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Abstract—Due to the difficulty of conducting offline laboratory
experiments during the coronavirus outbreak, remote experiments
such as experiments over video conference apps have become an
important method to collect data for hearing researchers. For
remote testing using headphone presentations, compared to
monaural (i.e., unilateral or diotic) audio stimuli, dichotic stimuli
(i.e., sounds with differences between left and right ears) are used
in relatively less studies. In this study, a binaural hearing task of
spatial release from masking (SRM) was tested in laboratory and
over a video conference app, i.e., Tencent Meeting. In the
experiment, the effects of interaural time difference (ITD) on SRM
were compared between symmetric and asymmetric hearing which
were realized by using a fixed interaural level difference (ILD) of 0
dB and —15 dB respectively. Results showed that 1) SRM was
observed in the remote test but it was >4 dB smaller than the
laboratory test; 2) asymmetric hearing would lead to a ~2 dB
significant decrease in the amount of masking release in both
laboratory and remote conditions. The results indicate that
binaural hearing could be measured remotely using the stereo
sharing mode of video conference apps, but the effects of binaural
cues especially ITDs may be degraded to some extent.

Keywords—Interaural time difference, remote experiments,
asymmetric hearing, spatial release from masking

I. INTRODUCTION
Subjective listening experiments typically require face-to-

face measurements in the laboratory with measuring instruments.

The outbreak of the coronavirus made it difficult to perform
these experiments in laboratory. Many hearing researchers used
online experiments over conference apps for data collection
instead, such as Zoom and Tencent Meeting [1-2]. These
methods facilitated the process of the experiments during the
pandemic. Listeners can use headphone and stay in a quiet room
to do the tasks. For remote testing with headphone presentations,
monaural audio stimuli were widely used. For example, in [2]
speech perception with cochlear implant users using different
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algorithms were measured through Tencent Meeting and in a
sound booth. The study found that the relative differences
between algorithms could be reliably measured but the absolute
results may be inconsistent between testing modes for individual
algorithm, because of influences from differences in software,
hardware, and environment noise. Dichotic stimuli were used in
relatively less studies. The online conference apps Zoom and
Tencent Meeting both provide an optional function of stereo
sound sharing, with monaural sound sharing as a default setting.
Remote binaural hearing experiments have been carried out
based on web [3] and downloaded software [4]. However, to the
best of our knowledge, whether the video conference apps can
reliably encode the binaural cues has not been reported in
hearing research literatures.

In this study, a binaural hearing task of spatial release from
masking (SRM) was carried out in laboratory and over Tencent
Meeting. The target speech is sometimes masked by noise when
they came from the same direction. If target speech and noise
come from different directions, the listener can use binaural cues
to separate the target from noise, behaving as a lower SRT or
higher recognition accuracy than the co-located condition,
resulting in SRM [5-9]. Many studies have demonstrated the
importance of binaural cues, including interaural time difference
(ITD) and interaural level difference (ILD), for improving the
perception of target sounds in the presence of other interfering
sounds [10-16]. Our recent study in laboratory showed that 1)
when ILD is fixed at 0 dB, a ITD difference of 300 us between
target and noise could introduce significant SRM compared to a
diotic condition; 2) dynamic modulation of ITD of target around
300 ps could further increase the SRM [17].

To examine the effects of remote testing with online
conference apps on binaural hearing experiment, the ITD-SRM
paradigm in [17] and Tencent Meeting was used in this study.
An ILD condition of ILD = —15 dB was also added to simulate
an asymmetric hearing threshold condition, which was
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compared to the default ILD = 0 dB condition. The
combinational conditions of ITD and ILD were used as a probe
to study the strength and limitations of binaural hearing
experiment over video conference apps. It was hypothesized that
the app based stereo sound sharing function could be used to test
binaural hearing remotely, but the binaural benefits may be
negatively influenced by the remote setting as well as the
asymmetric hearing thresholds.

II. METHOD

A. Participants

Two groups of participants each with ten (7 women and 13
men, range 19 to 26 years old, mean 23 years old) normal
hearing subjects participated in these experiments. All subjects
were native speakers of Mandarin Chinese, self-reported without
any history of ear diseases, and confirmed that the 125-8000 Hz
octave hearing threshold did not exceed 20 dB HL (confirmed
prior to experiments by methods in [18]). One group participated
in the online experiment and the other group participated in the
offline experiment.

Offline experiment was carried out in a soundproof room,
and the stimuli were presented by Roland OCTA-CAPTURE
sound card and HD650 headphones, and the sound level was in
a comfortable range, about 65-70 dBA. The online experiment
was carried out over Tencent Meeting, in which the stereo audio
was shared remotely but screen was not shared to the listeners.
The listeners were asking to use wired headphones and the sound
level was controlled in the same way as offline experiments. In
both online and offline experiments, the same custom
experimental software was used.

B. Stimuli

The target speech and noise materials used in these
experiments were taken from the Mandarin Hearing In Noise
Test (MHINT) corpus [19]. The corpus was recorded by a male
speaker and contains 12 test sentence lists and 2 training
sentence lists of 20 sentences each. These experiments used all
12 test sentence lists for testing, and 2 training sentence lists for
training. The noise material was taken from the last four
sentences of the second training sentence table, and in each trial,

one of the sentences was randomly selected as the interfere noise.

Several ITD conditions for target speech were set, including
three conditions of target speech ITD: S¢No, S30No and
S100~s00No, Where S represents the target speech, N represents
noise, and the subscript represents the corresponding ITD value.
The ITD of noise was fixed at 0 ps.

Condition of S300No: The ITD adjustment method of the
target speech was as followed: first, the single-channel original
signal sampled at 16 kHz extracted from the audio file was used
as the left-channel speech signal. Then it was up-sampled to 96
kHz sampling rate (the corresponding sampling interval is
1/96000 = 10.4 ps) and then shifted by 29 samples (rounding of
ITD*96000, for ITD = 300 ps). The shifted signal was down-
sampled back to 16 kHz as the right channel signal..

Condition of Sis-500No: The dynamic ITD condition was
realized by dynamically changing the ITD of the target speech
with time (vertical axis) in a sinusoidal modulation mode within
the range of 300 £ 200 ps at a modulation rate f;, of 0.5 Hz. The
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0.5 Hz was selected because our previous study showed that a
dynamic ITD condition of Sigo-s00No with f,, = 0.5 Hz could
introduce small but significant masking release compared to the
fixed ITD condition of S300No. The dynamic change of ITD was
shown in equation (1),

ITD(t) = 300 + 200 sin(2mf,,t + 6,) (N
a) S-N e NOISE-N b) S.-~N
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Fig.1. Two fixed ITD conditions. (S: Speech; N: Noise)
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Fig.2. A fixed (left) and a dynamic (right) ITD condition
(S: Speech; N: Noise)

where 6 is the initial phase (a uniformly distributed random
value between 0 and 2x in each trial). The sampling frequency
of the original speech was 16 kHz. A Hanning window of 200
sampling points is used. The corresponding window length was
200/16k = 12.5 ms, and the frame shift and inter-frame overlap
were both 50% of the window length (i.e., 100 sampling point
and 6.25 ms). Then the middle point time of the current frame
was substituted as ¢ to formula (1) to calculate an ITD value. The
binaural signal of current frame was generated according to the
procedure described in the paragraph of “Condition of S300No”.
Finally, the binaural signals of all frames are superimposed at
the corresponding sampling time [17].

For each of the three conditions, i.e. SoNo, S300No and
S100~500Nop, the final stimulus was obtained by superimposing the
interfere noise and the speech signal of the left and right channels
at a specific signal-to-noise ratio. The noise level was fixed, and
the sound level of the target speech was adjusted to achieve
different signal-to-noise ratios (SNRs). The calculation steps of
the specific signal-to-noise ratio value were shown in the next
section [17].

A asymmetric hearing was simulated by decreasing the level
of the noisy speech at the right ear by 15 dB, so that the ILD
between right and left ears was —15dB. Therefore, in total there
were 6 conditions in the experiment, i.e., 3 ITD conditions (i.e.,
SoNo, S300N0 and SlooNsooNo)Xz ILD (OdB and -1 SdB) COHditiOl’lS.
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Fig.3. SRTs measured under different ITD conditions and different ILD conditions in the offline and (a) online test (b). The box lines represent the median
and quartiles, the small squares represent the mean. Asterisks (*) indicate significant threshold differences: *p < 0.05, **p < 0.01, ***p < 0.001.
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Fig.4. (a) SRTs measured under different ITD conditions in the offline and offline test ; (b) SRTs measured under different ITD conditions and 15 dB
ILD condition in the online and offline test. The box lines represent the median and quartiles, the small squares represent the mean. Asterisks (*) indicate
significant threshold differences: *p < 0.05, **p < 0.01, ***p <0.001.

C. Procedure

A 1-down-1-up adaptive procedure was used to measure the
speech reception threshold (SRT), which is the SNR with 80%
recognition scores. The adaptive procedure used in this
experiment is the same as that used in [17] and [20]. The initial
signal-to-noise ratio is 10 dB, and the step size of the up-down
change was 8 dB before the second reversal point, and then it
became 4 dB. After 4 reversal points, it became 2 dB. The
average signal-to-noise ratio of the last 8 sentences was taken as
SRT. Before the presentation of each stimuli, a binaural complex
tone containing 2 harmonics (1600 and 4800 Hz) with a length
of 0.5 s was played as prompt tone, and the interval between
prompt tone and stimuli was 0.2 s. After playing the stimuli, the
subject was required to repeat the sentence, and if the correct
word count exceeded 80% of the sentence, the sentence was

recorded as intelligible. In each trial, the subject could request at
most one chance to replay it.

Each condition was tested twice using different MHINT
sentence lists, and the average of the two SRTs were taken as the
final results of the condition. The six conditions (i.e, 3 ITD
conditions x 2 ILD conditions) and the sentence lists were tested
in random orders. In order to familiarize the subjects with the
test process, before the formal test begins, two conditions, SNy
and S300No, were trained using the MHINT training lists.
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Fig.5. SRM produced in different conditions. (The box lines represent the
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indicate significant threshold differences: *p < 0.05, **p < 0.01, ***p < 0.001.

III. RESULTS

Results are shown in in Fig.3. and Fig.4. Fig.3 shows SRTs
with different ITD and ILD conditions in the offline test (a) and
in the online test (b). In both the offline and online tests,
participants had lower SRTs (better performance) when ITD was
provided to target speech. To investigate the effects of ITD and
ILD on SRT, a repeated measures two-way analysis of variance
(ANOVA) was performed separately for the offline test and
online test, using different ITD and ILD conditions as the
independent variable and SRT as the dependent variable. A
significant effect of ITD was found in the online test [F(1,9) =
29.884, p <0.001], and also in the offline test [F(1,9) = 128.207,
p <0.001]. The effect of ILD was significant in online test [F(1,9)
= 6,683, p <0.05] but not in the offline test (p = 0.176). Post hoc
comparisons with Bonferroni corrections showed that SoNg had
significantly higher SRTs than those of S300No (p < 0.001) and
S100~500No (p <0.001) in both online and offline tests. S30oNo with
15-dB ILD had significantly higher SRTs than those of S3p0No
with 0-dB ILD (p < 0.05) in both online and offline tests.
S100-500No with 15 dB ILD had significantly higher SRTs than
those of Si00-500No with 0-dB ILD in offline test (p < 0.05) and
online test (p <0.001).

To have a clear view of the difference between results of the
offline and online tests, same results as in Fig.3 are rearranged
in Fig.4. Online tests had significantly higher SRTs than those
of the offline tests for both S300No and Si00-s00No (p < 0.001).

SRM, defined as the decrease in SRT when adding a non-
zero ITD to the target speech, was shown in Fig. 5. SRMs in
offline experiments were larger than those in online experiments.
Asymmetric hearing thresholds would lead to a reduction of
SRM. Using different ITD and ILD conditions as the
independent variable and SRM as the dependent variable, mixed
model ANOVA was performed. Results showed that different
ILD conditions had a significant effect on SRM [F(1,18)=13.399,
p < 0.05] and ITD conditions had a significant effect on SRM
[F(1,18)=25.430, p < 0.001].
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IV. DISCUSSION

The finding that that a simulation of hearing loss (15 dB
attenuation in one channel) leads to a decrease of SRM is
consistent with previous studies. For example, Bronkhorst et al.
[16] found that SRM from both ITD and ILD was decreased
when an overall 20 dB attenuation in one channel was applied.

The results showed in Fig.3. indicated that ITD difference
between target and noise could derive significant SRM, which is
in line with Kidd et al. and Culling et al. [21-22]. When
asymmetric hearing was simulated, the SRM decreased. In [17],
S100-500Np derived significantly lower SRTs than S300Np did, but
in current study they did not show significant different
performance. This may be because of the less training about the
dynamic condition in this work than in [17].

As shown in Fig.4., there was little difference between the
SRTs of SoNy in both the online and offline experiments, which
indicated that the effect of different hardware and software was
small between the two test modes. However, there was
noticeable difference between SRTs measured by the online and
offline tests for S300No and S0o~s00No, which may due to effects
of the codecs of the app and transmission error of Internet [23].
There was still SRM produced in remote tests, but less than
offline tests. The results indicate that the online video conference
apps could encode ITD cues but in an imprecise manner. Further
study about improving the precision of binaural cues coding may
solve this problem.

V. CONCLUSSION

In this paper, an SRM (or binaural unmasking) experiment
was carried out to examine whether binaural hearing could be
measured remotely using the stereo sharing mode of video
conference apps, the following preliminary conclusions were
drawn:

® Asymmetric hearing may lead to a decrease in SRM in
both online and offline experiments.

® Remote experiments showed less SRM produced,
which may be attributed to the imprecise coding of ITD
cues in the stereo sharing mode of video conference

apps.
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