-analysis filterbank used in the SRM R_C'I described in [15]

Frequency-Modulation Filterbank [ H z]

1 2 3 4 5 6 7 8

fe 40 59 88 131 195 29.0 431 640
BW 20 30 45 6.6 9.8 145 215 320

Table 2: Centre frequencies ( f.) and bandwidths (BW) for the
frequency-modulation filterbank used in the SRMR_C1I de-
scribed in [15]

users [16] (centre frequencies and bandwidths of the frequency-
analysis and the frequency-modulation filterbanks are reported
in Table 1 and 2, respectively). Additionally, a frequency
weighting was applied to the SRM R_C1T in this study. The
purpose of this weighting is to emphasise the degradation oc-
curring in those channels that are more important for speech
intelligibility. In our implementation, a weighting based on
NH studies ([17]) was followed, although in the future, a fre-
quency weighting based on CI-specific parameters could be im-
plemented.

The final BE value is therefore estimated as:

BE = max(SRMR_CI}.;,, SRMR CIlin),  (2)

where

22
SRMR.CT" =Y SRMR.CI(fi)-W(fs) (3
k

W are the frequency weights described in [17];
SRMR_CI(fr) is the SRMR estimated in each of the
22 channels, filtered via gammatone filterbank, as described in
greater details in [15].

A limitation with this approach is that the scale of the predicted
BE is not in decibel, therefore not compatible with the BU
measured in eq. (1). To overcome this limitation, the BE
produced by the BiSIMcy is linearly scaled in the range of
the expected SRTs. This normalisation is a limitation to the
non-intrusiveness of the model and alternate scaling solutions
have been explored, as will be discussed in Section 3.3.

2.2. BU - Binaural unmasking

The BU stage was estimated via the binaural masking level dif-
ference (BMLD) between the target and the interferer in each
of the 22 frequency channels. This concept originates from the
Equalisation-Cancellation theory [18] which describes the spa-
tial release from masking in binaural NH listeners, later mod-
elled in [19, 20] as:

h(f) —cos(2m - f - (70 — TI))
h(f) = p(f)
4

where 77 — 77 is the difference between the interaural time de-
lays (ITDs) of the target and the interferer, respectively, and p
is the interaural coherence of the interferer; h is a frequency-
dependent constant obtained as:

h(f) = (14 62) - exp((2m- f)*-53) 5)

BMLD(f) = 10 - logy, (

where d. = 0.25 and 0, = 105us as in [18]. As can be noted
from eq. (4), sensitivity to ITD is essential to perform release
from masking, and thus to benefit from BU. Cochlear implant
users, however, have very low ITD sensitivity [21], and con-
sequently small BU values [2-5, 9]. In order to mimic such
reduced sensitivity, uncorrelated Gaussian noise was added to
the envelopes of the right and left filtered signals, while fine-
structure was entirely discarded, as is common in CI processing
[22]. The noise power was empirically chosen in order to pro-
duce a 1 dB BU advantage for target and interferer at 0° and
30°, respectively, as shown in [5]. For this condition, a noise
power of +12 SNR produced the smallest error between the BU
predictions and 1 dB, thus in the BiSIMc; model Gaussian
noise at SNR=+12dB was added to the envelopes of the right
and left filtered signals. The 7 — 77 and the p were estimated
by using a blind direction-of-arrival (DOA) model developed by
Dietz et al. in [23]. The DOA produced a pair of coherence (p
) and ITD (77 ) values per time sample, which were then sorted
via Gaussian fit on the ITD histogram into separate interferers.
For multiple interferers, multiple BMLDs were estimated and
the smallest in each channel was selected, reflecting the lim-
ited ability of CI users to perform spatial release from masking
when multiple interferers are present. Finally, the same fre-
quency weighting described in Sec. 2.1 was used to integrate
the BMLD across channels and obtain the BU as:

22

BU = Z BMLD(fx) - W(fx) (6)
k

An assumption we introduced is that the target was always in
the front, which implied 7; = Os . This is somewhat necessary
so that the algorithm knows which source is the target. This as-
sumption will be relaxed in a BE-only version of the BiSITMc
described in Section 3.3.

3. Experimental Setup and Results

Two numerical experiments were designed to validate the pro-
posed measure. In experiment I, the BA predictions from the
BiSIMcr were compared against two databases of SRTs mea-
sured in actual unilateral and bilateral CI users for spatially dis-
tributed target and interferers. In a second experiment, simu-
lated subjective data was created by using the C AR12¢ 1 model
described in [1]. Binaural room impulse responses (BRIRs)
were employed to simulate target/interferer spatial locations in
a specific environment. The main features of the BRIRs used in
this study are reported in Table 3.

3.1. Numerical Experiment I
3.1.1. Loizou et al. 2009 [5]

Loizou et al. (2009, [5]) collected SRTs in six bilateral CI
users for eight different spatial configurations, each measured
for three listening conditions: only the right implant on, only
the left implant on, or with both devices on. The total number
of conditions was therefore 24. The target sentences were from



Room Type: A B C D
RT60 [s] 0 0.32 0 0.89
DRR [dB] oo 609 oo 612

No. of Conditions 24 4 72 37
Reference [24] [24] [25] [24]

Table 3: Parameters of the BRIRs used in this study through-
out numerical experiments I and Il. RTgo, reverberation time;
DRR, direct-to-reverberation ratio.

the IEEE database [26] and were always at 0°, while the inter-
ferer (one or three speech modulated noise signals) was located
in one or more of the following possible locations: 0°, —30°,
30°, 60°, 90° (negative angles refer to interferers located to the
left of the subject). Since the SRT data was collected in ane-
choic room, BRIRs from an anechoic environment ([24], room
A in Table 3), which are essentially head related transfer func-
tions, were used to produce the stimuli used as input for the
BiSTMc;. The same type of target/interferer material used in
[5] was also used in our simulation. The BA predicted from
the BiSTMcy in each condition was averaged over 20 repe-
titions. For displaying purposes, the BA predictions from the
BiSIMc were converted into predicted SRTs by inverting the
sign and subtracting the mean of the observed SRTs. The pre-
dicted and observed SRTs obtained a correlation coefficient of
0.93, as depicted by the scatter plot in Figure 1.
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Figure 1: Comparison between observed ([5]) and predicted
SRTs. Left and Right refer to unilateral listening.

3.1.2. Culling etal. 2012 [1]

Eight unilateral CI subjects were recruited in [1] to measure
SRTs in four conditions. These conditions included a speech
target and a single noise interferer presented in four possible ar-
rangements [deg/deg]: 0/4+90, 0/-90, +60/-60 and -60/+60. A
fifth condition with target and interferer in 0° (i.e. 0/0) was
used as baseline to measure the BA. In order to simulate the
dry room (R7s0 = 0.11s) used in [1], we chose BRIRs from
[24] with RTso = 0.32s (room B in Table 3) as the closest ap-
proximation. As in the original study, sentences from the IEEE
corpus were used as speech target, and speech-shaped noise
was used as noise interferer. The result from each condition
was averaged over 20 repetitions. The BA predictions from the
BiSIMcr and the actual BA data achieved a correlation coeffi-
cient of 0.97, and are plotted in Figure 2. In addition, the predic-
tions and the data generated from normal hearing (NH) subjects

are also plotted, although a description of the BiSIMyp (the
normal-hearing version of the BiSIMcp, [27]) is beyond the
scope of this article.
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Figure 2: Comparison between observed (from [1]) and pre-
dicted BAs in cochlear implant (CI) and normal hearing (NH)
subjects.

3.2. Numerical Experiment IT

In order to validate further the proposed model, two addi-
tional settings were simulated: an anechoic room, simulated via
BRIRs recorded for 0° elevation, and azimuths ranging from
—180° to 180° in steps of 5° [25] (rooms C in Table 3); a re-
verberant room (R7Ts0 = 0.89s), with BRIRs recorded for 0°
elevation, and azimuths ranging from —90° to 90° in steps of
5° [24] (room D in Table 3). Both BRIR databases offered a
large number of interferer azimuths that allowed the creation
of spatial maps of the BA. Given the lack of suitable subjec-
tive CI data that is available in literature, real subject SRT data
was replaced with BA predictions from the CAR12¢ 1 model
developed in [1]. Such model showed high correlations with
the same two databases we tested in Exp. I, (r = 0.97) and 11
(r = 1.0). Since the CAR12¢1 does not model the BU, only
the BE as predicted by BiS1Mcr was used. Figure 3 shows the
percent BA in anechoic (panel a) and reverberant (b) environ-
ments predicted by the BiSIMcr and the C AR12¢ models
as a function of the interferer azimuth for target speech always
at 0°. For the anechoic simulation of Figure 3a, both models
predict a similar BA trend (r = 0.98), including the trough in
490°. This is due to the “bright spot” phenomenon, which is
the sudden decrease in noise level at the contralateral ear origi-
nated by the constructive phase interference of the audio waves
propagating around the head. This effect was experimentally
shown in [28], and demonstrated in [29]. It can also be noted
that, for this acoustic setting, the BAs for noise located in the
front are larger than for interferer located in the back. These BA
functions suggest that a bilateral CI user that attempts to follow
a conversation with a target located straight ahead could expect
a maximum advantage from the second implant when the inter-
ferer is located from about 60° and 70° away from the target.

Different BA functions are obtained for the reverberant con-
dition shown in Figure 3b, although even in this instance the
BiSIMc; could accurately predict the expected BA values
(r = 0.99). With respect to the anechoic condition, a more
asymmetric pattern is found between the BA estimated for the
right and left hemispheres. This is possibly due to a left/right-
asymmetry of the BRIRs. More importantly, the bright spot at
90° is highly reduced (and indeed cancelled), due to the decor-
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Figure 3: Percent bilateral advantage (BA) as a function of the interferer azimuth for target straight ahead. Correlation (r) is estimated
between the BA predicted by the BiSIMcr and the C AR12¢1 models (note that BA = BE for both).
a.: anechoic room (R1s0 = 0s); b.: reverberant room (R1so = 0.89s).

relation of the signals reaching the contralateral ear via different
paths. In environments more realistic than anechoic ones, such
as the reverberant room of Figure 3.b, the bright spot is only
marginal, and the bilateral cochlear implant listener can be ex-
pected to obtain maximum release from masker when this is
located more than 40°- 50° away from the sagittal plane.

3.3. BE-scaling effects

The first row of Table 4 reports the correlations between ac-
tual (Exp. I) or simulated (Exp. II) data from CI users with
the predictions from the BiSIMc;. As can be noted, the pro-
posed non-intrusive model performed well across the two nu-
merical experiments, with an average correlation of 0.97. How-
ever, as discussed in Section 2.1, the intrusive scaling of the BE
component within the range of expected SRT values affects the
non-intrusiveness of the algorithm, and presumably increases
the correlations reported in Table 4. In order to investigate the
impact of the scaling on the performance of the BiSTMcr, we
correlated the output of the BE stage before scaling directly to
the SRT/BA observed values. By this approach, the BU as in
eq. (1) is discarded (and so is the assumption made in Sec. 2.2
of target located straight ahead), which is a simplification often
supported in the literature [4, 5], and no scaling is necessary for
the BE. The correlations estimated with this second approach
did not change (see second row of Table 4), except for the data
from [5], reported as scatter plot in Figure 4. Future studies will
have to address this aspect in order to develop a quantitative,
not only qualitative, estimation of the BA on a dB scale.

Exp. I Exp. I
Loizou Cullng CARI2c; CAR12¢; %
etal. 09 etal. 12 inRoomC inRoomD "¢4"
BiSIMcr 0.93 0.97 0.98 0.99 0.97
BE-only -0.81 0.97 0.98 0.99 0.94

Table 4: Correlations between predicted and observed/expected
values for experiments I and I1.
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Figure 4: Scatter plot of observed SRTs (from [5]) and the not-
scaled BE predictions. The negative correlation is due to the
inverse relation between the BE and the SRT.

4. Conclusions

In this paper, a novel non-intrusive bilateral speech intelligibil-
ity measure was developed and tested. To the authors knowl-
edge, this is the first measure that predicts the bilateral advan-
tage for cochlear implant users that works without a priori in-
formation. This is achieved by estimating two components: the
advantages accrued by the better ear effect and the binaural un-
masking. The measure was tested across several environments,
and with actual and simulated cochlear implant subjective mea-
surements. An average correlation of 0.97 was obtained with
expected values for a version of the measure that used some a
priori information, and correlation of 0.94 was obtained when
this a priori information was not used.
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