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Abstract

Based on the results of the acoustic research on Mandarin, two novel algorithms using the spectral information in speech

processing of cochlear implants are purposed and certified effectively by the spectral information of tonal language in acoustic simulation ex-
periments. We bring forward novel algorithms conveying the spectral information based on the choices of the frequency bands. These new
algorithms can not only improve the speech recognition ability of cochlear implant users in the noisy environments but also reduce the com-
plexity of computing and the memory occupied, and make it more suitable to be carried out in clinical practice.
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Cochlear implant (CI) is the only available medi-
cal device to restore hearing ability to totally deaf peo-
ple by extracting the temporal speech signal envelope
which is typically encoded to amplitude modulate a
fixed-rate electric-stimulus pulse. More than 1600
persons have achieved modern multi-electrode Cls
which successfully rebuild their auditory sense in Chi-
na. Although the modern multi-channe! devices pro-
duce speech recognition scores around 75% for sen-
tences in quiet, the ability of most CI users to under-
stand speech in noisy environments remains quite
poor[l““, especially the ability of understanding
tonal information which is important in Mandarin
speech recognition because the tonality of a monosyl-
lable is lexically meaningful™*!.

Many investigators focused on building novel al-
gorithms of speech processing which not only con-
veyed the temporal envelop cues but also conveyed
spectral information to enhance the speech recognition
abilities of CI users. Chen et al.!”} and Nie et al. [®!
derived amplitude modulation (AM) and frequency
modulation (FM) signals from sounds and conducted
acoustic simulation experiments in normal-hearing
subjects. They found that additional encoding of FM
could significantly enhance English speech recognition
in noise. Lan et al.!*] developed a novel algorithm by
extracting and encoding both the envelopes of narrow-
band signals and fundamental frequency (FQ) of the

speech signal. FO was used to modulate the center
frequency of sinusoidal waves in acoustic simulation
experiments. This algorithm produced significant im-
provement in perception of Mandarin. All these re-
searches proved that spectral information could signif-
icantly enhance the ability of speech perception in CI
users. However, based on three aspects of the inves-
tigations of phonetics research we assumed that it had
redundancy to transmit this kind of information in ev-
ery channel. A more compact algorithm could be
brought forward after reducing the redundancy of
conveying spectral information.

First, the pipelines of conveying the tonal infor-
mation of Mandarin had redundancy. Both temporal
information and spectral information of speech signals
contributed to the recognition of four Mandarin
tones! 1], Many investigations isolated the spectral
envelope cues and found that the temporal envelope
information such as vowel duration and amplitude
contours contributed to Mandarin tone recogni-
tion 1) This contribution, while significant, was
relatively weak when the spectral pitch information e-
voked by fundamental frequency and its harmonics
were present’*). So there were multiple pipelines of
conveying the tonal information. And perfect tone
recognition scores could be gained even if some of
pipelines were isolated, so the pipelines of conveying
the tonal information of Mandarin had redundancy.
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Secondly, perfect tone recognition could be
achieved by only extracting and encoding the tempo-
ral and spectral information ranging in low frequen-
cies. Previous work found that perfect tone recogni-
tion could be achieved by either directly preserving
the fundamental frequency with low-pass filtering at
300 Hz or indirectly by residual pitch derived from
the harmonic structure which also ranged in low fre-
quencies[m]. Therefore, maybe conveying the tempo-
ral and spectral information in low frequency bands
was enough to gain perfect speech recognition.

Finally, the spectral information encoded by tra-
ditional algorithms in high frequency bands could
hardly be apperceived in acoustic simulation experi-
ments. Many investigators focused on how to extract
and convey the spectral information to enhance the
speech recognition ability7 ). Both of these two
kinds of spectral information, such as FO and FM
were encoded in every frequency band of speech sig-
nals. But in high frequency bands, the transmission
of FO and FM made CI users hardly to apperceive the
spectral information encoded by traditional algo-
rithms. Because either in low frequency band or in
high frequency band, the spectral information, which
varied in low frequencies and ranged about 100 Hz,
was used to modulate the central frequency of sinu-
soidal waves in acoustic simulation experiments.
Therefore, in high frequency bands, the spectral in-
formation varying range was relative negligible with
respect to the central frequency of sinusoidal waves
corresponding to these bands (For example, the ratio
of spectral information to central frequency of sinu-
soidal wave of 8-channel cochlear implant from the
lowest to the highest frequency band were as follows:
47.4%, 28.4%, 17.5%, 11.1%, 7%, 4.5%,
3%, 1.9%.). And this made CI users hardly to ap-
perceive the spectral information encoded by tradi-
tional algorithms in high frequency bands.

Based on these three aspects of investigations,
we assumed that perfect speech recognition could be
achieved when we extracted and encoded the temporal
envelope and spectral information in the lower fre-
quency bands but only extracted and encoded the
temporal envelope in the higher frequency bands.
This made the principle of frequency band choices in
which the spectral information was extracted and en-
coded into the frequency modulation in the low fre-
quency part (near the apex of cochlea) while the
spectral information was not calculated or used in the
high frequency part (near the base). The number of

frequency ranges with the spectral information added
from the apex (defined as the parameter S) was de-
termined by the results of the acoustic simulation ex-
periments.

We extracted and encoded the spectral informa-
tion in two ways, i.e. Selective Fundamental Fre-
quency Control (SFFC) algorithm and Selective Fre-
quency Amplitude Modulation Encoding (SFAME)
algorithm. Different speech materials in different en-
vironments were used to prove the validity of the al-
gorithms in acoustic simulation experiments. The a-
coustic simulation experiments performed in this
study expanded the research on the effect of FM in-
formation in Mandarin recognition both in white noise
and mixed speech environment, which was not re-
ported in literature!®! before. And these experiments
also expanded the research on the effect of FO in
Mandarin speech recognition in multi-SNR white
noise environment and in multi-TMR mixed speech
environment, which has not been reported[9] . Similar
results have been obtained from the use of different
spectral information compared with the traditional al-
gorithm—Continuous Sampling
(CIS)M). It also showed a great potential of using
the spectral information to improve the speech recog-

Interleaved

nition of cochlear implant users.
1 Algorithms

The CIS algorithm exists in all major clinical
cochlear implant products. The input speech signal is
first pre-emphasized above 1.2 kHz at 6 dB/Oct and
then is separated into several bands (4, 6, 8, 12
etc. ) by a bank of band-pass filters. The band of low
frequency corresponds to the electrode which stimu-
lates the top of the cochlea while the high frequency
band corresponds to the electrode which stimulates
the bottom of the cochlea. In each band, envelope
signal can be obtained after a rectifier and a low-pass
filter. In the electric-stimulus mode, the amplitudes
of electric-stimulus pulse trains are modulated by the
envelope signal extracted from the output of each fre-
quency band. In the acoustic simulation model mode,
the envelope is used to modulate the sine signals of
the central frequency of the filter band and then re-
synthesize the modulation signals into simulation sig-
nals. Consequently, the envelope cues of speech sig-
nals from different frequency bands can be transmit-
ted to the CI users.

Two algorithms have been adopted to extract and
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encode the spectral information, i. e. SFFC and
SFAME, which avoid the disadvantage of current al-
gorithms.

The SFFC algorithm is to extract and encode the
fundamental frequency of the speech. This algorithm
has two signal pathways, including the traditional en-
velope extraction like CIS algorithm and additional
fundamental frequency processing. In one signal
pathway which is similar to the standard CIS algo-
rithm, after the phonetic signals have been pre-pro-
cessed, the process of division of frequency bands and

the extraction of the envelope are carried out; in the
other signal pathway, the fundamental frequency is
extracted by using lifting scheme and used to modu-
late the rate of electric-stimulus pulses under control
of the principle of frequency band choice. In acoustic
simulation model, when the simulation signals are re-
synthesized, the fundamental frequency information
is used under the control of the principle of frequency
band choice as the modulation to the central frequency
of the sine signals, which re-synthesizes the phonet-
ics'* ¥ (Fig. 1).
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Fig. 1. Function block diagram of SFFC algorithm.

Similarly, SFAME algorithm uses the frequency
modulation information to improve the speech recog-
nition. This algorithm also has two signal pathways
in each frequency band. In the first pathway, the
traditional envelope extraction which is similar to the
standard CIS algorithm is adopted like SFFC. But
different from SFFC, SFAME adopts not the funda-
mental frequency as the spectral information con-
veyed, but the slowly varying frequency change infor-
mation to modulate the pulse rate of the electrical
simulation in the second signal pathway. By removing

the central frequency of the sub-band signals and ad-
ditionally limiting the frequency modulation’ s range
and rate, SFAME algorithm transforms the fast-
varying temporal fine structure into a slowly varying
frequency modulation (FM) information. In acoustic
simulation model, when the simulation signals are re-
synthesized, the FM information is used under the
control of the principle of frequency band choice as
the modulation to the central frequency of the sine
signals, which re-synthesizes the phonetics[7’8] (Fig.
2).
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Fig. 2. Function block diagram of SFAME algorithm.
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2 Acoustic simulation experiment

Acoustic models of cochlear implant speech pro-
cessors have been employed by many investigators to
conduct listening experiments on normal-hearing sub-
jects. We verified two speech processing algorithms in
acoustic simulation experiments, trying to prove that
the spectral information on the speech recognition of
Mandarin, especially in the situation of white noise
and mixed speech is more effective. The acoustic sim-
ulation experiments performed in this paper expanded
the research on the effect of FM information in Man-
darin recognition both in white noise and mixed
speech environment, which was not referred to in lit-

erature”’ 8]

. And these experiments also expanded the
research on the effect of FO in Mandarin speech
recognition in multi-SNR white noise environment
and in multi-TMR mixed speech environment, which
was not referred to in literaturel®).

Twenty-four young native Mandarin speakers
participated in this experiment. All subjects were re-
ported with normal hearing. A quiet laboratory was
selected to carry out the experiment. All the simula-
tion sounds were presented via a Sennheiser HD457
headphone. The speech materials adopt vowels
(close-set), words (open-set) and sentences (open-
set). Two conditions were the white noise back-
ground and the mixed speech background (male-fe-
male overlapping) respectively. The rate of speech
sampling was 16 kHz. The channel number was fixed
at 8.

There were 100 questions in each experiment of
vowels, words, sentences and mixed speeches. The
SNR of the overlapping white noise (TMR in mixed
speech experiments) was — 5 dB, 0 dB, 0 dB and
5 dB. The recognition rate of the vowels experiment
was equal to the number of correct questions dividing
by the total number of questions. While those of the
words, sentences and mixed speech experiments were
calculated using the number of correct keywords di-
viding by the total number of keywords.

3 Results

The results of the recognition rate based on vari-
ous algorithms at different S levels using different
language materials are shown in Figs. 3—S5.

Tables 1 and 2 respectively present the data cal-
culated by SFFC algorithm and SFAME algorithm in

different situations based on AONVA analysis.

Percent correct
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Fig. 3 Recognition rate of different language materials of SFFC
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Table 1. The results of SFFC algorithm based on ANOVA analysis
Results of SFFC algorithm analysis
Vowels Words Sentences Mixed speech
F P F P F P F P
S=8 vs CIS 57.63 <0.01 173.24 <0.01 114.08 <0.01 340.7 <0.01
S=7vsS=8 0.01 0.9186 0.007 0.7959 0 0.971 1.38 0.2457
S=6vs S=8 0.11 0.7419 0.96 0.3321 1.15 0.2892 17.85 <0.01
S=5vs §=8 0.46 0.5005 4.36 0.0424 3.4 0.0717 21.5 <0.01
S=4vs S=8 14.71 <0.01 33.59 <0.01 25.56 <0.01 131.34 <0.01
S$S=3vs S=8 33.89 <0.01 114.66 <0.01 107.48 <0.01 319.56 <0.01
Table 2. The results of SFAME algorithm based on ANOVA analysis
Results of SFAME algorithm analysis
Vowels Words Sentences Mixed speech
F P F P F P F P
S=8vs CIS 155.97 <0.01 332.52 <0.01 92.79 <0.01 592.33 <0.01
S=7vs S=8 0 0.9585 2.04 0.1599 0 0.9569 0.52 0.4756
S=6vs S=8 0.05 0.8291 5.17 0.0277 1.14 0.7124 1.34 0.2532
S=5vs S=8 1.06 0.3092 10.21 <0.01 1.63 0.2084 6.36 0.0152
S=4vsS=8 9.59 <0.01 53.84 <0.01 29.74 <0.01 160.57 <0.01
S=3vs §=8 56.52 <0.01 191.254 <0.01 83.75 <0.01 191.5 <0.01

Firstly, the following conclusions can be drawn
from the results’ analysis of this acoustic simulation
experiments without the effect of the principle of fre-
quency band choice (S = 8). After white noises are
added, no matter what speech material is adopted, a
significant improvement could be obtained comparing
the two algorithms with CIS algorithm based on
ANOVA analysis (see Figs. 3 and 4 and row 1 in Ta-
bles 1 and 2).

When the speech materials are male-female over-
lapping (TMR =5dB), SFFC and SFAME also could
gain the significant improvement compared with CIS
algorithms (see Fig. 5 and row 1 in Tables 1 and 2).

So extracting and encoding the spectral informa-
tion is important for cochlear implant users using
Mandarin—a tonal language. The speech processing
algorithm with Mandarin spectral characteristics has
better speech recognition effects than the traditional
algorithm. It could improve the recognition ability of
the cochlear implant users.

After analyzing the principle of frequency band
choice (see row 2 to row 6 in Tables 1 and 2) based
on ANOVA analysis, we can make the following con-
clusions on how to use the spectral information more
effectively.

(1) No matter the background noise is the white

noise or the masking speech, and no matter the
speech materials are vowels, words or sentences, the
recognition rate of Mandarin continues to decrease

with the reduction of S.

(2) When the channel number with spectral in-
formation is equal to or more than 5 (S> =35), there
is no significant difference in the recognition rate be-
tween the algorithms with different S compared with
the recognition rate without the effect of the principle
of frequency band choice (S =8) in most situations.

(3) When the channel number S is less than 5
(S <5), there is significant decrease with the de-
crease of S.

Therefore, we can bring forward novel algo-
rithms conveying the spectral information based on
the choices of the frequency ranges. On the one
hand, the extraction of the spectral information is
similar to ways adopted by the original algorithm; on
the other hand, the spectral information extracted is
only used in a certain channel (S =35) in low frequen-
cy bands corresponding to the electrodes near the apex
of the cochlea where the frequency coding mecha-
nism—"“temporal code” provides the applicable feasi-
bility. These new algorithms of the spectral informa-
tion can not only effectively improve the phonetic
recognition ability of cochlear implant users in the
noisy environment, but also reduce the complexity of
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computing and the memory occupied (for example,
reduce by 37.5% of the amount of FM computing
and reduce by 37.5% of the amount of FO and FM
transmission), so as to make it more suitable to be
carried out in clinical practice.
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