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Abstract— Channel vocoders have been widely used as acoustic
models for current vocoder-centric cochlear implant (CI) signal
processing strategies. Previous studies found that 4- to 8-channel
vocoded speech in normal hearing (NH) subjects can derive
comparable recognition scores to CI subjects who may have 8 to
22 frequency channels. The reasons for this overestimation might
include 1) classic vocoders preserve natural intensity dynamic
range within the envelopes rather than the much narrower range
in CIs and 2) classic vocoders cannot simulate the effect of electric
pulse rate. This study presents a novel vocoder based on a direct
electric-pulse to acoustic-pulse mapping (i.e., electrodogram to
spectrogram) to deal with the overestimation problem. The effects
of the proposed vocoders with 22 and 16 channels on speech
intelligibility in two real-measured classrooms were tested in NH
listeners. Results showed that the proposed vocoders are more
sensitive to changes of reverberant environment, like the
previously reported actual CI results, than the classic ones, which
implies that the new vocoding method could be a better alternative
for acoustic modelling of current CI processing.

L. INTRODUCTION

Homer Dudley from Bell Telephone Laboratory invented
Voder the first apparatus to synthesize speech from a buzzer-
like tone and a hiss-like noise in the 1930s. It imitated the
source-tract effects of human speech production and was
controlled by a single female expert to manually modify the
pitch of source and spectrum distribution among ten frequency
channels [1]. This idea was then widely used in the analysis-
synthesis system for telecommunications, known as channel
vocoder [2]. The channel vocoder takes advantage of the
relative weak effect, in human hearing, of phase information
(i.e., the temporal fine structure, TFS) on intelligibility and
transmits a coarse spectrum envelope by temporal envelopes
from multiple channels [3]. Historically, channel vocoder was
replaced by subsequent vocoders which provide finer
representation about the spectrum envelope (including the
formant structure) and better sound quality., first in analog
form and then in digital form [4].

Even though 1930s’ channel vocoder was quickly
replaced by advanced methods in telecommunication, 60 years
later a channel vocoder like signal processing strategy, the
continuous interleaved sampling (CIS; Nature, 1991) [5],
came out as a breakthrough for multi-channel cochlear
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implants (CIs) and CIS-like strategies have been used by
hundreds of thousands of patients. At the beginning decade of
clinical application of multi-channel CIs, i.e. late 1970s to late
1980s, precisely encoding the formants of speech was thought
to be important for intelligibility by some researchers [6, 7],
with possible reasons from knowledge of linguistics or other
speech engineering systems. Instead of explicit extraction of
speech features, CIS only extract temporal envelopes from
multiple bands (e.g., 6 bands in [5]). The envelopes are first
sampled by carriers and then transmitted to corresponding
electrodes. This processing is similar to the analysis part of
channel vocoder and most current CIS-like strategies are
vocoder-centric [8]. Different from the pulse-train or noise
carrier of channel vocoder, nonoverlapped fixed rate electric
pulse trains were used as carriers in CIS. This implicit
temporal-envelope-based speech coding strategy of CIS,
without any explicit feature extraction, has helped many CI
users obtain good speech perception ability in quiet
environment.

In a general sense, both Voder and CIS have
demonstrated highly redundancy of speech signals and only
temporal envelopes from multiple bands (> 6), carried in
amplitude by appropriate simple carries, can provide good
speech intelligibility for normal hearing listeners or deaf
patients. To further assess the role of spectral coarse degree in
speech recognition and simulate CIS, Shannon et al. (1995)
proposed a synthesis model, i.e., the noise-carrier vocoder, in
which the extracted envelopes from all channel bands are
multiplied by noises of the same bandwidths and then sum up
to generate the synthesized speech [9]. They found that
temporal envelopes from three bands is sufficient for speech
recognition for normal hearing (NH) subjects. From then on,
this noise-carrier vocoder and its younger sister sine-carrier
vocoder [10], between which the main difference is on carrier
selection (i.e., band-limited noise or sinusoidal signal), started
to be widely used with NH subjects to simulate CI performance
in many CI researches.

The basic information about these classic vocoders for CI
simulation, Voder, channel vocoder, CIS strategy could be
compared in Table 1.

However, previous studies showed that these classic

APSIPA-ASC 2018



Proceedings, APSIPA Annual Summit and Conference 2018

12-15 November 2018, Hawaii

Classroom 107, Left Ear

Classroom 107, Right Ear

Classroom 212, Left Ear

Classroom 212, Right Ear

0.15 0.2

|
0.25 0.35

Time (s)

Fig.1 Binaural Room Impulse Responses measured in two classrooms

vocoders generally overestimate the performance of actual CI
users [11, 12]. One possible reason was argued that CI subjects
cannot make use of the provided spectral information [11].
There are some other reasons, which were easily ignored. For
example, these classic vocoders have no control on the
intensity dynamic range of the envelopes and cannot simulate
the effect of different electric pulse rate setting. However, the
relative narrower (compared with NH) acoustic input and
electric output dynamic range and the pulse rate setting all have
important effects on speech recognition with actual CIs [13].

Lu et al. (2007) proposed a Gaussian-enveloped tones
(GET) based vocoder to simulate the pulsatile stimulation of
Cls, which cannot be simulated by classic noise- or tone-exited
vocoders [14, 15]. The GET vocoder have the potential to be
a better alternative to classic ones. However, it was only used
in some basic psychophysical experiments for binaural CI
simulation [14, 16, 17].

In this study, we propose a new vocoder, which can
directly transfer individual electric pulses to individual
Gaussian-enveloped noise carrier or tone carrier acoustic
pulses. That means any electrodogram (i.e., the
time*electrode*intensity graph) from any CI system can be
directly transfer to a sound consisting of many spectral-
temporal pulses. The sound could be used to simulate that
system with NH subjects. In this paper, we use this method to
simulate the Advanced Combination Encoder (ACE) strategy

[18], which is a default strategy of Cochlear company’s product.

It is a fast Fourier transform (FFT) based CIS-like strategy.
One key difference between ACE and CIS is that ACE used a
so-called n-of-m structure, i.e., for a m-channel CI system
within each time frame only » channels with largest energy will
generate effective pulses. Reverberant speech recognition was
tested with the new vocoder and classic vocoder using noise
carrier and 22 and 16 bands in NH subjects. The smearing
effect was compared between conditions.
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Table I. Several Famous Vocoder-centric Devices or Algorithms

Years Name Input Output Application
1930s Voder Human expert | Speech First speaking
synthesis machine
1940s Channel Speech Speech Early
Vocoder | envelope and synthesis telephone
pitch analysis
1991- CIS Speech Electric Multi-channel
now Strategy envelope waveform Cls
Analysis
1995- Classic Speech Speech Acoustic
now Vocoder | envelope synthesis model of CIS
analysis
IL. METHODS
A.  Binaural Room Impulse Responses (BRIRs)

We measured BRIRs in two classrooms (No.107: 10.5 m X
4.8 mX3.3 m; No. 212: 10.4 mX5.7 m X 3.3 m) of South
China University of Technology. The excitation signal is a 16-
stage maximal-length sequence (MLS), played through a D/A
converter of a sound card (RME Fireface UC), a power
amplifier (B&K 2716), and an omnidirectional source (B&K
4292-L, 12 loudspeakers) [19]. The source was placed on the
platform, 2 meters from the wall, and 1.2 meters from the floor.
Room impulse responses (RIRs) were firstly measured in the
center of each room using a B&K 4191 microphone. Then, a
KEMAR manikin with two B&K 4192 microphones was
placed also at the center of the room and used to measure the
BRIRs.

The reverberation time (73) at the range of 0.5-4 kHz
estimated from the RIRs are 1.5 s for Classroom 107 and 0.5 s
for Classroom 212. The BRIRs are illustrated in Fig. 1. Both
T3 and the waveform of BRIRs indicate more severe
reverberation in Classroom 107 than in Classroom 212. The
convolution output of a sentence signal from Mandarin hearing
in noise test (MHINT) [20] and the measured BRIRs are shown
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Fig.2 Convolution output of a sentence signal (top) and the measured BRIRs of Classroom 212 (middle) and 107 (bottom)

in Fig. 2. We can see that the acoustic smearing exists in both
classrooms and is more severe in Classroom 107.

B.  Vocoder Processing

Two types of vocoders were compared: a new pulsatile
noise-excited vocoder and a classic noise-excited vocoder.
Their specific implementations in this experiment are
introduced here.

The new vocoder was used to simulate ACE strategy, a
temporal envelope-based strategy for current Cochlear product
users. In this experiment, the incoming sound, sampled at 16
kHz, was processed by a 128-point Hann window and FFT with
a frame shift of 16 points (i.e., a 1 kHz pulse rate). No. 3 to 64
bins of the FFT output were divided into 22 or 16 bands.
Specifically, number of bins allocated to individual bands,
from low to high frequency, are (1, 1, 1, 1, 1, 1,1, 1, 1,2, 2, 2,
2,3,3,4,4,5,5, 6,7, 8) for the 22-band condition and (1, 1, 1,
2,2,2,2,2,3,4,4,5,6,7,9, 11) for the 16-band condition.
The power of each band is calculated and 8 bands with highest
power were selected (the power of the rest bands are set as 0).
These frame-wise power values represented within each band
constitute the temporal envelope we need. Then the envelope
within a 30-dB dynamic range was preserved by clip the
possible peaks and mute the valleys and then compressed by a
logarithmic function. The compressed values were linearly
mapped to an electric current unit range from 100 to 255'. Then
the synthesis part began. Firstly, an exponential function (i.e.,
the inverse function of the above logarithmic function) was

! This analysis part was implemented by using the code embedded in the
CCiMobile platform, which is a CI signal processing research platform
developed at CRSS-CILab, University of Texas at Dallas.
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used to transfer the electric current values to envelope power
values. Then each power value P (corresponding to a single
pulse at a specific time and a specific electrode) was used to
generate a Gaussian-shaped envelope pulse (GEP), as in

—mt?

GEP = Pe D7 (1)

where D is the effective duration of Gaussian envelope and was
set as D = 3/f.with f, the center frequency of corresponding

band, ¢ is set to be sampled from —% to ? at the default

sampling rate 16 kHz. Then all GEPs were assumed to
occurred with a center time at the time of corresponding P. All
GEPs along time within each band was connected including the
many zero value points to generate an envelope curve. Ifthere
were coincidence between GEPs at a same sampling point,
only the highest envelope value was preserved. Then the
envelope curve was used to amplitude-modulate a band-limited
noise, which was generated by summation of a set of sinusoidal
signals distributed randomly (in frequency and initial phase)
between the cutoff frequencies of corresponding band. In
average, we used one sinusoidal signal per ten hertz. The
average power of each band was kept unchanged. Finally, the
modulated signals were summed up to get the vocoded
stimulus.

For comparison, 22-band and 16-band classic noise-
excited vocoders were used. The reverberant speech signals
were splitted by 22 or 16 sixth-order Butterworth band-pass
filters in frequency range of 80 to 7999 Hz into 22 or 16 band-
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Fig.3 Demonstration of spectrograms of vocoded speech from right ear

limited signals. The cut-off frequencies of these filters were
defined by equally dividing the basilar membrane according to
the Greenwood function [21]. The temporal envelopes of these
bandpass signals were extracted by a full-wave rectification
and an eighth-order Butterworth low-pass filter. Then each
envelope was multiplied by a band-limited noise, which is
generated by passing a white noise to the corresponding
bandpass filter used in the analysis part. Finally, the modulated
signals from all bands were combined to get a vocoded
stimulus.

Figure 3 shows some spectrograms of vocoded speech from
right ear signals of Fig. 2. There are 12 conditions (2 vocoders
x 2 channel numbers x 3 reverberation conditions). The
acoustic smearing is more severe for Classroom 107 than
Classroom 212. The intensity resolution is better with classic
vocoders than new vocoders. What’s more, because of the 7n-
of-m feature of ACE, the new vocoders mute some time-
frequency areas. All conditions were compared in the speech
recognition experiment.

C. Speech Perception Experiment

Ten NH students from Shenzhen University participated in
this experiment. Participation was compensated and all
subjects provided informed consent in accordance with the
local institution’s review board. The speech material we used
is the MHINT, which consists of 12 lists each with 20 sentences
recoded by single male speaker. Each MHINT sentence
includes 10 monosyllabic words.

The 12 lists were processed by the 12 conditions in a
random order. The list order and the sentence order within each
list were randomized as well. Each sentence was presented to
subject up to three times and the subject was instructed to
repeat as many words as possible. The stimuli were presented
through an audio interface (Scarlett 2i4) and headphones
(Sennheiser HD650).
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Fig.4 Word recognition scores for ten listeners as a function of
reverberation and vocoder conditions

D.  Results and Discussions

Speech recognition performance decreased with the new
vocoder compared with the classic vocoder in all reverberation
conditions (Fig.4). Two-way repeated measure analyses of
variance (RM-ANOVA) showed more-reverberant room
condition derived worse performance for both classic and new
vocoders [F(2,18) >127.8, p < 0.001]. However, for classic
vocoder in Classroom 212, the scores are score to near
saturation (100%). Pairwise comparison showed that for 22-
channel classic vocoder, no significant difference was found
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between results with no reverberation and with reverberation
from Classroom 212 (p = 0.49). Pairwise ¢-test showed that, in
Classroom 212, 16-channel vocoder derived significantly
lower scores than 22-channel vocoder did for both vocoders.
Especially, about 30% difference exists between 16- and 22-
channel new vocoders, which implies that CI users need more
frequency channels under reverberant conditions. Under both
of the other two reverberation conditions, 16-channel condition
derived statistically insignificant (p > 0/05) lower mean scores.
In the most reverberant room (i.e., Classroom 107 with T3 =
1.5s), mean scores for classic vocoder is higher than 70%,
which is much higher than both previous research [22, 23] and
our observation of actual CI users. In that room, the mean
scores for new vocoder is lower than 10.7%, which is nearly
unusable for speech communication.

III.  CONCLUSIONS

1. A new electric-pulse to Gaussian-shaped noise-excited
acoustic pulse transformer based vocoder was proposed to
imitate not only the spectral and temporal coarseness but also
the low dynamic range and gaps between pulses of the CI
electric stimuli.

2. Speech perception experiment showed that the new
vocoder, compared with the classical noise-excited vocoder, is
more sensitive to the variation of the reverberant condition.
This effect is similar to that for actual CI users, which implies
the new vocoder may be a better alternative to the classic one
for future CI simulation research.
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