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Abstract: In a cochlear implant (CI) speech processor, several parameters such as channel numbers,
bandwidths, rectification type, and cutoff frequency play an important role in acquiring enhanced speech. The
effective and general purpose CI approach has been a research topic for a long time. In this study, it is aimed to
determine the optimum parameters for CI users by using different channel numbers (4, 8, 12, 16, and 22),
rectification types (half and full) and cutoff frequencies (200, 250, 300, 350, and 400 Hz). The CI approaches
have been tested on Turkish sentences which are taken from METU database. The optimum CI structure has
been tested with objective quality that weighted spectral slope (WSS) and objective intelligibility measures such
as short-term objective intelligibility (STOI) and perceptual evaluation of speech quality (PESQ). Experimental
results show that 400 Hz cutoff frequency, full wave rectifier, and 16-channels CI approach give better quality
and higher intelligibility scores than other CI approaches according to STOI, PESQ and WSS results. The
proposed CI approach provides the ability to percept 91% of output vocoded Turkish speech for CI users.
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Koklear Implant Konusma Islemcileri i¢cin Optimum Parametrelerin
Objektif Olgiitler Kullanmilarak Belirlenmesi

Oz: Bir koklear implant (KI) konusma islemcisinde, kanal sayilari, bant genislikleri, dogrultma tipi ve kesme
frekansi gibi ¢esitli parametreler, gelismis konusma elde etmede énemli bir rol oynamaktadir. Etkili ve genel
amach K1 yaklasimi uzun siiredir arastirma konusu olmustur. Bu ¢alismada, farkli kanal sayilar1 (4, 8, 12, 16 ve
22), dogrultma tipleri (yarim ve tam dalga) ve kesme frekanslar1 (200, 250, 300, 350 ve 400 Hz) kullanilarak Ki
kullanicilart igin en uygun parametrelerin belirlenmesi amaglanmustir. Ki yaklasimlar1 ODTU konusma veri
tabanindan alian Tiirkge ciimleler ile test edilmistir. En uygun Ki yapis1, agirlikli spektral egim (WSS) gibi
nesnel kalite, kisa-siireli nesnel anlasilabilirlik (STOI) ve konusma kalitesinin algisal degerlendirmesi (PESQ)
gibi nesnel anlasilabilirlik Slgciitleri ile belirlenmistir. Deneysel sonuglar, 400 Hz kesme frekansi, tam dalga
dogrultucu ve 16-kanalli Ki yaklasimmin STOI, PESQ ve WSS sonuglarma gore daha kaliteli ve daha yiiksek
anlasilabilirlik skorlarma sahip oldugunu géstermektedir. Onerilen Ki yaklasimi, implant kullanicilart igin ¢ikis
kodlu konusmanin %91'ini algilama yetenegi saglamaktadir.

Anahtar Kelimeler: Koklear implant, ses kodlayici, filtre bankasi, nesnel anlagilabilirlik dl¢iitleri

1. Introduction

The cochlear implants (Cls), a prosthetic device, is implanted in the inner ear and is widely used to
provide more comfortable hearing for people with hearing impairment. The ClIs allow users with
hearing problems to communicate without lip reading or hand signals. The ClIs are the product of an
interdisciplinary study such as physiology, otolaryngology, speech and signal processing [1]. These
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disciplines have different roles in the design of Cls. The use of different techniques in the electrical
transmission of sounds is very important in the development of the CI, especially in signal processing
[2-3]. Recent studies have proved that the general model of listening and intelligibility performance
for CI users in audio/speech coder simulations can be predicted by a lot of parameters. These
parameters are listed as background noise, speech masker type, number of electrodes, rectification
type used in envelope extraction and cutoff frequency of the low-pass filter [4-6]. Speech encoder
simulations cannot predict absolute performance for CI users. These encoders are expected to impact
performance when a certain parameter is changed [7].

Over the decades, CI algorithms have been the subject of many researches [8-9]. The developments
and advances in chip technology are also effective in CI devices. Currently, two basic audio coding
schemes that produced by four main manufacturers are used [10]. Med-EI® and Advanced Bionics®
manufacturers apply the “CIS” (Continuous Interleaved Sampling) [11] voice coding strategy in
sound processors, while Cochlear® and Oticon Medical® manufacturers apply the “NofM” (for N
out of M) strategy [12] in sound processors. The most obvious difference between the CIS and NofM
strategies relates to the number of electrodes activated. NofM strategies activate channels with the
highest energy, while CIS strategies activate all electrodes [13-14]. All coding strategies for Cls are
currently implemented by vocoder (voice encoder) technique. [15-16]. Vocoder is an audio operating
system that can analyze and synthesize audio and speech signals. Vocoder is used extensively in
applications such as compressing, encoding, transmitting and modifying voices. In research and
development of Cls, the vocoder has made very important and profound contributions. Also, it has
been used frequently to create the general model of speech recognition and perception for CI users
[17-18].

Subjective quality and intelligibility tests are used to ensure that CI devices reach acceptable hearing
levels [17, 19-20]. Subjective tests for CI devices are performed in two ways. First, encoded sounds
received from the CI output are presented and evaluated to listeners with no hearing problems.
Secondly, the sound and speech obtained by the algorithm are directly tested with CI users with
hearing impairment. The second subjective test approach is mostly used in hearing aids for perception
of effect noise suppression and dynamic range. However, subjective tests are time consuming and
expensive as the evaluation needs to be done in several different sessions. It also extends the
development and evaluation process of CI algorithms. Therefore, the testing process is accelerated
by using fast and repeatable objective quality and intelligibility measures instead of subjective tests.
In CI system performance evaluation, computational objective measures based on human auditory
model are used instead of listener tests. Objective quality and intelligibility measures such as
normalized covariance metric (NCM) [21-22], short-time objective intelligibility (STOI) [23],
perceptual evaluation of speech quality (PESQ) [24], hearing aid speech quality (HASQI) [25],
hearing aid speech perception indices (HASPI) [26], and weighted spectral slope (WSS) [27] are
widely used in speech processing applications [28-29].

Kates et al. [30] determined the relationship between objective and subjective intelligibility scores
with the Pearson correlation for English sentences database. They reported that the Pearson
correlation results had values of 0.89, 0.92, 0.93, 0.81 and 0.79 for the NCM, STOI, HASQI, HASPI
and PESQ criteria, respectively. In another similar study [19], PESQ and WSS objective quality and
intelligibility scores were correlated with subjective scores from listeners without hearing problems
for English and Mandarin Chinese speech database. The results of the study showed that there was
0.91 and -0.87 correlation between the objective and subjective scores according to the PESQ and
WSS values, respectively. In a study conducted with different noise reduction algorithms in a cochlear
implant speech processor, the effect on objective intelligibility of speech was investigated. The
objective assessment and listening tests were performed using the Mandarin Chinese version of
Hearing in Noise Test (MHINT) database. The objective intelligibility scores of vocoded speech
output from an 8-channel CI were determined using STOI and NCM. It was stated that there is a high
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correlation between objective intelligibility and listening tests [17, 30]. Research and studies prove
that the quality and intelligibility scores of the designed Cls algorithms differ in terms of the language
of the CI user. In general, it can be said that Cls algorithms developed using English and Chinese
databases pose a disadvantage for CI users using other languages. Therefore, it is very important to
develop Cls algorithms considering the phonetic features of the language.

The aim of this study is to determine the effect of cochlear implants on the intelligibility levels of
vocoded speech by channel and electrode numbers, frequency bandwidths, wave rectification type,
filter degrees and modulation type. The quality and intelligibility scores of the speech signals
electrically transmitted to the auditory nervous system are determined by STOI, PESQ and WSS
measures for Turkish speech database. It is ensured that optimum parameters are obtained for CI users
to understand voice and speech at high level.

The remainder of this work is organized as follows. In section 2, speech corpus, cochlear implant
algorithm and objective measures are explained. The results and discussions of the proposed approach
are presented in section 3. In section 4, the conclusions are presented.

2. Material and Methods
Figure 1 shows the block diagram of the CI vocoder simulation system designed with different
channel numbers. As can be seen in Fig. 1, speech signals received with the microphone are first pre-

emphasis processed with an adaptive gain control (AGC).
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Figure 1. Signal processing stages for a cochlear implant (CI) vocoder speech processing strategy.
AGC, adaptive gain control; BPF, band-pass filter; Rect, rectification; LPF, low-pass filter; Non-lin.
Map, non-linear mapping; EL, electrode.

The AGC adjusts the imbalances that may occur in the amplitude of the high frequency components
of the normal speech signals received from the microphone. Speech signals are then processed in the
band-pass filters (BPFs) stage, which are created with filter banks, envelope extraction, compression
and modulation stages. After the pre-emphasis stage, the signal is divided into channels 4, 8, 12, 16,
and 22 with BPFs in the range of 80 Hz to 6800 Hz frequency band interval. The bandwidths of each
channel created with BPFs are calculated as follows:

frange = loglo(fu/fl) (1)
fint = ﬁ”ange/N (2)
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By = fi ¥ 10" ine A3)
B, = f * 10G="D*fine 4)
BW = BU - BL (5)

where N, f} and f,, represent the number of channels, lower and upper frequencies, respectively. BW
denotes the bandwidth of channels and i represents each of channels.

After BPF bank stage, half and full rectifiers are applied to the filtered signals for envelope extraction.
Then, low-pass filters (LPFs) with different cutoff frequencies (200, 250, 300, 350 and 400 Hz) are
applied to the rectified speech signals for each channel. The envelopes are compressed
logarithmically to prevent an abnormal increase in speech amplitude over a small dynamic range. The
non-linear amplitude mapping function is used to compress the envelopes. The amplitude of the
compressed envelope signals for each channel is modulated with a pulse sequence. At this stage,
where amplitude modulation is used, the envelopes of the simulation modulate sinusoid carriers,
whose frequencies corresponded to the center frequencies of the BPFs. Finally, the output of the
vocoded speech signal is the sum of the signals received from the envelope-modulated sinusoids of
each channel.

2.1. Speech Corpus

In this study, a Turkish speech database [31] containing 40 sentences from 193 subjects (104 males
and 89 females) was used. The sentences were recorded at sampling rate of 16 kHz. The age
distribution of subjects is between 19 and 50 (the average age is 23.9), and subjects do not have any
hearing impairment. The database contains 2462 different sentences and 30 sentences which are
phonetically balanced and with equal difficulty levels are selected for Cls algorithms evaluation.

2.2. Objective Evaluation Measures

Performance evaluation of the designed Cls algorithms is obtained by objective quality and
intelligibility measures. These measurements, which proved to be highly correlated with subjective
tests, can provide significant information about the performance of the CI approach [19, 32]. Speech
quality measure which is WSS and speech intelligibility measures which are STOI and PESQ are
widely used in speech processing applications. The WSS calculates the weighted spectral slope
differences between speech signals which are divided into frequency bands. The spectral slope is a
difference value in decibels between adjacent spectral amplitudes. The WSS quality measure is
defined as [27]:

LSRG m (s0m - 5,0m)
WSS T M K W(j,m)

m=0

(6)

where W (j, m), K and M represent the weight in the jth frequency band, the number of bands and
the total number of frames in the signal, respectively. S.(j, m) and S, (j, m) denote the spectral slope
in the jth frequency band of the mth frame of the normal and vocoded speech signals, respectively.
The WSS quality value decreases when the vocoded speech approaches the original speech.

STOI is a correlation-based measure that provides subjective intelligibility evaluations of speech
signals [23]. In the calculation of STOI, the vocoded and normal speech signals are divided into short
time frames and grouped into 15 one-third (1/3) octave bands. The intermediate intelligibility
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measure d; (m) for each frame and band is defined as the coefficient of correlation between temporal

envelope vectors derived from vocoded and normal speech signals. Finally, the STOI scale is
determined by averaging intermediate values over the octave band and all speech frames. The STOI
model is designed for a sampling rate of 10 kHz to cover the relevant frequency range for speech
intelligibility. The average intelligibility measure d;(m), which is correlation between vocoded and
normal speech signals, is expressed as:

% (X, — 5 550 (V) - 5 5,750

{2 (5 - 2 550) 2. (v - 257,00

where X;j(m) and Y;(m) represent the time-frequency representation of the normal and vocoded

speech signal, respectively. The STOI measure is calculated by mean the intermediate intelligibility
values for all frames and bands. Finally, STOI is expressed as:

1 ’
STOI = W Z dj(m) (8)
jm

where M and ] represent the total number of frames and one-third octave bands, respectively. The
STOI score is calculated in the range of [0 - 1], and higher STOI scores indicate better intelligibility.

PESQ is an international standard that grades speech samples in five quality categories and is used
for intelligibility score estimation. These grades are from 1 to 5 and speech samples are scored in
sound quality categories such as very bad (1), bad (2), normal (3), good (4) and very good (5) [24,
33]. In listening tests, which are subjective evaluations, the fact that the tests have to be done
repeatedly may cause the subjects to memorize the listened speech. In many speech processing
applications, PESQ is widely used as a measure of quality and intelligibility as alternative to listening
tests [28-29, 32].

3. Results and Discussion

In this study, the output vocoded speech signal was obtained for five different channel numbers (4,
8, 12, 16, and 22), half and full rectifier types and five different cutoff frequencies (200, 250, 300,
350, and 400 Hz) of the LPFs. The performance of the cochlear implant algorithm was evaluated by
calculating the objective quality and intelligibility scores of the output vocoded speech signals for
Turkish speech database. Simulation results showed that using LPF with 400 Hz cutoff frequency in
envelope extraction stage gives the highest intelligibility scores. Therefore, the LPF cutoff frequency
was chosen as 400 Hz independent of the number of channels and rectification types.

Figure 2 shows the distribution of STOI scores obtained for five different channel numbers and two
rectification types. As seen in Figure 2, the highest average STOI scores for vocoded speech were
obtained by 16-channel approach. It is seen that the full wave rectifier has 0.91 + 0.02 (mean = std)
and the half-wave rectifier has 0.88  0.02 (mean + std) STOI score when the 16-channel structure is
evaluated in which the best STOI scores are observed. In the 22-channel full rectifier structure, which
is the closest to the 16-channel structure, the mean STOI score was 0.79 + 0.022. According to the
STOI results, the lowest scores are obtained in 4 and 8 channel CI approaches.
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Figure 2. STOI scores for CI algorithms with half and full rectifier type and 4, 8, 12, 16, and 22

channels

The average WSS values of cochlear implant approaches, which are a measure of the distance
between vocoded speech and normal speech, are shown in Figure 3. As can be seen from Figure 3,
minimum WSS values are obtained in all channel numbers when 400 Hz cutoff frequency is used in
both half and full wave rectifiers.
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Figure 3. Average WSS values for CI algorithms with half and full rectifier type, {4, 8, 12, 16, and
22} channels, and five different cutoff frequencies

The simulation results show that the average WSS values are {208.93, 226.27, 144.75, 106.21,
106.53} for {4, 8, 12, 16, 22} channel approaches for half-wave rectifier with 400 Hz cutoff
frequency, respectively. Similarly, the average WSS values are {182.58, 211.07, 133.72, 68.35,
85.73} for {4, 8, 12, 16, 22} channel approaches for full-wave rectifier with 400 Hz cutoff frequency,

respectively.
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Figure 4 shows the average PESQ intelligibility scores of vocoded speech for all channel numbers,
rectification types and cutoff frequencies. As can be seen from Figure 4, the highest PESQ scores for
all channel numbers and rectification types are observed at 400 Hz cutoff frequency. The simulation
results show that the average PESQ scores are {2.75, 2.74, 2.67, 2.88, 2.79} for {4, 8, 12, 16, 22}
channel approaches for half-wave rectifier with 400 Hz cutoff frequency, respectively. Similarly, the
average PESQ scores are {2.93,2.94,2.87, 3.13, 2.98} for {4, 8, 12, 16, 22} channel approaches for
full-wave rectifier, respectively. Considering the PESQ results, the 16-channel cochlear implant
approach with full wave rectifier gives the highest PESQ score.
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Figure 4. Average PESQ scores for CI algorithms with half and full rectifier type, {4, 8, 12, 16, and
22} channels, and five different cutoff frequencies

Table 1. Bandwidths and center frequencies of band-pass filters.

Channel number Bandwidth (Hz) Center frequency (Hz)

1 80-105 91.91

2 105-139 121.33
3 139-184 160.16
4 184-242 211.42
5 242-320 279.08
6 320-423 368.40
7 423-558 486.31
8 558-737 641.95
9 737-973 847.41
10 973-1285 1118.61
11 1285-1696 1476.62
12 1696-2239 1949.21
13 2239-2956 2573.05
14 2856-3902 3396.54
15 3902-5151 4483.58
16 5151-6800 5918.53

The STOI, PESQ and WSS values show that the best vocoded speech for Turkish speech signals is
obtained by 16-channel, full-wave rectifier and 400 Hz cutoff frequency. Therefore, this CI approach
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has been proposed as it has optimal parameters for the Turkish language. In this proposed approach,
normal speech signals are divided into 16 channels using 6th order Butterworth filters. The
bandwidths of each channel and center frequencies, which are the geometric mean of the bandwidth,
are listed in Table 1.

Figure 5 shows the frequency responses of the BPFs for the proposed 16-channel CI algorithm and
the frequency responses of filters are shown on logarithmic and linear frequency scale. In this filter
structure, the last BPF is used as an anti-aliasing filter and it filtered out the frequency components
above 6800 Hz.

The next step of the implant algorithm is the process of enveloping the speech signal received from
each channel. A full-wave rectifier was used for each channel output at this stage, which included a
rectifier and LPF. The 2nd order Butterworth LPF with a cut-off frequency of 400 Hz was used, as it
gave the best scores in providing speech quality and intelligibility. After the envelope extraction step,
the envelope amplitudes from each channel modulate a pulse sequence.
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Figure 5. Frequency response of band-pass filters for 16-channels cochlear implant algorithm (a)
logarithmic (b) linear frequency scales

The envelopes modulate sinusoid carriers and the modulated sinusoids of each channel are summed
to generate the output vocoded signal. Figure 6 shows time and spectrogram representation of normal
and output vocoded speech. As can be seen in Fig. 6, especially low frequency components of normal
speech applied to the CI algorithm input are successfully transferred to the CI output.

Experimental results show that the optimum parameters of a CI algorithm can be determined by the
objective quality and intelligibility measures. An optimum CI structure is presented according to the
characteristics of the Turkish language when the objective STOI, WSS and PESQ scores are evaluated
for each algorithm. Therefore, as shown in Fig. 2, the average STOI intelligibility score of 0.91 shows
that the 16-channel and full-wave rectifier structure is the most suitable approach for Cls.

In Fig. 3, the WSS quality results show that the 16-channel full-wave rectifier has the lowest WSS
value with an average of 68.35 and that structure has optimum parameters according to WSS values.
According to the average PESQ scores, which is the perceptual evaluation of speech quality shown
in Fig. 4, a 16-channel and full-wave rectifier system is preferred with a PESQ score of 3.13 which
is the highest score. This 16-channel approach is superior to other approaches in providing
intelligibility of vocoded speech. Thus, a 16-channel with 400 Hz cutoff frequency full wave rectifier
system is recommended for CI users.
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Figure 6. Time and spectrogram representation for (a) normal (b) vocoded speech

The channel numbers, n-of-m strategies, rectification type, LPF cutoff frequency, and electrode
placements have long been the subject of research in CI sound processors. In Table 2, some studies
in the literature on this subject and this study are summarized. CI algorithm evaluations are usually
performed with subjective criteria. However, this method is quite time consuming.

Table 2. Comparison of proposed method and related works (CNs: channel numbers, RT: rectifier
type, LPF: low-pass filter, LR: lower rate, EMD: Electrode-to-modiolus distances).

Author Dataset Channel Measures Score Optimum Parameters
numbers
Berg et al. [4] English 4,8, 10, Vowel (V) and V: %60 CNs: 4 of 10 (n-of-m)
16,and 22 consonant (C) C: %70 EMD: 0.4 to 1.5 mm
recognition
Jain and Ghosh ~ English 1,2,4, PESQ, WSSand  Var: 0.796 CNs: 2 and 4
[34] 8,and 16  Composite R?=0.9 LR =500 pps/ch
Chen [35] English 8 Correlation Coef.  r=0.91 CNs: 5-of- 8 (n-of-m)
(r) between RT: Full-wave rect.
Percent Correct LPF:400 Hz cutoff freq.
and PESQ
Chen [35] Mandarin 8 Correlation Coef.  r=0.48 CNs: 5-of- 8 (n-of-m)
Chinese (r) between RT: Full-wave rect.
Percent Correct LPF:400 Hz cutoff freq.
and PESQ
This study Turkish 4,8,12, WSS, PESQ and WSS: 68.35 CNs: 16
16,and 22 STOI PESQ: 3.13  RT: Full-wave rect.

STOI: 0.91 LPF: 400 Hz cutoff freq.

Therefore, objective evaluation criteria can be used to measure the performance of CI algorithms.
Jain and Ghosh [34] have proposed acoustic parameters, including pulse rate, number of channels, ‘n
of m’, number of electrodes, and channel spacing. The authors used 1800 English sentences (3—4
words in length) and PESQ, WSS, and composite criteria to evaluate 2- and 4-channel CI algorithms.
They have reported a variance of 0.796 for speech intelligibility. Berg et al. [4] proposed a model
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based on vowel and consonant recognition scores in CI algorithms with 4, 8, 10, 16, and 22 channels.
The authors used English dataset and reported that the vowel recognition rate of 60% and the
consonant recognition rate of 70% in this model which 4 of 10 (n-of-m) and 0.4 to 1.5 mm (electrode-
to-modiolus distances) parameters were selected. Chen [35] suggested 5-of-8 (n-of-m), the full-wave
rectifier and a cutoff frequency of 400 Hz for LPF. The author used English (54 vocoded speech) and
Mandarin Chinese (20 vocoded speech) datasets for the proposed CI approach. The performance of
the proposed CI approach was evaluated with the correlation coefficient between percent correct and
PESQ. The results of the study show that the proposed model has a correlation coefficient of 0.91 for
English and 0.48 for Mandarin. In our study for the Turkish database, CI algorithms with 4, 8, 12, 16,
and 22 channels were evaluated with objective criteria such as WSS, PESQ and STOI. The results of
this study show that the best results are obtained for the 16-channel, full wave rectifier and 400 Hz
cutoff frequencies for LPFs.

4. Conclusions

This study provides a CI approach to be able to hear better quality and intelligibility speech for CI
users who use Turkish language. In CI approaches, it is seen that the channels obtained by BPFs, the
filter type and order used in these channels are very important. The following conclusions can be
drawn from the contributions of this study:

(1) As the number of channels is increased from 4 to 16, remarkable improvements are
observed in speech quality and intelligibility scores. However, the intelligibility of
vocoded speech decreases when the number of channels is increased to 22. Therefore,
contrary to popular belief, it can be said that the high number of channels does not show
the expected effect on CI users.

(2) In the 16-channel full-wave rectifier approach, the score of intelligibility vocoded speech
by CI users is 91% according to STOI evaluation. These scores indicate that comfortable
and understandable hearing will be achieved for CI users. Also, an average PESQ score
of 3.13 indicates that vocoded speech is perceived even if it is a little annoying.

(3) In the envelope extraction stage, the use of a 400 Hz cutoff frequency LPF with the full
wave rectifier positively affects the intelligibility of vocoded speech. The reason for this
is that low frequency harmonics cannot be eliminated in the half-wave rectifier. Since the
frequencies of harmonics doubles when full wave rectifier is used, they are outside the
400 Hz cutoff frequency of the LPF and thus can be eliminated.

(4) In the development of algorithms for CI users, language structure should be taken into
account as each language has its own unique structure and phonetics. Thus, CI users will
be able to hear better voice and speech.
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