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Abstract

Speech recognition in noisy environments remains a challenge for cochlear implant (CI)
recipients. Unwanted charge interactions between current pulses, both within and between
electrode channels, are likely to impair performance. Here we investigate the effect of reducing the
number of current pulses on speech perception. This was achieved by implementing a
psychoacoustic temporal-masking model where current pulses in each channel were passed
through a temporal integrator to identify and remove pulses that were less likely to be perceived by
the recipient. The decision criterion of the temporal integrator was varied to control the percentage
of pulses removed in each condition. In experiment 1, speech in quiet was processed with a
standard Continuous Interleaved Sampling (CIS) strategy and with 25, 50 and 75% of pulses
removed. In experiment 2, performance was measured for speech in noise with the CIS reference
and with 50 and 75% of pulses removed. Speech intelligibility in quiet revealed no significant
difference between reference and test conditions. For speech in noise, results showed a significant
improvement of 2.4 dB when removing 50% of pulses. Performance was not significantly different
between the reference and when 75% of pulses were removed, both for speech in quiet and in
noise. Further, by reducing the overall amount of current pulses by 25, 50, and 75% but accounting
for the increase in charge necessary to compensate for the decrease in loudness, estimated average
power savings of 21.15, 40.95, and 63.45%, respectively, could be possible for this set of listeners.
In conclusion, removing temporally masked pulses may improve speech perception in noise and
result in substantial power savings.
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Introduction

Speech recognition in background noise, and sometimes even in quiet, is still difficult for
cochlear implant (CI) recipients (Zeng et al., 2008). In addition to the limited number of
electrodes, the shallow insertion depth of the array and differences in local neural survival,
one major cause for the poor spectral and temporal resolution of Cl users is the spread of
current along the cochlea. This current spread causes broad regions of the auditory nerve to
be stimulated when activating a single electrode, and numerous psychophysical studies have
demonstrated substantial interactions when activating two or more channels (Marozeau et
al., 2015; McKay et al., 2001; McKay and McDermott, 1996; Shannon, 1983; Townshend et
al., 1987).

The overall stimulation pattern delivered to the recipient depends on the incoming sound, the
non-linear mapping from acoustic to electric stimulus (Shannon et al., 2004) and the coding
strategy (Wouters et al., 2015). Contemporary CI processing strategies, such as the
HiRes120 (Advanced Bionics Corporation) or the FSP (Med-EIl Corporation), are based on
Continuous Interleaved Sampling (CIS, Wilson et al., 1991) using all available channels for
stimulation in each time frame. However, for CI listeners speech perception does not seem to
improve markedly beyond about 4 to 8 channels (Dorman et al., 1997; Friesen et al., 2001;
Fu and Nogaki, 2005), which is below the number of electrodes of the implant, ranging from
12 to 22 depending on the manufacturer. Thus, reducing the number of active electrodes
within a short time frame may in principle decrease channel interactions and improve
spectral resolution. However, with the Advanced Combination Encoder (ACE) strategy
(Cochlear Corporation) where n out of m (n-of-m) channels, typically 8 out of 22, with the
highest amplitudes are selected for stimulation in each time frame (McDermott et al., 1992;
Vandali et al., 2000), only small improvements in speech perception could be achieved over
CIS (Skinner et al., 2002). As those maxima are likely to be assigned to adjacent channels,
more recent strategies have been proposed that potentially decrease interactions by avoiding
the activation of neighboring channels in n-of-m strategies (e.g. based on spectral masking),
thereby increasing the spectral contrast (Buechner et al., 2008; Nogueira et al., 2016, 2005).
Improvements in speech intelligibility could be achieved over a standard n-of-m strategy but
remained small, and listeners still struggled to understand speech even in modest levels of
background noise. A commercial implementation of a spectral-masking based strategy
revealed no benefit in speech perception but decreased power consumption compared to
ACE (Buechner et al., 2011).

Even though channel interactions may be reduced by strategies like ACE or by increasing
the distance between active channels used for stimulation, current spread with monopolar
stimulation is still sufficiently broad to result in a smeared representation of the stimulus
arriving at the spiral ganglion neurons (SGNs). Thus, for multi-channel stimulation, the
SGNs will receive current not only from electrodes in their vicinity but also from those that
are remote, causing the firing pattern of the neurons to be affected by both spectral and
temporal interactions (Boulet et al. 2016). These temporal interactions can occur not only at
supra-threshold levels (e.g. refractoriness, adaptation) but even when current is received at a
subthreshold level. For instance, nerve excitability has been shown to be increased by
subthreshold stimulation when inter-pulse intervals are very short, commonly referred to as
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temporal summation or facilitation (Bierer and Middlebrooks, 2004; Heffer et al., 2010).
Facilitation can also be observed in CI listeners using single-electrode stimuli as the
detection of a single pulse can be enhanced by a preceding pulse (Cosentino et al., 2015;
Nelson and Donaldson, 2001). The influence of subthreshold pulses on speech perception
remains unclear, but unwanted charge interactions in the temporal domain may lead to
further distortions of the stimulus envelope.

When decreasing the signal carrier rate on which the speech envelope is imposed, and
thereby decreasing the number of overall current pulses that could interact with one another,
some studies have reported an improvement in intelligibility or higher preference when
using low carrier rates to deliver the speech signal (Balkany et al., 2007; Brochier et al.,
2017; Park et al., 2012; Vandali et al., 2000). However, other studies demonstrated no
benefits of low rates (Plant et al. 2002; Skinner et al. 2002; Friesen et al. 2005; Plant et al.
2007; Weber et al. 2007; Arora et al. 2009; Shannon et al. 2011), while again others have
shown that speech intelligibility is better when high carrier rates in the range above 1000
pulses per second (pps) are used (Kiefer et al., 2000; Loizou et al., 2000; Nie et al., 2006;
Verschuur, 2005). Further, for most of the above-mentioned studies, a large across-subject
variability was found. The lack of effect of carrier rate across studies may be due to a trade-
off: high rates can provide better sampling of the envelope (Wilson et al., 1988) and have
also been shown to result in more stochastic firing of neurons (Rubinstein et al., 1999),
which may be beneficial because neural responses are considerably stronger than normal
with electric stimulation (Dynes and Delgutte, 1992). However, these benefits may be offset
by the increase in temporal and spectral interactions interactions (McKay et al., 2005;
Middlebrooks, 2004).

Reducing spectral and temporal interactions could lead to improved speech perception in
noise, but the interplay between current pulses is complex (e.g. Langner et al., 2017). The
wide range of outcomes when varying carrier rate or channel selection strategy suggests that
a more refined approach to deliver the stimulus pattern is necessary. The processing strategy
that is introduced in the following, the temporal integrator processing strategy (TIPS), aims
to reduce interactions between current pulses by removing those pulses that are masked in
the temporal domain. A phenomenological model based on psychophysical masking, the
sliding temporal integrator (TI), was implemented to estimate which current pulses are less
likely to be perceived by the listener. The TI model can account for various temporal effects
in normal-hearing listeners, from temporal resolution and masking, to loudness changes and
modulation detection (for an overview, see Moore, 2007). Variations of the TI model have
previously been used to model aspects of temporal processing by CI users, such as the effect
of inter-pulse intervals and amplitude modulation on loudness (McKay and Henshall, 2010;
McKay and McDermott, 1998), and the effect of pulse rate and pulse duration on masked
and unmasked detection thresholds (Carlyon et al., 2005; McKay et al., 2013; Shannon,
1989).

When applied to acoustic hearing, the TI model incorporates a bank of bandpass filters,
followed by a compressive stage that takes the nonlinearity of the cochlear periphery into
account. Thus, the integration window could be considered a linear smoothing process
acting upon the intensity of the vibration of the basilar membrane and being linearly related
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to the auditory nerve firing rate (Moore et al., 1996; Oxenham, 2001; Oxenham and Moore,
1994; Plack et al., 2002; Plack and Moore, 1990; Plack and Oxenham, 1998). Subsequently,
McKay et al. (2013) used the T1 window directly on estimated nerve responses, summing
the neural activity within the window to model aspects of perception by Cl listeners. Using
this approach, they could successfully predict the effects of inter-pulse intervals on detection
thresholds and loudness growth, temporal modulation transfer functions, the effect of
duration on detection thresholds, and forward masking decay for CI listeners and users of an
auditory midbrain implant.

Here the TIPS strategy only includes two stages of the TI model, which are the T1 window,
acting upon the current pulses, and a decision device, which used a criterion on the Tl
window output to detect masked pulses. The experiments described in the following
investigate the effect of removing current pulses, based on the TI model, on speech
intelligibility in quiet and in noise for Cl listeners. Further, as fewer current pulses could be
used for stimulus delivery, this strategy may also reduce power consumption. Thus, potential
power savings were estimated for the test conditions with removed pulses, while taking into
account the increase in charge that was required to achieve equal loudness across conditions.

2 Methods

2.1 Overview of the Tl processing strategy

The TIPS strategy removes temporally-masked current pulses by implementing a sliding
temporal integrator (e.g. Oxenham and Moore 1994; Plack et al. 2002) and embedding it
into an experimental CIS processing scheme. For TIPS, the input frequency range for
filtering, envelope extraction and nonlinear acoustic-to-electric mapping were similar to
contemporary CI processing schemes and, as noted above, only the TI window and the
decision device were added as new elements to the processing chain, which is shown in
Figure 1.

The TI window is generally modeled as a pair of back-to-back exponential functions, to
account for both forward and backward masking:

W(t) = (- ’)e(%m) + ’e(T%,z), t<0

t
7o) 20

where WA is the window shape, or weighting function, at time ¢relative to the center of the
window function. The parameter ris the weighting of the time constants 7,;and 7y, for the
negative side of the exponential associated with forward masking, while 7 is the time
constant for the positive part of the exponential, which is associated with backward masking
(Oxenham, 2001; Plack et al., 2002). The integration window shape that provided the best fit
to forward masking data in normal-hearing listeners was reported with parameters set to 7,
=3.5ms, 7p;=4.6ms, Tpp=16.6 ms, and r=0.17 (Oxenham, 2001) which were thus used
by McKay et al. (2013) and also for TIPS.
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The input to the T1 model consisted of electric stimuli, i.e. current pulses, which were
obtained by processing an acoustic signal with a Cl processing strategy emulation from the
Nucleus Matlab Toolbox (NMT, Swanson and Mauch, 2006). The output of the TI window
was the weighted average of the signal over a time interval with an equivalent rectangular
duration of about 7 ms, which was then fed to a decision device. A decision criterion was
applied to the log-transformed maximum difference between the output of the T1 window for
the original stimulus and the oufput of the T1 window for that same stimulus minus one
pulse at the center of the window, where the highest weight of the window function occurs
(see Figure 2, left). The decision criterion to predict forward masking is commonly set to 3
dB, based on studies with normal-hearing listeners (Plack and Oxenham, 2002). However,
temporal effects, such as forward-masked thresholds, are considerably subject- and electrode
dependent in ClI listeners. The decision criterion was therefore used as an experimental
parameter; to test the effect of removing pulses over a wide range, the criteria were set to 1,
1.3, and 1.8 dB to remove 25, 50, and 75% of current pulses, respectively. These values were
determined as the average percentage of pulses removed for 10 sentences from the speech
corpus that was used for the speech intelligibility tests (see section 2.2.4). Figure 2 (right)
shows the percentages of pulses removed with a range of values of the decision criterion up
to 3 dB for an example sentence.

Keeping the criterion fixed, each channel was processed independently by the sliding
temporal integrator and the decision device. If a pulse was removed during this process, the
stimulus was updated for the ongoing analysis and, after all channels were processed, the
signal was transformed back into a stimulus pattern that could be streamed to the implant.

Figure 3 shows comparisons for the electric stimulation strategy of a sentence for a CIS
(0%) reference (Fig. 3a) and three TIPS conditions where 25, 50, and 75% of current pulses
were removed from the reference (Fig. 3b-d). The parameter settings for the stimulation
pattern that can be seen in these graphs will be explained in section 2.2.2. Fig. 3 shows that
despite removing a substantial number of current pulses, the stimulus envelope seems well
maintained. Figure 4 shows comparisons between 0% (left) and 50% (right) of pulses
removed for a short segment of the same sentence as used for Fig. 3, during the word “the”,
on electrode 20 (top) and for the vowel /a/ (first phoneme from syllable “asa™) (bottom),
again on electrode 20. It is worth noting that pulses are predominantly removed just before
the onset and just after the offset of the stimulus (see top panel), as well as in the troughs of
the envelope modulations (see bottom panel). It is possible that removing pulses in the
troughs could reduce the amount of envelope information available to the listener. However,
recent evidence suggests that Cl listeners are largely insensitive to the pattern of modulation
in the envelope troughs (Monaghan et al., 2019). Overall, TIPS seems successful in
removing substantial amounts of temporally-masked current pulses based on the T1 model.

2.2 Experiments

2.2.1 Subjects—Eight post-lingually deafened native Danish speakers took part. Their
mean age was 66.3 years, three were male, and all were users of a Cochlear™ device.
Subjects had at least one year of experience with their device and the ACE processing
strategy. Their biographical data are given in Table 1. Data were collected at the Technical
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University of Denmark, and the research was approved by the Science-Ethics Committee for
the Capital Region of Denmark (reference H-16036391). All subjects provided written
informed consent before taking part. For each individual, impedances were monitored at the
beginning and at the end of each session, and it was ensured that the voltage requirements
were always kept below the compliance limit for electrical stimulation. Speech intelligibility
scores with clinical settings were not available for this set of participants.

2.2.2 Stimuli and map settings—The CIS strategy emulation of the NMT was used to
transform the acoustic signals to electric stimuli, which were then streamed to the recipient’s
implant using the Nucleus Implant Communicator (NIC) and the CP920 research processor,
both provided by the Cochlear Corporation (Sydney, Australia). The tests were performed
using custom Matlab (The MathWorks, Inc., Natick, MA, US) experimental interfaces,
modified to incorporate the NIC.

For the experiments, a CIS reference map was generated with a pre-defined number of fixed
electrodes dispersed across the electrode array (see Fig. 3a). CIS was used instead of ACE,
which was the regular processing strategy for all subjects, so as to provide an approximately
equal amount of acclimatization across conditions. Electrodes, 20, 18, 16, 14, 12, 10, 8, and
6 were selected for stimulus presentation, to match the number of maxima in the
participant’s clinical ACE settings, which was 8 out of maximally 22 for all subjects. For
each subject, all other clinical settings such as pulse rate, inter-phase gap, phase duration and
ground electrodes were used for the tested strategies (see Table 1), and it was ensured that
electrodes selected for testing were active in the clinical map. The default CIS strategy
processing settings of the NMT, e.g. those related to bandpass filtering or the envelope
extraction, were used. However, the pre-emphasis filter and automatic gain control (AGC)
were not incorporated into the strategy so as to minimize the influence of the pre-processing
on the masking model. Sentences from the speech corpus used for testing were equalized to
a fixed root mean square level of -20 dB FS. The base and saturation levels of the NMT were
set to 0 and 0.39, respectively, so that the maximum output level would be at C-level while
avoiding clipping of the speech stimuli. Before normalizing the levels, the speech signals
and the speech-in-noise mixtures were down-sampled in Matlab to 16 kHz for compatibility
with NMT processing.

2.2.3 Loudness scaling and balancing—First, the most comfortable level (MCL)
was determined for each stimulus condition. To ensure that the same threshold levels (T-
levels) could be used for the experimental map settings as for the regular clinical settings of
the participant, the profile of T-levels from the clinical map, in clinical current units (CUs, 1
CU =0.157 dB) was kept but set to a minimum level (lowest T-level set to zero). The global
current level was then gradually increased in steps of 5 CU using 400-ms pulse trains on all
8 electrodes until the clinically set T-level was confirmed to be at an audible loudness level.
As this was the case for all subjects, their clinical T-levels were kept fixed for all following
experiments. For scaling the comfort levels (C-levels), the stimulus was one randomly
chosen word from the speech corpus used for testing. The word was reversed in time to
make it unintelligible. This was done so that the C-levels could be optimized for the stimuli
from the speech corpus, without preferentially acclimatizing the subject to any specific
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processing strategy. Again, the same shape as for the clinical C-levels was kept, but the
difference between T- and C-level was minimized, i.e. the smallest difference between the
shapes of T- and C-level was set to zero. The C-level was then gradually increased, while
subjects indicated the loudness level using a chart that was marked on a scale from 0 (“off”)
to 10 (“too loud”). Once loudness level 7 (“loud but comfortable™) was reached, the stimulus
level was reduced until loudness level 6 (MCL) was confirmed.

Second, the strategies were loudness-balanced using the same time-reversed word as before.
For this, again, only the C-levels were varied globally while the T-levels were kept fixed.
The balancing procedure was based on that proposed by McKay and McDermott (1998) and
was similar to the one used by Lamping et al. (submitted) and (Nogueira et al., 2016). First,
the standard stimulus was presented at a fixed level followed by the signal stimulus to be
adjusted. After each presentation of the stimulus pair, subjects were asked to press one of six
virtual buttons on a computer screen to increase or decrease the global C-level of the signal
by different amounts. This procedure was repeated until the two sounds were perceived as
equally loud. The comparisons were performed twice and the average of the global C-levels
was taken as the matched level. Next, standard and signal were swapped, and the previously
matched level was presented as the new standard level. This procedure was repeated twice,
and the average difference of the global C-levels in CUs was calculated to be the loudness
balanced level. This way, the loudness levels for each of three TIPS conditions, TIPS 25%,
50% and 75%, were balanced to the CIS reference set to its MCL.

2.2.4 Speech intelligibility—Speech intelligibility in quiet and in noise was measured
using the Dantale Il test (Wagener et al., 2003), in which responses are entered on a virtual
interface and subsequently scored automatically. The Dantale 1l is a closed matrix test where
each sentence is composed of a name, verb, number, adjective, and noun, with 10 different
options for each word, comprising a total of 50 tokens that the subject can choose from.
However, it was not the case that all possible combinations of words could be presented.
Rather, the corpus consists of a total of 160 recorded sentences, thereby keeping natural
transitions between words. These sentences are divided into 16 lists (10 sentences per list).

Performance for speech in quiet was assessed by measuring percent-correct word scores for
the loudness-balanced CIS and TIPS conditions, TIPS 25%, TIPS 50%, and TIPS 75%. Each
sentence was pre-processed using the experimental map settings for the respective
participant and condition. Prior to the experiment, two lists of 10 sentences each were
presented in the CIS reference condition so as to provide some procedural learning. The
presentation order of strategies was randomized and counterbalanced as shown in Table 2.
For each processing strategy, subjects were acclimatized through presentation of sentences
from the Danish HINT speech corpus (Nielsen and Dau, 2010) for about 10 minutes while
they could read along with the printed sentence list. The HINT material was only used for
acclimatization and never for testing. Directly after acclimatization, two lists of each 10
sentences from the Dantale Il were presented for data collection in the respective condition
and the average of the two percent-correct scores was taken as final percent correct value. A
short break was provided between testing the different processing strategies. Participants
were not informed of the nature of the strategies but were informed that all strategies would
be different from their clinical settings, and that this might affect sound quality.
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Performance for speech in noise was assessed by measuring the speech reception threshold
(SRT) again for the Dantale 11 matrix test in an adaptive procedure that converged on 50%
correct, using the speech-shaped Dantale 11 noise. To focus on the effect of removing pulses,
and to increase the number of repetitions within one session, testing was conducted with the
CIS reference and only two of the previous TIPS conditions that had 50 and 75% of pulses
removed. Each sentence was mixed with the noise using signal-to-noise ratios (SNRs)
ranging from -15 to +30 dB, and all sentences were then pre-processed using the
experimental map settings for the respective participant and condition. The same current
levels, as used in the speech-in-quiet experiment were kept to evaluate the different
strategies. Subjects were again familiarized with each condition directly before testing by
listening to speech material from the Danish HINT corpus while reading along. Thereafter,
two lists of 10 Dantale Il sentences, thus overall 20 sentences, were presented consecutively
to measure the SRT in each condition, which was carried out twice. Presentation order of
conditions was randomized and counterbalanced as far as possible and can be seen in Table
2. One adaptive run of 20 sentences was presented in noise for procedural learning prior to
testing, using the CIS reference. The SNR was initially set to 0 dB and after each response,
the level of the speech was held constant and the level of the noise was varied adaptively
until 50% speech recognition was reached. This was achieved by adapting the SNR based on
the number of words that were identified correctly (Hansen and Ludvigsen, 2001). Of the 20
sentences presented in one run, the last 15 were adjusted with +/- 2 dB if all or none of the
words were scored correctly, respectively, +/- 1 dB when 1 or 4 words were correct and 0 dB
when either 2 or 3 words were correct. For the first 5 sentences, step sizes were slightly
larger (+/- 3, 2, 1 dB). The resulting SNR was used as the SRT and the mean of the two runs
served as the final SRT score for the respective condition. A short break was offered
between testing the different conditions. For both speech-in-quiet and speech-in-noise
testing the participant was blinded to the experimental condition. The test was set up at the
start of each condition by the experimenter, who was aware of the conditions. Nevertheless,
scoring on the Dantale Il test is automatic and so did not involve the experimenter.

2.2.5 Statistical analysis—For speech in quiet, statistical analysis was performed by
fitting a linear mixed-effects model to the percent-correct scores. For speech in noise, a
mixed model was fitted to the SRTs. For both models, stimulus condition and presentation
order were set as fixed effects terms, and both models also included a subject-specific
intercept, i.e. the participants were treated as a random factor. The models were
implemented in R (R Core Team, 2015) using the Ime4 package (Bates et al., 2015). Model
selection was carried out with the ImerTest package (Kuznetsova et al., 2017), using the
backward selection approach based on the stepwise deletion of model terms with high p-
values (Kuznetsova et al., 2015). P-values for the fixed- effects term were calculated from F-
tests (Satterthwaite’s approximation of dominator degrees of freedom) while p-values for the
random effects were calculated based on likelihood-ratio tests (Kuznetsova et al., 2015). The
post-hoc analysis was performed through contrasts of least-square means using the emmeans
library (Lenth et al., 2019; Searle et al., 1980) and the Ime4 model object. The p-values were
corrected for multiple comparisons using the Tukey method. Significant differences are
reported using a = 0.05.
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3 Results

3.1 Loudness balancing and estimated effect on power consumption

The charge differences in the global C-level necessary to achieve the same comfortable
loudness for the CIS reference and for TIPS 25, 50, and 75% can be found in Table 3. On
average, charge needed to be increased by approximately 2% (0.04 nC) for TIPS 25%, 9%
(0.15 nC) for TIPS 50%, and 18% (0.29 nC) for TIPS 75%.

Power consumption in contemporary Cls can be broadly partitioned into the power used by
the electronics of the sound processor and power sent to the radio frequency (RF) coil. We
estimate that in modern CI systems, the power for running the sound processor is only a
small part of the total power (<10%). The power sent to the RF coil consists of power
needed to stimulate the electrodes, and that needed to keep the implant electronics running.

The TIPS strategy affects the overall power consumption both by reducing the number of
stimulation pulses and by increasing the stimulation level per pulse. Reducing the number of
pulses will reduce the power needed to stimulate the electrodes, and this power reduction
will only be partly offset by the increase in the current level needed. As noted above, the
stimulation current needed to be increased by 2%, 9%, and 18% when TIPS removed 25, 50,
and 75% of pulses, respectively. If this component of the power current consumption drops
linearly with the number of pulses and increases linearly with the stimulation level needed,
then for TIPS 25%, we would expect a 25% drop (of the 90% for the RF) in power followed
by a 2% increase, leading to a net power saving of 21.15%. Following the same reasoning,
we would expect a net saving of 40.95 and 63.45% for TIPS 50% and TIPS 75%,
respectively.

Nevertheless, the exact power savings realized by TIPS will depend on a number of aspects
that will be specific to the implant type. These will include the current source circuits and
the nature of the RF link. They will also be affected by the subject-specific skin flap
thickness, electrode impedances and the user’s listening environment. All of these factors
will affect the relative contribution of the different components of the power consumption,
including those that are and are not affected by the TIPS strategy. Thus, we believe that TIPS
is likely to produce significant power savings but that confirmation and quantification of
those savings will need to be determined using a clinical trial.

3.2 Speech in quiet

Figure 5 shows the mean percent correct scores in quiet for each individual (left) and across
participants (right) where error bars depict the standard error. Performance varied markedly
across subjects, ranging from ceiling effects (e.g. S1) to very low percent-correct scores (e.g.
S8). The effect of condition appears to be subject-dependent, with some subjects performing
on average better when fewer pulses were removed (S3, S4, S7) while others performed
better with a large number of pulses removed (S5, S6, S8). On average, performance reached
75 £ 1.74% with CIS, 79 + 1.82% with TIPS 25%, 81 + 1.57% with TIPS 50% and 73 +
1.83% with TIPS 75%.
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There was a significant main effect of condition on percent-correct scores [A3,21) = 3.9, p=
0.024]. Post-hoc tests with Bonferroni correction showed that performance was significantly
better for TIPS 50% than for TIPS 75% (p = 0.031). No other comparison was statistically
significant, and there was no significant effect of presentation order.

3.3 Speech in noise

Figure 6 shows the SRT in dB SNR across CIS, TIPS 50%, and TIPS 75% for each
individual (left) and for the overall mean (right). Error bars depict the standard error. Speech
performance was again variable between subjects; with performance ranging from negative
SRTs (e.g. S1), close to scores from normally hearing listeners (-8.4 dB SNR, Wagener et
al., 2003), to highly elevated SRTs (e.g. S8). Surprisingly, S8 could achieve a 50% correct
score despite results in quiet being below 50% for the CIS reference. Here, procedural
learning and familiarization with the speech material across the experimental sessions might
have contributed to an increase in performance for S8 in the speech-in-noise test.
Examination of the adaptive tracks for S8 confirmed that, after the first reversal, the SNR
decreased before converging on a stable threshold for all tested conditions.

Most subjects’ SRTs improved when 50% of pulses were removed with benefits of up to
6.23 dB (S6) relative to the CIS reference, and none did worse than for the CIS reference.
For some subjects, the improvement with TIPS 50% was followed by similar or worse
performance relative to CIS with TIPS 75% (S3, S4, S5, S8). The mean SRT in dB SNR was
4.01 1.95 for CIS, 1.59 1.21 for TIPS 50%, and 4.06 1.89 for TIPS 75%. There was a
significant main effect of condition [H2,12.02) = 6.60, p=0.012] and of presentation order
[A2,12.1) = 6.29, p=0.013]. Post-hoc comparisons corrected for multiple comparisons
revealed, importantly, a significant difference between CIS and TIPS 50% (p = 0.021), as
well as a significant difference between TIPS 50% and TIPS 75% (p = 0.018). For the effect
of presentation order, performance was significantly worse on the third (last) than on the
second condition tested (p = 0.014). This was potentially due to fatigue effects occurring at
the end of the experimental session.

4 Discussion

4.1 Subject variability and comparison to other strategies

Speech performance in quiet was similar for all TIPS conditions and the CIS reference. The
TIPS condition that removed 75% of pulses did not differ significantly from CIS for speech
in noise either. However, using TIPS to remove 50% of current pulses significantly improved
speech intelligibility in noise, with better scores than with CIS for 6 out of 8 subjects. A
post-hoc analysis of the individual results was performed to test the observation that
particularly the poorer performers seemed to benefit from TIPS 50%. A significant negative
correlation between the percent correct scores in quiet for CIS and the improvement in SRT
over the CIS baseline when using TIPS 50% was found (Spearman’s correlation coefficient
rs=-0.71, p=0.0465) (see Figure 7).

We can think of two possible explanations for this correlation. First, subjects with wide
current spread are likely to experience more temporal interactions between pulses on
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different channels, thus perform poorly, and consequently benefit more when pulses are
removed. Second, the poorer performers all had SRTSs at positive SNRs, as is the case for
most CI users in challenging background noise conditions. Hence, the benefit from
removing pulses may not solely occur from less channel interaction per se but also from
removing pulses that are at low current levels, which are likely to be noise at positive SNRs.
The 2.4 dB reduction in SRT produced when removing 50% of the pulses is also similar to
that obtained by successful noise-reduction algorithms tested with CI users, which range
from 2.14 dB SNR (Dawson et al., 2011) to 2.8 dB SNR (Goehring et al., 2017), at least
when the masker is speech-shaped noise as used here.

A correlation analysis was performed to address whether the observed benefit in speech
perception with TIPS 50% might be due to the removal of noise-dominant pulses. Figure 8
shows the correlation coefficient values between the clean speech and the speech-in-noise
mixture with decreasing SNR. The correlation was calculated for each channel, the r-values
were z-transformed, averaged, and then back-transformed. This analysis was calculated for
10 sentences and the resulting correlation values were averaged to obtain the final estimate
at each SNR. The black stars indicate the correlation between speech in quiet and speech in
noise when processed with CIS. As expected, the correlation decreases with decreasing
SNR. The red circles show correlation values using the same procedure for TIPS 50%,
which seems to be more affected when decreasing the SNR than the correlation for CIS. For
comparison, the correlation value drops to 0.5 at approximately -1 and 10 dB SNR for CIS
and TIPS 50%, respectively. The stronger decline in correlation values for TIPS than for CIS
occurs because TIPS removes pulses from both the speech and from the noise, and hence it
seems unlikely that the benefit with TIPS would be caused purely by the removal of noise
pulses.

In addition, and as observed in section 2.1, TIPS removed pulses located just before the
onsets and just after the offsets of a sound, and/or in the trough of modulations, as seen in
Fig. 3 and 4. These “contrast enhancements” could be another reason for a benefit with TIPS
in stationary background noise. For example, speech understanding by CI users can be
improved by strategies that mimic adaptation, thereby enhancing slow speech modulations
and the onsets and (for some strategies) offsets of sounds (Azadpour and Smith, 2016;
Geurts and Wouters, 1999; Koning and Wouters, 2016). Similarly, improvements in pitch
perception and, in some instances, speech intelligibility, have been obtained with strategies
that enhance modulation coding such as FOMod (Francart et al., 2015; Laneau et al., 2006)
and eTone (Vandali and van Hoesel, 2012, 2011), or that combine amplitude and rate
modulation, like the ARTmod strategy (Brochier et al., 2018). For the latter, speech signals
are encoded by using both amplitude and rate modulation simultaneously to enhance the
temporal envelope. Interestingly, Brochier et al. (2018) also pointed out that the subjects
with poorer speech understanding showed the greatest benefit from ARTmod and thus from
enhanced modulation depths.

A similar approach to TIPS is the Fundamental Asynchronous Stimulus Timing (FAST)
strategy (Smith et al., 2013). Here, the stimulation rate is substantially reduced by tracking
the fundamental frequency and coding each amplitude modulation cycle with a single
electric pulse. Preliminary results with five listeners demonstrated that speech perception
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was not different compared to the subject’s clinical ACE settings, but that FAST could
significantly improve the detection of interaural time differences (ITDs) for bilateral Cl
users. As FAST reduces the number of pulses more drastically than TIPS, it might be
detrimental for speech in more challenging situations. TIPS 75% did not achieve significant
benefits in noise and led to mixed results with degradations in performance for some
listeners. Hence, for strategies that use very sparse current patterns, the benefit of fewer
pulses and less channel interactions may be confounded by the removal or distortion of
speech segments that are important for intelligibility.

The improvements achieved in a previous strategy based on spectral rather than temporal
masking (PACE, MP3000), were a 17% correct word score benefit with an SNR of +15 dB
for 4 channel PACE compared to 4 channel ACE (Nogueira et al., 2005), and a 1.3 dB
improvement in SRT for 4 and 8 channel PACE compared to 8 channel ACE (Buechner et
al., 2008). Battery consumption could be reduced by up to 24% with a commercial version
of this strategy (Buechner et al., 2011) which, however, when compared to ACE with
clinical settings did not provide a benefit in speech perception. The spectral contrast
enhancement algorithm (SCE, Nogueira et al., 2016), which attenuates valleys in the speech
spectrum aiming to reduce spectral overlap, showed a smaller but still significant benefit of
0.57 dB when compared to ACE. Hence it appears that the benefits observed here with TIPS
are roughly similar or slightly larger than those observed with strategies based on spectral
masking. Given the success of processing strategies based on either spectral (PACE,
MP3000) or temporal (TIPS) masking, it might be worthwhile to optimize the stimulation
pattern delivered to the recipient by combining them. Preliminary results from a study
integrating a temporal masking processing strategy with MP3000 suggest a small benefit
over MP3000 alone (Kludt et al., 2020).

Finally, across studies it seems that there is no consistent advantage of increasing or
decreasing stimulation rate over the range studied here. Typically, some individuals may
benefit from a specific stimulation rate, which might be connected to individual factors, such
as the degree or severity of channel interaction or the state of local neural survival. However,
even though no consistent effect was found across studies, individual studies found
significant effects of either high- (Nie et al., 2006) or low-rate carriers (Park et al., 2012).
Hence we cannot completely rule out the possibility that, for the test materials and subjects
of the present study, a benefit would also have been obtained by simply reducing the pulse
rate, similar to observations by Arora et al. (2009) or Brochier et al. (2017), but different to
the majority of other studies mentioned above.

4.2 Perspectives

TIPS processing was applied to a CIS baseline map so that all conditions could be tested in
an acute fashion. However, it would be interesting to compare TIPS to a processing strategy
that is already “sparse,” such as ACE. When new processing strategies are tested acutely,
one factor that needs to be considered though is the habituation of the users to their own
clinical settings (Wilson and Dorman, 2008). It is unclear whether TIPS would reveal more
or less benefit when applied to ACE with clinical settings (and including the usual AGC and
pre-emphasis filter), as when applied to CIS. On the one hand, ACE already deselects pulses
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by presenting a maximum of (typically) 8 channels in each time frame. On the other hand,
for the current experimental scheme only 8 electrodes dispersed across the array were active
and therefore the total number of pulses was comparable to ACE. Hence, ACE and the CIS
version used for this experiment may be similar in terms of the channel interaction they
cause. Indeed, ACE may arguably suffer from more interactions than an 8-channel CIS
strategy, as in the latter case the channels are always evenly spaced whereas with ACE
adjacent channels can be stimulated concurrently. Moreover, even if TIPS does not enhance
speech perception relative to ACE, only one CI manufacturer currently uses this strategy,
and so TIPS would still likely provide a benefit relative to the processing strategies, more
similar to CIS, that are used in other devices. However, it remains to be shown whether the
benefits found with TIPS for Cochlear users here would also occur for users of Cl devices
from other manufacturers. Further, the comparison to or interaction with the AGC in the
typical Cochlear settings are important to consider as they may be acting similarly to a
strategy incorporating forward masking, albeit globally and not on a channel-by-channel
basis (Vaerenberg et al., 2014).

Another aspect of interest are different types of background noise or different tasks to assess
performance. For instance, contrary to steady speech-shaped noise, for modulated noise or
competing speech the level of the noise in each channel will not consistently be lower or
higher than the target speech at the SNRs tested. Thus, fluctuating masker types will lead to
more complex spectral and temporal variations in SNR which may reduce or compromise
the potential benefit of removing low-amplitude pulses. Further, the envelope contrast
enhancements that occur with TIPS might, as with other strategies that enhance envelopes,
lead to benefits in pitch or ITD coding (Francart et al., 2015; Laneau et al., 2006; Smith et
al., 2013). Thus, the effect of TIPS on performance in those tasks should be considered for
future evaluation.

The current results reveal a range of criteria over which pulses can be removed without a
substantial impact on speech performance in quiet. Nevertheless, forward masked thresholds
show high variability across Cl listeners (e.g. Nelson and Donaldson 2002; Chatterjee and
Kulkarni 2017) and different criteria may yield the “best” performance for an individual.
Thus, optimizing the time constant or criterion used to select current pulses on an individual
level would be desirable. However, using subject-dependent criteria would be similar to
finding the subject-specific carrier rate and, even if beneficial, it remains unclear whether
this could be achieved in a time-efficient manner. Nevertheless, one method could be to use
a spectro-temporal test, such as SMRT (Aronoff and Landsberger, 2013) or STRIPES
(Archer-Boyd et al., 2018), to assess listener performance and identify the best strategy for
each subject.

4.3 Benefits of TIPS

As noted above, TIPS was beneficial for speech in noise. This may be due to less channel
interaction, noise removal at positive SNRs or contrast enhancements, i.e. explicit
modulation coding, as well as onset and offset enhancements, or possibly a combination of
all those factors.
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Further, power consumption could be reduced when removing pulses, even when accounting
for the charge increase needed to achieve equal loudness across strategies. CI manufacturers
report that battery life with contemporary behind-the-ear processors ranges from 8 to up to
60 hours, depending on whether disposable or rechargeable units are used (Wolfe and
Schafer, 2015). Thus, finding a way to reduce the power consumption of CI devices is not
only important for improving user convenience and to free-up resources for additional
functionality, but could even lead to a reduction in the processor size which is mainly
determined by the size of the battery pack.

Finally, TIPS does not require continuous tracking of the envelope, as done with e.g. FAST.
Therefore, the algorithm remains computationally inexpensive and could be implemented in
real-time as running temporal integrator, producing only a small processing delay. The exact
computation time that would add to the delay due to the TI window (7 ms equivalent
rectangular duration) will, however, depend on the processing unit.

5 Summary and conclusion

The temporal integrator, T1, model was integrated into a typical cochlear implant, Cl,
processing scheme and used to remove a substantial amount of pulses based on
psychophysical masking. The temporal integrator processing strategy (TIPS) led to speech
intelligibility in quiet that was not significantly different to the CIS baseline, even when
removing up to 75% of pulses. For speech intelligibility in noise, mean SRTs in speech-
shaped noise were significantly improved for TIPS when removing 50% of pulses (TIPS
50%), compared to the CIS baseline, and there was no effect on SRTs when 75% of pulses
were removed (TIPS 75%). However, while TIPS 50% improved SRTs for most subjects,
TIPS 75% led to more mixed results with some clear degradations in performance. Further, a
significant relationship between performance scores in quiet and the improvement in SRTs
with TIPS 50% indicated that poorer performers particularly benefitted from TIPS. Finally,
average savings in power consumption were predicted to be at 41% with TIPS 50% for this
group of users. These results indicate that TIPS may achieve improved speech perception in
Cl users and potential power savings that could lead to further improvements in the usability
of Cl devices.
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Figure 1.

Block diagram and signal processing of TIPS; after regular bandpass filtering, envelope
extraction and amplitude compression, the T1 window and decision device were added to the
processing chain.
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Left: Input to and output of the temporal integrator for a schematic stimulus (top) and the
same stimulus minus one pulse (bottom). Right: Percentage of pulses removed across
different criteria for the decision device for the example sentence “Ingrid finder syv rade

huse”.
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Example of stimulus pattern for the sentence “They moved the furniture” with a) CIS
reference map using only 8 electrodes. The same reference map was then used to generate b)
TIPS 25%, ¢) TIPS 50% and d) TIPS 75%. The dynamic range was set to be 245 clinical

units.
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Figure 4.

Example of stimulus pattern for the syllable “the” taken from the sentence “They moved the
furniture” (top) and the vowel “a” taken from the syllable “asa” with either CIS processing
(left) or TIPS 50% (right). Only channel 20 is shown.
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standard error.
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Figure 7.
Relationship between the percent correct scores for CIS in quiet and the improvement in

SRT of TIPS 50% over CIS (7= - 0.71, p= 0.0465).
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Figure 8.
Speech in quiet correlated with speech in noise over different signal-to-noise ratios for CIS
(black stars) and TIPS 50% (red circles).

Hear Res. Author manuscript; available in PMC 2020 December 01.




syduosnuelA Joyiny sispun4 DA @doing ¢

syduasnuel Joyiny sispund JINd adoin3 ¢

Lamping et al.

Table 1

Page 28

Demographic information and details about CI devices used by the subjects. For all listeners, the inter-pulse
gap was 8 s and the stimulation mode was MP1+2.

Subject | Sex Age Implant type Years of Strategy | Processor Etiology Pulse Pulse rate

[yrs] Cl use duration [ps] [pps]

S1 F 77 Freedom CI24RE 10 ACE CP910 Hereditary 25 900
Contour Advance

S2 F 66 Freedom CI24RE 9 ACE CP920 Hereditary 25 1200
Contour Advance

S3 F 49 CI532 2 ACE CP950 Unknown 37 900

S4 F 53 CI1522 1 ACE CP950 Otosclerosis 37 900

S5 F 78 Freedom CI24RE 12 ACE CP910 Otosclerosis 50 900
Contour Advance

S6 M 76 Freedom CI24RE 5 ACE CP910 Unknown 25 900
Contour Advance

S7 M 47 Freedom CI24RE 13 ACE CP950 Meningitis 37 1200
Contour Advance

S8 M 85 Freedom CI24RE 6 ACE CP1000 Hereditary 25 900
Contour Advance
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Presentation order of conditions for the two experiments, speech in quiet and speech in noise, for each

Table 2

participant.
Speech in quiet Speech in noise
Subject Cond 1 Cond 2 Cond 3 Cond 4 Cond 1 Cond 2 Cond 3
S1 CIS TIPS 25% | TIPS50% | TIPS 75% CIS TIPS 50% | TIPS 75%
S2 TIPS 75% | TIPS 50% | TIPS 25% CIS TIPS 50% | TIPS 75% CIS
S3 TIPS 25% CIS TIPS 75% | TIPS 50% CIS TIPS 75% | TIPS 50%
S4 TIPS 75% | TIPS 25% CIS TIPS 50% CIS TIPS 75% | TIPS 50%
S5 TIPS 25% | TIPS 75% | TIPS 50% CIS TIPS 75% CIS TIPS 50%
S6 CIS TIPS 50% | TIPS75% | TIPS 25% | TIPS 50% CIS TIPS 75%
S7 TIPS 50% CIS TIPS 25% | TIPS75% | TIPS 75% | TIPS 50% CIS
S8 TIPS 50% | TIPS 75% CIS TIPS 25% | TIPS 50% CIS TIPS 75%
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Increase in charge of the global C-level needed to achieve the same loudness level for the TIPS conditions

relative to the CIS reference for each participant, both in nano Coulomb (nC) and as a percentage (%).

Subject TIPS 25% TIPS 50% TIPS 75%
nC % nC % nC %
S1 0.02 1.82 0.10 9.45 0.20 17.65
S2 0.02 1.82 0.07 7.49 0.11 11.44
S3 0.00 0.00 0.32 | 24.20 0.62 46.12
S4 0.05 1.82 0.20 7.49 0.26 9.45
S5 0.02 1.82 0.05 5.57 0.18 19.79
S6 0.09 3.68 0.18 7.49 0.38 15.54
S7 0.09 3.68 0.14 5.57 0.33 13.48
S8 0.00 0.00 0.12 7.49 0.22 13.48
mean 0.036 | 1.830 | 0.147 | 9.343 | 0.287 | 18.368
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