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Acoustic simulation of cochlear implants (CIs) allows studies of not only perceptual performance in
normal-hearing listeners but also relative contribution of spectral and temporal cues to speech recogni-
tion. Different from conventional simulations using continuous sinusoidal or noise carriers, this study
employs pulsatile Gaussian-enveloped tones (GETs) to simulate several key features in modern Cls.
Subject to the time-frequency uncertainty principle, the GET has a well-defined tradeoff between its
duration and bandwidth. In theory, the key pulsatile features of CI electric stimuli could be simulated
in the analysis part of a pulsatile acoustic model. We hypothesized that a GET vocoder could transmit
speech information similar to actual CIs. In an experiment, 900-Hz/channel pulse trains were directly
mapped to 900-Hz GET trains to simulate the maxima selection and amplitude compression of a
widely-used n-of-m processing strategy, or the Advanced Combination Encoder. The simulated and actual
implant performance of speech-in-noise recognition was similar in terms of the overall trend, absolute
mean scores, and standard deviations. The results suggest that the pulsatile GET can serve as an alterna-
tive to simulating modern Cls in terms of simulating pulsatile and several other key features of CI stimuli
and, more importantly, producing similar speech perception patterns. Investigation is needed to further
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evaluate the performance of the GET in different acoustic and electric configurations.

© 2023 Elsevier Ltd. All rights reserved.

1. Introduction

Vocoders as a means of speech synthesis have a long and rich
history. At the 1939 New York World’s Fair, Homer Dudley of Bell
Labs demonstrated his vocoder invention that could “remake
speech” automatically and instantaneously (18-ms delay) by con-
trolling energy in 10 frequency bands (from 0 to 3000 Hz) that con-
tained either buzz-like tone or hiss-like noise carriers [1]. He later
realized that the vocoder could be used in synthesizing speech, and
transformed in various ways to study the relative contributions of
fundamental parameters in speech synthesis and recognition. He
found that good intelligibility can be achieved by controlling “only
low syllabic frequencies of the order of 10 cycles per second”, whereas

Abbreviations: Cl, cochlear implant; ITD, interaural time difference; GET,
Gaussian-Enveloped Tones; ACE, advanced combination encoder; SRT, speech
reception threshold; TCT, time-compression threshold; SSN, speech-shaped noise;
PTA, pure-tone audiometry.
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the emotional content of speech can be controlled by altering the
frequency of the buzzing tones.

Cochlear implants (CIs) are medical devices that help patients
with severe-to-profound hearing loss regain hearing abilities. The
development of various CI signal processing strategies is closely
related to speech synthesis vocoders. The early multi-channel Cls
followed Dudley’s original vocoder idea closely by extracting and
delivering speech fundamental frequency (FO0) in the form of elec-
tric pulse rate and one or two formants (F2 or F1/F2) in the form of
electrode position. The speech understanding of the early Cls was
relatively low (< 50% correct for sentence recognition in quiet),
due not only to crude FO and formant extraction methods (i.e.,
zero-crossing) at that time, but, more importantly, to the compli-
cated Cl-related conditions, for example, individual variability in
electrode insertion angle or depth, cochlear vs. ganglion cell tono-
topic organization, current spread, and nerve survival. These inter-
actions make accurate FO and formant representation difficult if
not impossible even if both FO and formants can be exactly
extracted by today'’s algorithms. As a result, contemporary Cls have
abandoned the FO and formant extraction method but adopted
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speech processing strategies that extract band-specific temporal
envelopes from 8-24 frequency bands. The envelopes are used to
amplitude modulate a continuous, but fixed, high-rate (at least
two to four times the highest envelope frequency) pulss then deliv-
ered to a corresponding electrode in an interleaved fashion in
which two electrodes never fire simultaneously [2]. These
advances in multi-channel CIs have produced 70-80% correct sen-
tence recognition in quiet, which is sufficient for an average user to
carry on a conversation without lipreading [3].

Acoustic simulations of CIs have been developed and widely
used for at least three reasons. First, acoustic simulations minimize
the effect of large CI individual variability (e.g., cognitive differ-
ences, demographic variables, and electrode-neuron interface),
which may confound or mask the relative importance of speech
processing parameters, e.g., [4]. Second, acoustic simulations allow
the evaluation of relative contributions of different cues to audi-
tory and speech perception, e.g., [5-7]. Third, acoustic simulations
allow a normal-hearing listener to appreciate the quality of CI pro-
cessing and the degree of difficulty facing a typical CI user.

Traditionally, acoustic simulations of Cls have used either
noise- [8] or sinusoid-excited [9] vocoders. In these vocoders, the
noise or sinusoid simulates the electric pulse train, while the num-
ber of frequency bands and their overlaps simulate the limited
number of electrodes and their current spread, e.g., [8]. A signifi-
cant drawback of these traditional vocoder models is the lack of
simulation of the pulsatile nature of CI electric stimulation. Several
studies have attempted to develop acoustic models that simulate
pulsatile electric stimulation, such as filtered noise bursts
[10,11], filtered harmonic complex tones [12], and pulse-spread
harmonic complexes [13,14]|. However, there are limitations to
those methods in simulating some important features in modern
Cls. For example, these vocoders cannot simulate the discrete nat-
ure of pulsatile stimulation on a pulse-by-pulse basis. It is also dif-
ficult for vocoders using continuous carriers to simulate some CI
speech processing strategies, e.g., n-of-m, in which the n low-
energy bands of all m bands are abandoned to produce temporally
separated envelopes.

Here we identified the Gabor atom [15], also known as the
Gaussian-enveloped tone (GET), as a means of simulating the
essential features of modern CI processing as discussed above.
The GET has been used in many psychoacoustic studies on a wide
range of auditory phenomena in normal-hearing or hearing-
impaired listeners, e.g., temporal gap detection [16,17], intensity
discrimination [18-21], simultaneous and non-simultaneous
masking [22,23], interaural timing difference (ITD) [24], and corti-
cal encoding of pulsatile stimulation [25-27]. More recently, GET
train has been used to simulate some basic tasks on binaural hear-
ing with CIs, e.g., sound localization [28,29], lateralization [30],
binaural masking level differences [31], temporal weighting of
ITD and interaural level difference (ILD) [32], effects of electrode
place mismatch on binaural cues [33,34], and effects of temporal
quantization on ITD discrimination [35].

In signal processing, due to the time-frequency uncertainty
principle (also referred to as the Gabor limit), the duration and
bandwidth of a signal cannot be independently controlled, and
their product is no lower than a limit, which is reachable only by
GETs (or say Gabor atoms) [36,15]. This is an important reason
why most of the above-mentioned psychoacoustic studies use
GETs as stimuli.

However, the performance of GET-based vocoders in simulating
speech perception with Cls has not been investigated by other labs.
The use of GET trains as a replacement for the carriers typically
employed in conventional channel vocoders was first proposed in
2007 in [37], marking the initial introduction of this technique.
In our recent pilot studies [38-40], a GET vocoder was imple-
mented directly by mapping individual electric pulses from a clin-
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ical n-of-m strategy with 900-pps pulse rate into an acoustic GET.
In this way, any CI electrodogram (not limited to the selected strat-
egy) can be directly transformed into a vocoded sound. Such direct
transformation can simulate not only pulsatile timing cues but also
many other features of CI electric stimuli (e.g., amplitude compres-
sion and maxima selection).

This study detailedly introduces the theory of this novel GET
vocoder and further demonstrates its potential for simulating CI
speech perception. The pulsatile GET vocoder can replicate the
temporal (pulsatile), intensity (compressed and quantized), and
spectral (maxima-selected) features of an actual CI strategy. We
recommend that the GET vocoder could be an alternative vocoder
model to simulate speech perception with CIs. Nevertheless, the
uncertainty principle imposes unavoidable physical constraints
on the time-frequency tradeoff, which might limit the perfor-
mance of the pulsatile simulation and should be carefully
controlled.

2. GET Theory and Vocoder Algorithms
2.1. GET Theory

A Gaussian function is symmetrical in the time domain:
_m(t t0)2
genv(t) =ae 2’ (1)
where a determines the function’s maximum amplitude, t, the
maximum amplitude’s temporal position, and ¢ the effective dura-
tion or D = v/20, at which the amplitude is —6.82 dB down from the
maximum amplitude [18]. Its Fourier transform is:

Gen(f) = V2ag - e 27" . g2, 2)

The shape of its amplitude spectrum is also a Gaussian function
with an effective bandwidth between the —6.82 dB down cutoff
frequencies.

The effective duration D and the effective bandwidth B can be
traded:

D-B=1 3)

meaning that increasing the duration will narrow the bandwidth
and vice versa.

Acoustic simulation of a single electric pulse in a frequency
channel can be generated by multiplying the above Gaussian func-
tion by a sinusoidal carrier:

S(0) = Zeny(0) - SINRTFLL + o) —ae 54 sin2nfut + go)  (4)

where s(t) has the same effective duration and effective bandwidth
as g.,,(t) except for changing the center frequency from O to f., and
¢, is an initial phase.

Fig. 1 illustrates both waveform (c) and spectrum (d) of a
unit-amplitude Gaussian-enveloped tone (i.e., a=1 in (4)). It is
used to simulate a single electric pulse (a) at the third site of
the electrode array (b). The carrier frequency f. is 5 kHz. The
timing and stimulation place of individual electric pulse could
be simulated by the timing and the carrier frequency of the
Gaussian-enveloped tone respectively. The —6.82 dB cutoff point
(corresponding to D = v2¢) with an amplitude of 0.456 in Fig. 1
was derived by substituting t=t; =5+, = ?0 +to into (1),
ie.,

3 2

n(3570)

Zeny(t1) =€ 27 = e ~ 0.456. (5)

Using the GET defined by (4), the change of amplitude and timing of
an electric pulse can be simulated by manipulating a and t, respec-
tively. Acoustic simulation of a continuous electric pulse train can
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Fig. 1. A biphasic electric pulse (a) stimulating at the third electrode site (b) and a corresponding unit-amplitude single pulse with Gaussian-shaped envelope (black line) in
both the time (c) and frequency (d) domains. The carrier frequency is 5 kHz (the blue waveform in the left panel and the frequency with maximum amplitude in the right
panel). The ¢ equals to 3/f. = 0.6 ms in (1), producing an effective duration of 0.85 ms and an effective bandwidth of 1.2 kHz. At the time domain, (a) and (c) are depicted,

while (b) and (d) are depicted at the frequency (or place) domain.

be constructed by periodically repeating s(t) or convolution of the
electric pulse train and a GET.

Different from the CI electric pulses with constant duration at
the order of tens of microseconds, the GET duration should be
much longer to contain at least several (I) periods (e.g., [ = 2,3,
or 4) of the tone carrier. Therefore, the carrier period or frequency
will determine the lower limits of the GET duration. The three lines
in the two panels of Fig. 2 illustrate the dependent relationship
between the GET duration (bandwidth), pulse rate, and carrier fre-
quency, when ¢ =1/f. =2/f.,3/f., or 4/f., respectively. The GET
effective bandwidth equals in value to the maximum pulse rate
that can be transmitted without obvious temporal interaction
between neighboring GETs. Here the GET duration threshold for
the "obvious temporal interaction” was defined as the effective

duration of GET, i.e., D = v/20. Increasing the duration (i.e., larger
o) can decrease the bandwidth with the maximum rate decreasing
correspondingly.

At frequency bands with high carrier frequencies above 2.5 kHz
(fe =L=1v2B=+v2-900! ~ 2546,3818, and 5091 Hz for | = 2, 3,
and 4, respectively), a conventional pulse rate of 900 pps could
be simulated without obvious temporal interaction between
neighboring GETs. For carrier frequencies within the middle-
frequency range around 2 kHz, the 900 pps is still possible to sim-
ulate, but neighboring GETs have moderate temporal interaction.
The amplitude of the crossing point of neighboring GETs at a
2 kHz carrier would be
2

1
_ Mozg00)
TU(t—tg

2 2
20log e = = 20log e F — 20log eI (6)

whose values are —4.21,—-1.87, and —1.05 dB (relative to the max-
imum amplitude) for [ = 2, 3, and 4, respectively. For a low-
frequency carrier, the pulsatile feature for simulation of individual
electric pulses cannot be guaranteed due to temporal interactions
between neighboring GETs.

The temporal envelopes delivered in electric speech stimuli are
often temporally separated across channels in many CI strategies,
as speech contains natural gaps within each channel of signal
between syllables, and frame-wise low power bands are temporar-
ily abandoned resulting from the maxima selection for n-of-m
strategies. Additionally, envelope energies lower than the thresh-
old level (or T level) are not represented in electric stimuli (i.e.,
no stimulation) in some strategies. For the temporally separated
electric stimuli within each channel, GET carriers can better repre-
sent temporal separation features as well as CI compression (lim-
ited electric dynamic range), both of which are often omitted in
conventional noise and sine-wave vocoders. The temporal separa-
tion features may be simulated in all channels, and the low carrier
frequency limit f,,,, is mainly determined by the duration dg,, of
each gap in the pulse trains:

I V2l V2I
fc.low:E:m:% (7)

where D, is the maximum possible GET duration, which equals
the gap duration.

Current (or spectral) spread was acknowledged to be an impor-
tant issue influencing the frequency resolution of CIs [41]. For a
single GET (defined by (4)), its bandwidth is determined by its
duration due to the time-frequency uncertainty principle. There-
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Fig. 2. The relationship between the tone carrier frequency and the effective duration D = v2¢ (see Panel A) or effective bandwidth B = 1/D (see Panel B) of Gaussian-
enveloped tones (GETs). All axes are logarithmically scaled. The o was assumed to be 2/f.,3/f, or 4/f. to demonstrate the effects of different duration of GETs. For certain
combinations of f. and ¢, the maximum GET rate that can be transmitted with no temporal interaction between neighboring GETs is 1/D, which equals in value to the

effective bandwidth in Panel B.

fore, it is possible to simulate CI current spread by manipulating
the GET duration, meaning the pulsatile timing feature and the
current spread cannot be independently manipulated.

In short, the GETs can simulate and manipulate five important
parameters of CI processing or stimulation: (1) pulse rate by
changing the period of pulse generation, (2) temporal envelope (in-
cluding its compression and quantization) by changing the ampli-
tude of individual GETs in a pulse train within a channel, (3)
spectral envelope by changing the GET amplitude across channels,
(4) place of excitation by changing the carrier tone frequency, and
(5) spread of excitation by changing the effective bandwidth in
GETs. Fig. 1 provides an GET simulation example of a single electric
pulse, demonstrating the ability to adjust both the amplitude and
timing of the electric pulse (a) and GET (b) while also changing
the stimulation site or carrier frequency to alter the location of
the stimulation. As the figure reveals, GET has a significantly longer
duration than electric pulses, and a balance must be struck
between duration and bandwidth. By skillfully manipulating these
five parameters through adjustments in amplitude, timing, dura-

tion, and carrier frequency, it is possible to create an acoustic sim-
ulation of contemporary CIs using pulsatile electric stimulation.The
limitations from the dependent relationships between duration,
bandwidth, and carrier frequency of GETs are discussed above
and should be taken into consideration during algorithm design
and experiments of CI simulations with GETs.

2.2. Vocoder Algorithm Framworks

Fig. 3A shows the conventional acoustic simulation of CI using
either noise [8] or sine-wave vocoders [9]. The output filters can
be used to control the current spread, but no temporal separation
feature (e.g., pulsatile timing and temporally separated envelope)
can be simulated.

The first GET vocoder was proposed by [37] (see Fig. 3B) and
subsequently used in a sound localization study [28]. As a naive
implementation, this approach replaces the conventional continu-
ous carriers with pulsatile GET carriers. The GET vocoder in Fig. 3C
was recently proposed by [38]. Compared to the naive implemen-
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Fig. 3. Block diagrams of conventional channel vocoder (A), the first (B) and second (C) types of GET vocoders. The pulsatile vocoders are using GETs as carriers or using a

single GET as an impulse response (in current study). The front-end pre-emphasis,
spectral domain.

tation of the first type, the new GET vocoder hypothesized that a
direct mapping from individual CI electric pulses to individual
GET acoustic pulses could transmit similar speech information in
both stimuli of CI and GET simulation. The implementation frame-
work of the second GET vocoder considers a common feature of
temporal-frame-based n-of-m selection in some CI processing
strategies. The n-of-m selection means n maximum envelope val-
ues are selected out of the envelope values from the m input chan-
nels within a given time window. In this framework, the amplitude
compression and quantization widely used in modern Cls can also
be simulated. In this study, sentence intelligibility tests were car-
ried out to demonstrate the feasibility of GET simulation on speech
perception with the advanced combination encoder (ACE) strategy,
which is a typical n-of-m strategy and has a default pulse rate of
900 pps per channel. More details about the implementations of
the GET vocoder are provided in the following section. A MATLAB
program is also open for free use in academic research.

3. ACE-GET Implementation and Experiment

3.1. Vocoder Theory: Direct mapping from electric pulses to GETs

In theory, the GETs are applicable for directly transferring any
pulsatile CI electrodogram to a pulsatile vocoded sound. To be more

bandpass filter, and envelope extraction can be implemented either in the temporal or

illustrative, Fig. 4A demonstrates a 10-channel electrodogram (note:
single vertical lines were used to represent electric pulses so that
the amplitude and timing of the electric pulse can be represented,
while the phase and gap durations in the common bi-phasic electric
pulses were not considered in this study). To generate a GET voco-
der, the 10 channels were converted into frequency bands spanning
over 10 equally divided parts of the basilar membrane between
characteristic frequencies of 150 and 8000 Hz [42]. The cutoff fre-
quencies are 150, 271, 439, 672, 994, 1439, 2057, 2911, 4094,
5732, and 8000 Hz. Then, a band-specific GET was generated in this
demonstration by setting the parameters in (1)asa=1,t, = 0, and
o= fl where f. denotes the center frequency of the specific band. As

a result, the band-specific GET had a —6.82 dB duration of

D=v20= 2v2 (8)
fe
and a —6.82 dB bandwidth of
1 V2
B—p5="1f 9)

Then the acoustic GET train at the k-th channel in Fig. 4B is derived
by

Pak(t) = (Pe(t) * e 57) - sin(2af.t + go) (10)
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Fig. 4. Mapping a CI electrodogram to a sound using the second type GET vocoder. A. An artificial 10-channel CI electrodogram, including two pulse sweeps with a 10-ms
difference between a and b, as well as two additional sweeps with a 1-ms difference between c and d, corresponding to stimulation rates of 100 pps and 1000 pps,
respectively. B. GETs mimicking the electric pulse trains. C. The final GET waveform resulting from the sum of ten band-specific GET trains in B.

where p, . (t) and p, ,(t) denote the electric and acoustic pulse trains
in Fig. 4A and 4B, respectively, "+” denotes a convolution, ¢ and f,
are band-dependent parameters as defined above, and ¢, is an ini-
tial phase that could be arbitrarily defined and was uniformly ran-
domized between 0 and 27 here.

Fig. 4B shows the 10-channel GET trains, which have temporally
separated waveforms for high-frequency channels, but overlapping
waveforms for low-frequency channels. Fig. 4C shows the overall
waveform summed from the 10 bands.

According to the theoretical analysis of GET simulation, pul-
satile features for individual electric pulses cannot be guaranteed
in the low-frequency channels, but the temporal-separation fea-
ture between groups of pulses may be simulated to some extent.
For example, in Fig. 4B, at the lowest frequency channel, the 12-
ms gap between b and c sweeps could have a counterpart, i.e., a
shallow amplitude-modulation dip, in the waveform.

3.2. Experiment method: Simulation of the n-of-m strategy ACE

By employing the previously described method, it is possible to
convert any electrodograms into vocoded sounds. This includes the
commonly used n-of-m strategy, such as the ACE strategy, which
currently serves as the default strategy in Nucleus cochlear
implants [43]. The specific vocoder is named ACE-GET. Following
the preliminary results which showed comparable acute data
between the ACE-GET vocoder and actual CI users [39], in this
paper a battery of speech recognition tasks was carried out to fur-
ther explore the potential of ACE-GET vocoder on simulation of
speech perception with CIs.

In the clinical fitting of CIs with the ACE strategy, the dynamic
range should be measured behaviorally electrode-by-electrode
and is also limited and variable among users. In the ACE-GET voco-
ders, the dynamic range could be easily manipulated either in the
compression stage of the ACE encoding or in the inverse compres-
sion stage of the GET synthesizing. The latter method was used in

this study, and two dynamic ranges corresponding to two ACE-GET
vocoders were tested. It was hypothesized that the vocoder with a
higher dynamic range would simulate the top CI participants while
the vocoder with a lower dynamic range would simulate the aver-
age performance of CI participants. The combination of n = 8 and m
=22 is one default option in the clinical fitting of ACE and was sim-
ulated in this experiment.

In detail, two 22-channel ACE-GET vocoders (denoted by
GETlargeDR and GETsmallDR) were compared with two 22-
channel sine-carrier conventional vocoders (125 Hz and 250 Hz
envelope cutoff, denoted by Sin250 and Sin125, respectively) with
minimum channel overlapping as shown in Fig. 3A. The hypotheses
for the parameter selection of the four vocoders are discussed later.

Detailed implementation methods of the vocoders: First, the
default setting of the ACE software integrated in the CCi-Mobile
software [44] was used to convert input sounds into elec-
trodograms. An inverse-mapping function was used to transfer
the electric current of each electric pulse in the electrodogram to
an envelope power. The implementation of GET involved simplify-
ing each electric pulse in the electrodogram as a single line. The
height of this line was determined by the constant current level
of the anodic phase of the corresponding bi-phasic pulse. This line
is referred to as a single sample of the electric pulse. Single-sample
pulse trains from each band were "convolved” with a Gaussian
function with ¢ = 3/f.. ¢ is an arbitrary parameter (e.g., 2 in Sec-
tion 3.1 and 3 here). Larger o results in longer duration and nar-
rower bandwidth. In the specific implementation of the
experiment, the convolution step was replaced by simply compar-
ing any overlapping sampling points from two GETs and preserving
the larger point as the final sample value.! The output was used to

! In the theory and framework analysis in Section 2, a convolution calculation was
recommended, but in our experiment, we only preserved the largest point to show
better pulsatile waveform than the cumulative effect of a convolution. Based on the
findings of our pilot test, either there is no discernible difference or only a negligible
fluctuation in the speech intelligibility of the output speech between the two ways.
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multiply a sinusoidal carrier with a frequency of f. at the center of
the corresponding band and an arbitrary initial phase (a random ini-
tial phase in this study). The average power of each band was kept
unchanged. Finally, the modulated signals were summed to produce
the vocoded stimulus.

The difference between GETlargeDR and GETsmallDR was only
between their inverse (i.e., electric-to-acoustic) mapping functions,
which are (11) and (12), respectively:

L=l((1+a 1) (1)
and

1
L = 5o (e<(1+a) — 1) (12)

in which, the L, denotes the recovered acoustic level, L. denotes the
electric current level defined by the electrodogram from the ACE
strategy based on a specific patient’s fitting map, and « is a constant
416.0 which is a default value in the ACE program provided by CCi-
Mobile software [44]. In the present study, the threshold levels and
most comfortable levels are constantly defined as 100 and 255 CU
(current unit), i.e., 100 CU < L. < 255 CU. In this case, based on
(11) and (12), the recovered acoustic level ranges were 32.7 dB
and 5.3 dB for GETlargeDR and GETsmallDR, respectively. The out-
put stimuli level was controlled at a comfortable level around 65
dBA (Lareq, Or acoustic time-equivalent A-weighted sound pressure
level integrated at 125 ms intervals). Eq. (11) is directly based on
the default setting of the acoustic-to-electric compression function
in ACE. It was hypothesized that GETlargeDR could simulate the
best performance of CI listeners with the corresponding ACE strat-
egy and GETsmallDR would significantly degrade the performance

frequency (Hz)
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because of the much narrower range. Otherwise, the implementa-
tion details of the vocoder were the same as in [38].

In the two sine vocoders, the frequency spacing for cutoffs for
the analysis filters was defined in the range of [80,7999] Hz accord-
ing to a Greenwood map [42]. Specifically, the cutoff frequencies
were 80, 122, 172, 230, 298, 379, 473, 583, 712, 864, 1042, 1250,
1494, 1781, 2117, 2512, 2974, 3516, 4152, 4898, 5772, 6797, and
7999 Hz. The filtered signals were full-wave rectified and low-
pass filtered (6th order Butterworth; 125 Hz for Sin125 and
250 Hz for Sin250) to extract the envelope for each channel. A sine
wave with a frequency centered at the corresponding analysis
band was used as the carrier, which was then multiplied by the
corresponding envelope. The final vocoded stimuli were generated
by a summation of the modulated carriers. In previous studies, it
was found that speech intelligibility was better with a higher cutoff
frequency in the envelope extraction [45]. Therefore, Sin250 was
expected to be better than Sin125.

In Fig. 5, a Mandarin sentence was used to demonstrate the
vocoded speech using the four vocoders, i.e., GETlargeDR, GETs-
mallDR, Sin250, and Sin125. It shows that the GET vocoders resem-
ble the ACE-electrodogram more than the sine vocoders. The
temporal separation between groups of pulses can also be found
in the band signals of GET vocoded speech. Because the GET voco-
ders directly use the information of the ACE electrodogram, it was
hypothesized that speech intelligibility would be worse, but closer
to actual CI results, with the GET vocoders than with the sine voco-
ders. The reason is that, in the selected sine vocoders, no current
spread was additionally included, and no amplitude compression
and maxima selection was applied. The right row depicts an
enlarged view of a particular area in the figures from the middle
row. According to the right row, the GET vocoded signals were able
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Fig. 5. Speech stimulus demonstrations for the ACE-GET simulation experiment. Left: Spectrogram; middle: band-specific signal; right: a closer view of the signals contained
within the boxes. A. Spectrogram and ACE electrodogram of a clear sentence of speech. B-E. Spectrogram and band-specific waveforms of vocoded speech using two GET
vocoders (GETlargeDR, and GETsmallDR) and two conventional sine-wave vocoders (Sin250 and Sin125), respectively.
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Table 1

Detailed Information of the 7 CI Particpicants in the 3rd task (i.e., Speech in Reverberation Test).
ID Gender Age (yr) CI Experience (yr) CI Processor Strategy Number of Channels Etiology
Cl4 F 41 12 CP810 ACE 22 Drug induced
c23 M 31 11 CP810 ACE 22 Sudden deafness
C30 M 13 10 Freedom ACE 22 LVAS
M5 M 18 15 OPUS-2 FS4-p 12 Virus infection
C16 F 25 2 Freedom ACE 22 Unknown
M17 F 18 5 OPUS-2 FSP series 12 Genetic
M16 F 17 7 OPUS-2 FSP series 12 Unknown

to preserve some of the pulsatile characteristics in the CI elec-
trodogram, while these features were mostly lost in the sine-
wave vocoded signals.

3.3. Experiment method: Participants and Tasks

Two groups of normal-hearing participants (ten in each group,
ages 18-29, and native Mandarin speakers) were tested in a sound-
proof room. An automated pure-tone audiometry (PTA) method
[46] was used to confirm that both ears of the individuals had nor-
mal hearing thresholds (i.e., equal to or less than 25 dB HL from
125 Hz to 8 kHz)?. Group 1 used Sin250 and GETlargeDR, and Group
2 used Sin125 and GETsmallDR. This design was worse than a pure
within subject one, but this was a compromise considering the pan-
demic influence and the purpose (i.e., demonstration but not full val-
idation) of the experiment. One loudspeaker positioned one meter in
front of the listener was used to present the vocoded sounds.

To demonstrate GET performance in speech perception in mul-
tiple tasks, three open-set Mandarin Chinese recognition tasks
were tested, i.e., time-compression threshold, sentence-in-noise
recognition, sentence-in-reverberation recognition. The results
for the three tasks with the two vocoders in these normal-
hearing participants were compared with actual CI results from
our previous experiments in [47] as well as newly collected data
in this work. These experiments were conducted following proce-
dures approved by the Medical Ethics Committee of Shenzhen
University, China. The procedures of the first and second tests fol-
lowed Experiment 2 of [47] strictly, in which ten CI subjects (9/10
adults) with various hearing histories were tested. Detailed infor-
mation about the three experiments is as follows:

(1) Time-compression thresholds (TCTs), i.e., accelerated sen-
tence speeds at which 50% of words could be recognized cor-
rectly, were measured using the Mandarin speech
perception corpus [48]. The sentence was compressed using
a synchronized overlap-add, fixed synthesis algorithm
which could change the duration with the spectral distribu-
tion kept unchanged. An adaptive procedure was used to
change the compression ratio in each trial [47].

(2) Speech reception thresholds (SRTs) in speech-shaped noise
(SSN) and five-talker Mandarin babble noise, i.e., signal-to-
noise ratio (SNR) at which 50% of words could be recognized
correctly, were measured using the Mandarin hearing in
noise test (MHINT) corpus [49]. An adaptive procedure was
used to change the SNR in each trial [47].

(3) Recognition of speech in reverberation was measured using a
Mandarin BKB-like sentence corpus [50], whose quiet sen-
tences were convolved with simulated room impulse

2 PTA is considered a gold standard method for confirming hearing loss, as it
provides important diagnostic information on the degree, type, and configuration of
hearing loss. However, the relationship between PTA and speech perception abilities
is not straightforward, and PTA alone may not accurately predict an individual's
ability to understand speech in challenging listening situations.

responses (RIRs). The RIRs were generated using a MATLAB
function with its default setting, except the reverberation
times (T60) were set as 0, 0.3, 0.6, and 0.9 s (https://www.au-
diolabs-erlangen.de/fau/professor/habets/software/rir-genera-
tor). For each T60, one sentence list was used. Seven CI
participants with various hearing histories were also tested
for comparison (See Table 1).

We had three subject groups, two of which were normal-
hearing listeners each using two different vocoders. A mixed model
was used to assess the repeated measures within subjects as well
as independent measures between subjects. Paired-sample t-test
and two-sample t-test were used to examine the statistical signif-
icance of the means’ difference for within-subject comparisons and
between-subject comparisons, respectively. For each task, the five
CI processing conditions, i.e., Sin250, Sin125, GETlargeDR, GETs-
mallDR, and CI, were pair-wisely examined to yield 10 pairs of
comparison. Bonferroni corrections were used to adjust the p val-
ues, and the final significance was examined using the o level of
0.05.

3.4. Results

The results with the four 22-channel vocoders, i.e., GETlargeDR,
GETsmallDR, Sin250, and Sin125 are shown in Fig. 6. To provide a
benchmark for the simulated results, outcomes from real patients
with CI were also incorporated.

For the TCT test (Fig. 6A), a significant decreasing trend was
found from Sin250 (mean = 16.1 syllables/s), Sin125 (13.9),
GETlargeDR (12.3), GETsmallDR (9.4), to actual CI (6.8) results
(Bonferroni adjusted p < 0.05), while their standard deviations
are comparable within the range from 1.0 to 1.2 syllables/s.

For the SRT test (Fig. 6B; the results are expressed in terms of
the SNR measured in decibels (dB)), there was no significant differ-
ence (adjusted p > 0.05) between Sin250 (means: —4.7 dB in SSN
and —0.1 dB in babble noise) and Sin125 (means: —4.8 dB in SSN
and —0.1 dB in babble noise) and between GETsmallDR (means:
5.6 dB in SSN and 10 dB in babble noise) and actual CIs (means:
6.5 dB in SSN and 8.8 dB in Babble noise). The mean results with
GETlargeDR (means: —1.5 dB in SSN and 4.5 dB in babble noise)
were significantly lower (adjusted p < 0.05) than those with
Sin250 and Sin125, and significantly higher (adjusted p < 0.05)
than those with GETsmallDR and Cls. The mean SRTs in babble
noise were always significantly lower than those in SSN for all four
vocoder conditions (adjusted p < 0.05). For CI users, mean SRTs in
the two noise types did not show a significant difference (adjusted
p > 0.05).

For the reverberant speech recognition test (Fig. 6C), all voco-
ders and the actual CI condition showed a significant trend of
decreased recognition scores when the reverberation time
increased. However, the normal-hearing listeners using sine voco-
der simulations were much less sensitive to reverberation than the
CI users. It is shown that even with T60 = 0.9 s, the sine vocoders
still derived > 94% means, which were much higher than CI partic-
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Fig. 6. Results from three speech recognition tasks with two 22-channel sine-wave vocoders (Sin250: 250 Hz cut-off envelope; Sin125: 125 Hz cut-off envelope) and two GET
vocoders (GETlargeDR and GETsmallDR; their difference is only in the intensity dynamic range, i.e.,, 32.7 dB and 5.3 dB for GETlargeDR and GETsmallDR respectively)
compared with the results of some CI subjects. There were two groups of normal-hearing participants, each with ten participants. One group used Sin250 and GETlargeDR,
and the other group used Sin125 and GETsmallDR. A. Time-compression threshold results. B. Speech reception threshold results of a speech in noise recognition experiment
(SSN and babble noise). C. Speech recognition scores in reverberation with T60 = 0.3, 0.6, and 0.9s. Pairwise comparisons with Bonferroni corrections were examined. In each
box, "n. s.” denotes the non-significant difference (p > 0.05), otherwise, there was a significant difference.

ipants’ 32%. The GETlargeDR and GETsmallDR derived significantly
lower scores than the sine vocoders did (adjusted p < 0.05). Under
the T60 = 0.3 s and 0.9 s conditions, there was no significant mean
score difference between either GET vocoder and CI (adjusted
p > 0.05), while GETsmallDR derived significantly lower mean
scores than GETlargeDR did (adjusted p > 0.05). However, the
mean results with CI were closer to GETlargeDR at T60 = 0.3 s
and to GETsmallDR at T60 = 0.9 s. Under the T60 = 0.6 s condition,
there was no significant mean score difference between GETlar-
geDR and CI, while GETsmallDR derived significantly higher mean
scores than GETlargeDR and CI.

In all three tasks, GET vocoders resulted in more similar perfor-
mance to actual CI performance than sine vocoders did. In fact, the
sine vocoders overestimated CI performance in all tasks. Sin250
performed slightly better than Sin125 in mean results but did
not show a significant difference. In the time-compression task,
all vocoders produced better than CI performance, with GETs-
mallDR being the closest (Fig. 6A). In the SRT-in-noise test, GETs-
mallDR and CI produced comparable performance (Fig. 6B). In
the reverberation task, GETlargeDR had similar-to-CI performance
in all T60 conditions and GETsmalIDR in the T60 = 0.3 and 0.9s
conditions (Fig. 6C).

4. Discussion

The GET vocoder is proposed to be an alternative model for the
simulation of CI strategies. Although directly mapping individual
electric pulses into individual acoustic pulses may seem like an
intuitive idea in the simulation of cochlear implants (Cls), there
have been relatively few studies exploring this approach. In con-
ventional CI simulations, such as those using sine-wave and noise
carrier channel vocoders [8,9], temporal envelopes from a limited
number of frequency bands are used to modulate the amplitude
of continuous carriers, producing a sound intended to convey sim-
ilar information to a CI strategy. However, naive channel vocoders
often lead to overestimation of actual CI performance [51], which is
why signal degradation is typically introduced through the use of
fewer channels than in reality [52], greater current spread between
channels [41,53], or a frequency-to-place mismatch [54]. While the
latter two are based on hypotheses regarding the potential influ-
ence of current spread and frequency-to-place mismatch on CI per-
formance, the decision to use a smaller number of channels is
based purely on the conventional assumption that experiment
scores for real and simulated ClIs should be comparable. In a speci-
fic experiment, speech can be degraded in various feature domains
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to produce similar scores between actual and simulated CIs, as
speech signals exhibit significant redundancy.

In this study, based on the “intuitive” idea, a GET-based vocoder
was theoretically analyzed, and evaluated for its performance in CI
speech perception simulation.

4.1. GETs and electric pulses

The GET can be used to simulate a "perceivable” atom of sound,
which can be traced back to [15]. More recently, it has been used in
many psychoacoustic studies. The GET vocoder model can be a
phenomenological one, in which each GET corresponds to an elec-
trical pulse. The amplitude of the GET is scaled proportionally to
the pulse current level. Moreover, the analysis part of GET vocoders
can simulate main features in Cls, including the place of stimula-
tion, pulse time, temporal envelope, spectral envelope and spectral
interaction, and intensity quantization and maxima-selection, by
corresponding features of the acoustic pulses. In the synthesis
end of GET vocoders subject to the time-frequency uncertainty
principle, the pulsatile features may be partially smooth outed at
low-frequency channels. In the future, this limitation could poten-
tially be mitigated by utilizing higher carrier frequencies, which
would enable the simulation of frequency-to-place (tonotopic)
mismatch more effectively.

The principle of time-frequency uncertainty states that the pro-
duct of a signal’s duration and bandwidth cannot be made extre-
mely compact. Specifically, when it comes to acoustic signals, the
minimum duration of a signal should encompass several periods
of the carrier frequency, which is dependent on the analysis band
or characteristic frequency of the targeted stimulation site. In the
implementation of our GET vocoder, the GET duration was set to
be a function of the carrier frequency. The GET duration was
shorter for the higher frequency band. On the other hand, electric
pulses have a duration in the range of tens of microseconds, with
the frequency or site of stimulation determined by the position
of the electrode. The physical constraint on acoustic GET cannot
be avoided and must be thoroughly considered during the applica-
tion of the vocoder. Nevertheless, many key features could be bet-
ter simulated in GET vocoders than conventional channel vocoders
using continuous carriers in theory. In this study, the ACE strategy
was simulated by GET. Upon comparing the GET-vocoded spectro-
gram and ACE-electrodogram, we observed that they share similar-
ities, indicating that comparable information related to
intelligibility is being conveyed.

4.2. Speech perception with GET vocoders

[37] proposed a naive impementation of GET vocoder by simply
replacing the carriers in conventional channel vocoders by GET
trains. In that implementation (i.e., Figure 3B)B a non-
interleaved sampling 100-pps GET carrier was generated to study
the effects of spread of excitation by controlling the GET duration
according to the time-frequency uncertainty principle.

In this study, we further examined another GET vocoder pro-
posed by us in [38] recently. It directly mapped individual electric
pulses in a Cl electrodogram to individual GETs to simulate the ACE
strategy (Fig.3C). This direct mapping allows simulation of all pro-
cessing steps including the n-of-m maxima selection to amplitude
compression and quantization. Compared with the conventional
sine-wave vocoder, not only did the GET vocoder better resemble
the ACE electrodogram, but more importantly the GET vocoder,
which has a small dynamic range close to that of actual CIs (re-
ferred to as GETsmallDR), produced a mean and range of speech
in noise recognition performance similar to that of actual CI users.
Together with the other pilot applications of the GET vocoder in
[39] and [40], this work established several pieces of evidence to
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support the GET vocoder as an alternative to the conventional
vocoders.

GETsmallDR produced both better and worse results than actual
CI users in the TCT and speech in reverberation tasks, respectively.
The reason for this discrepancy is not well understood. The TCT
results tested using unreal fast speech suggested that normal-
hearing listeners had better temporal processing with GET than
with CIs. However, real CI users may have more experience with
degraded speech in daily life, which could account for their supe-
rior performance in perceiving reverberated speech compared to
GET simulations. Furthermore, the larger dynamic range of GET
simulations yielded better CI performance than the smaller
dynamic range, as illustrated in Fig. 6. The three tasks illustrated
the complex association between GET simulation and actual CI
outcomes. Furthermore, it is important to note that the training
of vocoded sound in normal-hearing listeners is restricted, and this
factor could have a substantial impact on the outcomes. Therefore,
this training limitation should be taken into account in future
studies.

Future studies are also needed to establish and evaluate indi-
vidualized CI simulation, in which both the mean and error pat-
terns of phonemic recognition are used to judge the validity and
quality of the simulation model [55]. A vocoder showed smaller
real-simulation discrepancy in multiple tasks than other vocoders
would be identified as an optimal vocoder.

4.3. GET vocoders as a general model

The GET vocoder is perhaps a more general vocoder model as it
can closely approximate conventional noise (using noise carriers
instead of sine waves) and sine-wave vocoders by summing many
GETs occurring at high rates or long GET duration and using high-
fidelity intensity (or envelope) information. This means that the
conventional vocoders can be treated as special cases of GET voco-
ders. Further experiment studies (e.g., in phoneme confusion pat-
terns) are warranted to examine the performance of GET
simulation systematically. The MATLAB source code of the GET
vocoder for the ACE strategy is provided for academic research pur-
poses (https://github.com/BetterCI/GETVocoder). Based on this
code, more variants could be generated by manipulating the voco-
der parameters, e.g., spectral spread, stimulation place or fre-
quency shifting, and carrier types.

5. Conclusions

(1) The time-frequency uncertainty principle imposes con-
straints on using GETs for CI simulation. Using a shorter
duration for GET in a specific band will lead to a broader
bandwidth, mimicking a greater current distribution and
reducing temporal interference among neighboring GETs.
The opposite is also true.

(2) Many features of modern Cls including pulsatile timing, cur-
rent spread, n-of-m maxima selection, and dynamic com-
pression could be implemented in GET vocoders and then
used to derive similar sentence-in-noise recognition perfor-
mance to actual CI users. It is necessary to conduct addi-
tional experiments to assess the effectiveness of GET in
various speech-related tasks such as phoneme recognition
and reverberant speech perception, taking into account the
aspect of training.

(3) A GET vocoder framework for arbitrary CI strategy and a
package of source code (using ACE as an example) are pro-
vided to serve as a general-purpose research tool to generate
vocoded sounds (including speech) based on the direct
pulse-to-pulse mapping.
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