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Abstract

The difference in binaural benefit between bilateral cochlear implant (ClI) users and normal
hearing (NH) listeners has typically been attributed to ClI sound coding strategies not encoding the
acoustic fine structure (FS) interaural time differences (ITD). The Temporal Limits Encoder (TLE)
strategy is proposed as a potential way of improving binaural hearing benefits for CI users in noisy
situations. TLE works by downward-transposition of mid-frequency band-limited channel
information and can theoretically provide FS-ITD cues. In this work, the effect of choice of lower
limit of the modulator in TLE was examined by measuring performance on a word recognition
task and computing the magnitude of binaural benefit in bilateral Cl users. Performance listening
with the TLE strategy was compared with the commonly used Advanced Combinational Encoder
(ACE) ClI sound coding strategy. Results showed that setting the lower limit to =200 Hz
maintained word recognition performance comparable to that of ACE. While most CI listeners
exhibited a large binaural benefit (=6 dB) in at least one of the conditions tested, there was no
systematic relationship between the lower limit of the modulator and performance. These results
indicate that the TLE strategy has potential to improve binaural hearing abilities in CI users but
further work is needed to understand how binaural benefit can be maximized.
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. Introduction

THE cochlear implant (ClI) has been remarkably successful in restoring speech
understanding to the profoundly deaf. This is achieved by converting acoustic sound into
pulsatile electrical stimulation that stimulates the auditory nerve. While there are some
differences in signal processing steps between CI manufacturers (see [1] for more details),
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modern Cls use Continuous Interleaved Sampling [2] as a basis for signal conversion. The
conversion process begins by separating the incoming sound into a small number of
frequency bands (12 to 22, depending on manufacturer). Then, in each band, the low-passed
filtered signal envelope (ENV) is extracted and used to amplitude-modulate a high-rate train
of electrical pulses (typically = 900 pulses per second per channel). The temporal fine
structure (TFS) of the signal in each channel is typically not encoded. The amplitude-
modulated pulses are then sent to an implanted electrode array to stimulate different parts of
the cochlea; taking advantage of the place-to-frequency mapping of the cochlea to transmit
the different frequencies of a sound to the brain. To reduce current interaction among
electrode channels, the pulses are generated without temporal overlap at different electrodes,
i.e., in an interleaved manner. Using this form of processing, patients who are deaf have been
able to recover a relatively large amount of speech understanding; especially in quiet
situations, where some CI users can achieve 100% speech recognition without lip-reading
[3]. However, in noisy situations, performance is still much poorer than that of normal-
hearing (NH) listeners [4], [5].

Bilateral implantation (i.e., providing a Cl in each ear) has been shown to provide significant
benefits for speech understanding in noise when compared to using only one CI [6], [7].
With bilateral implantation, the auditory system can take advantage of spatial hearing cues to
provide a binaural hearing benefit. For a sound located on the horizontal plane, there are two
important spatial hearing cues: (1) the interaural time difference (ITD) which arises due to a
path length difference of arrival of a sound to each ear; and (2) the interaural level difference
(ILD) which arises due to the head acting as an acoustic barrier causing a difference in the
sound level at the two ears. ITDs are the dominant cue for sound localization at low
frequencies (<1500 Hz) and are decoded mainly from the TFS of the acoustic signal by the
auditory system, while ILDs are the dominant cue frequencies 24000 Hz [8]. These two
cues are used by the brain to locate the direction of a sound in space and to improve speech
understanding in noisy situations.

Despite improved outcomes with bilateral implantation, there is still a gap in performance
for speech understanding in noise when compared with NH listeners [9]. This gap in
performance has been attributed to a lack of reliance on ITDs for locating the direction of a
sound in bilateral CI users [10], [11]. While there are a number of clinical and individual
reasons why bilateral CI users are unable to use ITDs (see [12] for a detailed review), one
major factor is that the signal processing does not encode all the acoustic cues necessary for
the brain to take advantage of having two input signals. In particular, ITDs in the TFS of the
acoustic signal are typically not encoded by Cls. Attempts to improve the effectiveness of
bilateral Cls have focused on developing bilateral sound coding strategies that will provide
the acoustic TFS information by encoding it in the timing of the electrical pulses [13]-[16].
In these strategies, the firing of electrical pulses on electrodes associated with low frequency
content are timed to certain features of the acoustic TFS, such as the signal peak or zero
crossing. These strategies also reduce the firing rate in these low frequency channels. There
are two reasons for reducing the stimulation rate on these channels: (1) ITDs are a low
frequency cue [8]; and (2) psychophysical studies with bilateral Cl users have shown that
sensitivity to ITDs is better at low (around 100 pulses per second), rather than high, rates of
stimulation [17]. However, lowering the stimulation rate can potentially reduce speech
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recognition performance due to envelope under-sampling [15]. To date, these mixed-rate
strategies have only led to small improvements in speech understanding in noise [18], [19];
suggesting that alternative approaches should be considered to improve outcomes with
bilateral Cls.

Il. Temporal Limits Encoder

The Temporal Limits Encoder (TLE) strategy was originally proposed to enhance the
representation of TFS cues for improving pitch discrimination [20], Mandarin tone
recognition, and speech-in-noise recognition with unilateral Cls [21]. The TLE strategy
works by down-transposition of mid-frequency band-limited channels to a lower
intermediate frequency that is within the range of good temporal sensitivity for pitch (Fig.
1a). In this manner, the TFS of each band is implicitly converted to a much slower version
without explicit ENV/TFS decomposition and at a frequency range that is possible for the
auditory nerves to encode [21]. When the TLE strategy is applied in both ears with
synchronized pulse timing control, the ITD in the TFS of the signal is theoretically also
encoded [22].

Specifically, band-limited information in the A-th channel can be expressed as a function of
quasi-sinusoidal oscillations

sk(t) = ex(t)cos(dy(1))

= ex(1)cos(2 foit + (1)) M

where, e(?) and cos(¢«(1) terms denote the ENV and TFS of the channel, respectively.
Here, 7z can be any frequency value because (2 is a function that can compensate for
different selection of 7.

Frequency down-transposition of (% can be achieved by s,(#) x cos(27rf,f) followed by a
low-pass filter. If the transposition range 7, = fox < (fjow + f,p)/2, then this process yields a
frequency down-transposed replica of si(9)

ur(t) = ex(t)cos(y(1)) @

where, fio,and £, denote the lower and upper frequency bounds of s(#) respectively. Here,
u(f comprises of the original ENV and a slower version of the TFS of the channel. v (9
can then be used as the amplitude modulator of the A-th channel’s electric pulses in TLE. It
should be noted that s, and u(? have the same Hilbert envelope (used as the amplitude
modulator in CIS) and the same spectral structure. The difference between si(2) and w9 is
their spectral centroids. They can be perfectly converted to each other as long as £, is chosen
appropriately. In TLE, £, is chosen to be

Sm = Frow = Fiims (3

where 7}, denotes a user-defined parameter of the lower limit of temporal pitch perception
at single electrode. Consequently, 7, is also the lower frequency bound of u (9. It is
suggested that 7, be higher than 50 Hz [21]; otherwise, the modulator may contain
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components at very low frequencies (<50 Hz) where they are rarely perceived as pitch
variations by ClI users [23]. Hence, for TLE, an intermediate frequency should be chosen for
T With this processing, the overall signal envelope in the band-limited channel is
maintained but places the TFS at a range that is within the limits of pitch perception and ITD
sensitivity.

In the bilateral ClI case (Fig. 1b), where the sampling and electrical pulse generation clocks
of the processors in each ear are assumed to be synchronized, the signals arriving at the two
implant microphones are

s,%(t —17)= e,%(t - r)cos(q&,f(t - r))
= ef (t — )cos(2mfei(t — T) + wi(t — 7))
= e (t — D)cos(2n foi(t) + Wi (t — 7) = 27 f 7 (@)
s€(t) = ef(Hcos( B )
= ef(cos(2z fo(t) + wR(D))

where t denotes the ITD. The difference in band-limited information across the ears will be
down-modulated by TLE to yield

ug(t — 7) = ef(t — T)cos(wi(t — 7) — 2z f i)

®)
uf(t) = ef(t)cos(w ()
In terms of binaural cues, ILDs are preserved by the TLE transposition because the overall
signal envelopes are left unchanged. That is,
R
t
ILD = 20log;g— 0 ©
ef(t —ITD)
in decibels. Further, according to (4) and (5), the interaural phase difference (IPD) is also
unchanged through the TLE transposition:
IPD = wR(t) — wk(t = 1TD) + 27 £, ITD, 0

which implies IPD cues in the signal are preserved in the TFS of TLE modulators. In terms
of ITDs, for a pure tone sound source with frequency £ the original ITD between the TFS of

sR@) and st — 1) is

IPD

ITDS = m,

®

while for the actual ITD between the TFS of the TLE modulators (i.e. uR() and ul (s - 7)) is

IPD f
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Hence, /TD;is constant across frequency channels while /7D, is dependent on 7, or
(which is different across channels as defined by (3)) and its relative difference to the signal
frequency 7. Therefore, while the IPD is preserved between TLE modulators at two ears, the
frequency transposition of TLE may lead to different ITDs across different electrodes. Even
so, TLE is expected to provide useful binaural information because of the preserved IPD.

Compared with previously proposed bilateral sound coding strategies, the TLE strategy is
novel in that it does not rely on an explicit extraction and encoding of a “feature” of the TFS
such as a peak or zero-crossing. Hence, implementation is simplified. Further, the rate of
stimulation is not explicitly lowered, which should help maintain speech understanding
performance comparable to that of modern CI sound coding strategies.

Listening tests with the TLE strategy have shown some promising results for enhancing
Mandarin speech understanding and improving binaural hearing benefits. In NH listeners
using CI vocoder simulations, improvements have been shown for both Mandarin tone
discrimination and speech recognition in noise with the TLE strategy [21], [22]. In
particular, the TLE strategy was able to provide an average of 4 dB binaural hearing benefit
for understanding speech in noise to NH listeners, though a higher signal to noise ratio
(SNR) was needed in the reference condition when compared to listening with the
continuous interleaved sampling strategy [22]. In bilateral CI users, listening tests have
shown that word recognition in quiet with the TLE strategy was comparable to that of the
Advanced Combinational Encoder (ACE) strategy (used in Cochlear Ltd Nucleus sound
processors) with only a short period of acclimatization [24]. Average word recognition
scores for TLE and ACE strategies were 86.5% vs 90.3%, respectively. Subjective reports
from CI users listening with the TLE strategy indicated an initial noticeable difference in
voice quality (lower pitch) compared to ACE. However, this gradually sounded more
“normal” after conversing for an hour while listening with the TLE strategy. For word
recognition in noise, the TLE strategy was able to provide a modest 1.3 dB additional
binaural hearing benefit when compared to listening with the ACE strategy in the bilateral
Cl users tested.

While the TLE strategy is able to provide improved binaural hearing benefits to bilateral Cl
users, the amount of benefit varied greatly between the CI users. In [24], five out of eight
listeners had a total binaural hearing benefit ranging from 3 to 11 dB. There were two
listeners who showed no benefit with the TLE strategy and one had a decrement in
performance. One possible reason for the across-listener variance is that the parameter #;,,
was fixed at 150 Hz for the experiment in [24], which may not have been an optimal choice.
In this work, we investigated the effect of choice of #;;, on word recognition in bilateral CI
USers.

lll. Experiment

A. Listeners

Seven, postlingually-deafened bilateral Cl users (6 females, 1 male) participated in the
experiments. All were native speakers of American English and used the ACE strategy in
everyday listening. Listeners were between the ages of 54 and 78 with an average age of 69
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years, and had at least 7 years of bilateral Cl experience. All listeners had participated in the
TLE strategy experiment described in [24], and were sensitive to ITDs presented via direct
electrical stimulation as tested using methods described in [11]. Testing was conducted at the
University of Wisconsin-Madison and listeners were paid a daily stipend for their time along
with reimbursements for travel costs to Madison, Wisconsin. Experimental procedures
conformed to the regulations set by the National Institutes of Health and were approved by
the University of Wisconsin-Madison’s Health Science Institutional Review Board.

The experiments were conducted in a single-walled sound booth which had additional sound
absorbing foam attached to the inside walls to reduce reflections. The booth houses a semi-
circular array of loudspeakers (Cambridge SoundWorks) with a radius of 1.2 m.
Loudspeakers were connected to a Tucker-Davis Technologies System3 (with RP2.1, SA1
and PM2 modules) outside the booth and controlled via custom-written MATLAB software.
For these experiments, only the loudspeakers at 0° (front), —90° (left) and +90° (right) were
used. The listener sat in the middle of the array with their head positioned at approximately
the same height as the loudspeakers. A touchscreen was placed in front of the listener at
knee height for collecting responses.

C. Sound Coding Strategy Implementation

Listening tests were conducted using the CCi-MOBILE. Developed at University of Texas at
Dallas, the CCi-MOBILE is a bilaterally-synchronized research platform which allows real-
time testing of new sound coding strategies with Cl users implanted with Cochlear Ltd C124
family of electrode arrays. Further details about the hardware design of the CCi-MOBILE
can be found in [25].

An example MATLAB implementation of the ACE strategy is provided with the CCi-
MOBILE, and has been shown to give speech recognition results comparable to that of
commercial Cochlear sound processors [26]. The processing steps of the ACE strategy, as
implemented on the CCi-MOBILE, are shown in Figure 2a and described as follows. The
same processing steps are applied to both ears.

1. The CCi-MOBILE samples incoming sound at a rate of 16 kHz and buffers the
audio for 8 ms (128 samples) before passing to MATLAB.

2. Overlap-add processing is applied in 128-sample frames, and frames are shifted
according to the stimulation rate (typically 900 pulses per second).

3. A 128-point Fast Fourier Transform (FFT) is applied to each frame and only the
positive frequency bins are retained.

4, The remaining FFT bins are then combined into 22 channels according to the
standard frequency allocation of Cochlear sound processors (see [27] for channel
frequency allocations).

5. The N (typically 8) highest maxima are chosen from the 22 channels.
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6. The AV/maxima are compressed using the function /og(1 + bx)/log(1 + b), where
xis the input and & is calculated from clinical and sound processor parameters.
For the CCi-MOBILE, 6= 415.995.

7. The compressed maxima are scaled by the electric dynamic range of a listener
and added to an output buffer.

8. Once 8 ms worth of pulses have been processed, the output buffer is passed to
the CCi-MOBILE for electrode stimulation.

For these experiments, the example MATLAB code was modified so that the ACE and TLE
strategies could be implemented within a common framework for ease of switching between
strategies during testing, as well as to increase the speed of the code and support the range of
clinical stimulation rates that could be used (900 to 1800 pulses per second) without pulses
being dropped across 8 ms frames.

The TLE strategy, as shown in Figure 2b, was implemented on the CCi-MOBILE by adding
a frequency transposition step prior to Step 4 (above) in the channels that are assigned to
frequencies below ~1500 Hz. For a standard 22 channel mapping, TLE is applied to FFT
bins 3 to 11 which maps to channels 22 to 13. The TLE strategy can be implemented in the

FFT domain by multiplying each bin by ellztn =1 - "k,g), where 77is the index of the FFT
frequency bin, kis the channel number, gis the frame number, and

Ok.g = Ok, g— 1+ 27 f T shifr, (10)

where 77 is the time shift between adjacent frames and £, is the transposition range as
defined Eq. 3. Then, for each band, the real part is half-wave rectified to get the TLE
modulator [28]. Because only the positive frequency information of the FFT is used, there is
no aliasing in the TLE frequency down-transposition in the FFT domain.

Listeners were tested on four sound coding strategy conditions: the TLE strategy with #;;, in
Eq. (3) set to 100, 200 or 300 Hz (referred to as TLE100, TLE200, and TLE300 in this
paper), and the ACE strategy as implemented on the CCi-MOBILE. Figure 3 shows example
electrode outputs of the ACE strategy and the three TLE conditions. It can be seen that as
fim decreases, the density of pulses on low frequency channels is decreased. Further, recall
that the choice of 7j;,, does not change the IPD at each electrode (see Section I1) but the
actual ITD introduced at each electrode will be relative to the frequency range of the TLE
modulators. When compared to ACE, it can be seen that the TLE conditions introduce
additional IPD and ITD cues in the TFS of the pulse trains at the low frequency channels. It
should also be noted that the TLE strategy causes different electrodes to be activated
compared to ACE because the change in envelope modulation at the lower frequency
channels leads to higher frequency channels being selected during the maxima picking
process (step 5 above). This effect can be most easily seen in electrode 4 in Fig. 3. The
impact of these cues were examined using a listening test with bilateral CI users.
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D. Listening Test Conditions

For the listening test, three conditions were tested: (1) Quiet condition - target talker
presented from the front loudspeaker; (2) Co-located condition - target talker and two
interferers, all presented from the front loudspeaker; and (3) Separated condition - target
talker from the front and an interferer was presented from each of the left and right
loudspeakers. The target talker was a male voice speaking a mono-syllable word from the
Consonant-Nucleus-Consonant (CNC) word test [29] and the interferer was a female voice
speaking sentences [30]. Word recognition in quiet was always tested first, followed by the
conditions with interferers.

In the quiet condition, words were presented at a fixed level of 60 dB SPL (A-weighted).
Listeners were tested on 50 words per sound coding strategy condition. Testing of the 50
words were divided into two blocks of trials, each consisting of 25 words. Blocks of trials
for each sound coding strategy condition were tested in a randomly interleaved manner for
each listener. In each trial, a single word was played and the listener indicated their response
by choosing the word they heard from a choice of 50 words shown on the touchscreen in
front of them. The choice of words shown on the touchscreen was different for each block of
trials.

In the Co-located and Separated conditions, the interferer was presented at a fixed level of
50 dB SPL (A-weighted) and always started/ended 250 ms before/after the target word. The
presentation level of the target word was adaptively changed on each trial using a two-down,
one-up staircase with twelve turnarounds. This type of adaptive tracking is used to estimate
the SNR needed to obtain 71% correct word recognition [31]. The staircase started at an
initial SNR of +5 dB and moved in 3 dB steps until the fourth turnaround, where the step
size was then changed to 2 dB. As in the quiet condition, the listener’s task was to identify
the word presented from the front loudspeaker. The order of testing of sound coding strategy
and spatial (Co-located or Separated) condition combinations was randomized for each
listener, and two adaptive tracks were collected for each combination. Once all adaptive
tracks were collected, the SNR needed to obtain 71%-correct word recognition, also known
as the speech reception threshold (SRT), was calculated for each condition from a Bayesian
estimation of the psychometric function derived from the data [32].

Two conditions with interferers were included because it allows for the calculation of a
binaural hearing benefit due to the spatial separation of the target talker from interferers [9].
This benefit, also known as spatial release from masking (SRM), is calculated by subtracting
the performance in the Separated condition from that of the Co-located condition. This
metric was used to determine the amount of binaural hearing benefit provided by the TLE
strategy.

IV. Results

Percent correct word recognition in quiet for the different sound coding strategy conditions
is shown in Fig. 4. Individual scores are provided in Table I. On average, listeners had
highest percent correct word recognition when listening with the ACE strategy on the CCi-
MOBILE. Across the three TLE conditions, mean performance declined with decreasing
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fiim- A repeated-measures analysis of variance (ANOVA) revealed statistically-significant
differences in percent correct scores (£3 18 = 3.995, p= 0.02). Pairwise comparison with
Bonferroni correction revealed that the scores for TLE100 was significantly different to
those obtained with the ACE strategy (p = 0.01).

SRTs (SNR needed to obtain 71% correct word recognition with interferers) obtained in the
Co-located and Separated conditions are shown in Fig. 5. Individual SRTs are provided in
Table Il. On average, SRTs for the Co-located condition was higher than the Separated
condition for all strategies tested. SRTs were similar across the sound coding strategy
conditions in each spatial configuration of target/interferer tested. Two-way, repeated-
measures ANOVA revealed a significant effect of configuration of target/interferer (F1 6 =
58.50, p<0.001) but not of strategy (/3 18 = 0.39, p= 0.99). There was no significant
interaction between the two factors.

SRM, a measure of binaural benefit for speech understanding in noise, is shown in Fig. 6.
On average, there was no significant difference in binaural benefit between the different
sound coding strategy conditions tested (/3 1 = 0.224, p = 0.88). This is due to the fact that
there appears to be no systematic trend in binaural benefit as a function of choice of 7, in
the TLE strategy at an individual level (Fig. 7). However, for each listener, the TLE strategy
does appear to provide a substantial binaural benefit in at least one of the 7;;, conditions
tested. This is summarized in Table 111, where the TLE strategy provides an average of 7.4
dB binaural hearing benefit. However, word recognition in quiet with these 7, can be a few
percentage points poorer than that of ACE.

V. Discussion

In this work, the TLE strategy’s ability to improve binaural speech understanding in noise
for bilateral CI users was evaluated and compared to that obtained via listening with the
ACE strategy. The TLE strategy works by transposing the mid-frequency TFS to a lower
frequency range, and then modulates the pulse firing of the electrodes in the original mid-
frequency region to provide additional TFS information in these channels. This is different
to hearing aid transposition methods which down-transposes the unhearable high frequency
components to hearable middle frequency sounds by stimulating the mid-frequency cochlea
region [33]. The TLE strategy does not change the cochlea region being stimulated.

For word recognition in quiet, results showed that setting #;;; to 200 Hz and above yielded
comparable performance to that of the ACE strategy. However, setting 7j;,; to 100 Hz led to a
small (~5%) but significant reduction in word recognition in quiet compared to ACE. This
finding is compatible with results previously reported with the TLE strategy in [24]. In [24],
fim was set to 150 Hz and word recognition scores were not significantly different to that of
the ACE strategy. Taken together, these results suggest that TLE processing has minimal
effect on word recognition performance if 7, is set to =150 Hz. The reduction in word
recognition with lower f;;, is somewhat to be expected given that the encoding of the speech
envelope may have been compromised by the lower density of pulses in the channels where
TLE was applied (see Fig. 3). Poorer speech recognition with low stimulation rates has been
shown in [15], [34]. However, the drop in word recognition performance is much smaller
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with TLE than that reported in prior studies. For example, [15] reported an ~20% drop in
performance when the stimulation rate was lowered from around 1000 to 100 pulses per
second. The difference with TLE may be that there are still more pulses encoding the
channel envelope compared to that used in [15]. It should be noted that listeners in this
experiment were not given an opportunity to practice listening with the different #;,,
conditions prior to testing and it is possible that given a period of acclimatization, word
recognition with lower f;;, settings may approach that of the ACE strategy.

When listening in noise, there was no systematic relationship between choice of 7, and
binaural hearing benefit. The inability to find a systematic relationship may be due to the
heterogeneity of the Cl user population. There are several factors that contribute to the
variability in outcomes observed in bilateral Cl users. For example, Cl users may experience
prolonged duration of deafness prior to implantation which can lead to loss of spiral
ganglion cells [35]-[37]. This leads to “dead regions” along the cochlea that are insensitive
to electrical stimulation and can affect the transmission of information along the electrode-
neural interface [38]. For bilateral CI users, the dead regions may be different in each ear
which may lead to large asymmetries in speech recognition performance between the two
ears and, in turn, affect binaural hearing outcomes [39]-[41]. Further, surgical insertion
depth of the electrode arrays typically vary [42], [43]. If electrode insertion depths are
different in each ear, acoustic information at the same frequency may be used to stimulate
different cochlea locations in the two ears leading to an interaural place-of-stimulation
mismatch (IPM). IPM has been shown to affect sensitivity to ITDs and ILDs [44]-[46], and
binaural benefits for speech understanding in noise [47]-[49].

It is interesting to note that most individual listeners did obtained a binaural benefit of at
least 6 dB or greater in at least one of the 7, conditions tested. To understand the
significance of the binaural benefit with TLE, NH listeners were tested in the Co-located and
Separated conditions using the same setup. Average SRTs in NH listeners were —8.5 dB and
-16.2 dB for Co-located and Separated conditions, respectively, yielding an average SRM of
7.7 dB. Hence, baseline speech understanding in noise is still much poorer with bilateral Cls
when listening with the TLE strategy when compared to NH listeners. Positive SNRs were
needed by CI users to reach 71% correct word recognition in noise (see Table Il) while NH
listeners were able to achieve this level of performance at much more adverse SNRs.
However, it seems that the TLE strategy has the potential to provide a binaural hearing
benefit but the underlying mechanism enabling this benefit remains unclear. The present data
would suggest that this benefit is not dependent on the 7, parameter alone. Further work is
needed to understand how individual factors might interact with 7j;,,to yield or inhibit a
binaural benefit with the TLE strategy. It should also be noted that the conditions tested are
not necessarily representative of real-life listening situations and that the actual benefit
might be smaller than that observed in this experiment.

Compared to previously proposed bilateral sound coding strategies, the TLE strategy shows
much promise. In terms of implementation, the TLE strategy is much simpler compared to
those previously proposed as it does not rely on detection of acoustic features such as a peak
[13] or zero-crossing [14], [15]. Rather, the TLE strategy modulates the pulse firing of mid-
frequency electrodes with a down-modulated version of the mid-frequency TFS. In our
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implementation, real-time processing could be achieved on the CCi-MOBILE research
platform. In terms of performance, the TLE strategy is able to maintain speech
understanding performance for regular users of the ACE strategy while providing at least 2
dB improvement in binaural hearing benefit. In some £, conditions, a much larger binaural
benefit was observed (Table 111) and substantially greater than that reported using peak-
picking methods (e.g. [18], [19]), where binaural benefits were on the order of 1-2 dB only.
However, it is unclear how the TLE strategy is providing this large binaural benefit. One
possibility is that the binaural benefit with the TLE strategy could have arisen through the
encoding of important across-frequency TFS modulation relationships that would otherwise
have been lost in a feature encoding strategy. Previous work has shown the importance of
TFS modulations for comodulation masking release [50], speech understanding in noise at a
unilateral level [51] and melody recognition [52]. Another possibility is that ITD sensitivity
has been enhanced via the TLE strategy. While psychophysical experiments have shown that
low stimulation rates are important for enabling ITD sensitivity [17], the TLE strategy does
not explicitly lower the stimulation rate to enhance ITD sensitivity. Instead, the high
electrode firing is modulated by a lower rate which may be enhancing ITD sensitivity via a
mechanism more akin to that described in [53]. In [53], “jittering” of the pulse timing of a
high-rate electrical pulse train led to greater ITD sensitivity. Ultimately, more work is
needed to understand how the TLE strategy is enabling improved binaural hearing in CI
users as it may have implications on the choice of 7,

VI. Conclusion

This paper describes the TLE sound coding strategy, which has the potential for improving
access to temporal fine structure cues in bilateral cochlear implant users. The effect of
choice of lower limit of the TLE modulator on word recognition and binaural benefit was
examined. Word recognition performance with TLE was comparable to that of the ACE
sound coding strategy, as long as the lower limit of the modulator was =200 Hz. When
listening in noise, binaural benefits were observed in individual listeners but appeared
unrelated to changes in the lower limit of the modulator. Further work is needed to
understand the underlying mechanism by which the TLE strategy is enabling binaural
benefit.
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TLE processing. (a) illustrates TLE frequency down-transposition of channel information
and (b) is a schematic showing that ITD information is encoded when the TLE strategy

applied to both ears.
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The ACE and TLE implementations on the CCi-MOBILE used in the experiment.
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Figure 3:

Electrode output for the different strategy conditions tested. Each red and blue line
represents a single electric pulse that is sent out of a particular electrode. The input stimulus
was the word “Jane” presented towards the right ear. The top panels show the electrode
output on all channels, and the bottom panels show an enlarged view of some of the low
frequency channels where the TLE processing has been applied. In the Cochlear system, low
frequency electrodes have higher channel numbers.
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Figure 4:

Word recognition performance in quiet. Error bars show the standard deviation.
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Figure 5:
Speech reception threshold (SRT) for Co-located and Separated conditions.
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Figure 6:
Spatial Release from Masking (SRM).
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Table I:

Individual percent correct word recognition in quiet

ID  TLE100(%) TLE200(%) TLE300 (%) ACE (%)

s1 90 92 9% 90

S2 92 94 94 98

S3 88 92 92 94

S4 92 92 98 100

S5 82 78 86 88

S6 72 80 70 78

s7 76 76 82 80
MEAN 84.6 86.3 88.3 89.7
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Individual speech reception thresholds for word recognition in noise

Table Il:

Co-located Condition

1D TLE100 (dB) TLE200 (dB) TLE300(dB) ACE (dB)

S1 8.3 9.0 9.8 6.6

S2 4.7 5.9 4.6 55

S3 8.1 7.3 7.2 8.2

S4 10.1 5.6 7.8 114

S5 12.2 12.7 8.2 115

S6 12.0 16.2 175 16.6

S7 16.7 10.3 12.7 7.3
MEAN 10.30 9.57 9.69 9.59

Separated Condition

1D TLE100 (dB) TLE200 (dB) TLE300(dB) ACE (dB)

S1 6.1 9.5 6.2 5.4

S2 4.1 -2.3 -0.6 -0.6

S3 -0.4 8.3 4.4 6.8

S4 0.1 4.6 6.1 7.2

S5 9.7 6.7 2.7 10.8

S6 15.2 114 10.1 12.0

S7 8.1 9.2 139 6.7
MEAN 6.13 6.77 6.11 6.90
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Table lll:

TLE setting yielding greatest binaural benefit

1D fim  SRMyLg (dB) SRMace (dB)  Quiety g ace (%0)
S1 300 3.6 1.2 6
S2 200 8.3 6.1 -4
S3 100 8.1 15 -6
S4 100 10.0 4.2 -8
S5 200 6.0 0.7 -10
S6 300 7.4 4.6 -8
S7 100 8.6 0.5 -4
MEAN 7.4 2.7 -4.9
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