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A Novel Speech-Processing Strategy Incorporating
Tonal Information for Cochlear Implants

N. Lan*, K. B. Nie, S. K. Gao, and F. G. Zeng

Abstract—Good performance in cochlear implant users
depends in large part on the ability of a speech processor to
effectively decompose speech signals into multiple channels of
narrow-band electrical pulses for stimulation of the auditory
nerve. Speech processors that extract only envelopes of the
narrow-band signals (e.g., the continuous interleaved sampling
(CIS) processor) may not provide sufficient information to encode
the tonal cues in languages such as Chinese. To improve the per-
formance in cochlear implant users who speak tonal language, we
proposed and developed a novel speech-processing strategy, which
extracted both the envelopes of the narrow-band signals and the
fundamental frequency ( 0) of the speech signal, and used them
to modulate both the amplitude and the frequency of the electrical
pulses delivered to stimulation electrodes. We developed an
algorithm to extract the fundatmental frequnency and identified
the general patterns of pitch variations of four typical tones in
Chinese speech. The effectiveness of the extraction algorithm was
verified with an artificial neural network that recognized the tonal
patterns from the extracted 0 information. We then compared
the novel strategy with the envelope-extraction CIS strategy in
human subjects with normal hearing. The novel strategy produced
significant improvement in perception of Chinese tones, phrases,
and sentences. This novel processor with dynamic modulation of
both frequency and amplitude is encouraging for the design of
a cochlear implant device for sensorineurally deaf patients who
speak tonal languages.

Index Terms—Acoustic signal processing, cochlear implants,
electrical stimulation, speech perception, tonal language.

I. INTRODUCTION

COCHLEAR implant (CI) devices have been successful
in restoring hearing to profoundly deaf patients through

electrical stimulation of the auditory nerve with fine electrodes
inserted into the scala tympani of the cochlea [19], [21]. The
performance of cochlear implants depends in large part on the
speech processor to faithfully decompose speech signals into
a number of channels of narrow-band electrical signals that
may be used to activate the spiral ganglion cells of the auditory
nerve. The number of electrodes in modern cochlear implant
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devices may be different from the number of channels in the
speech processor, and may vary from 12 to 22 with monopolar
or bipolar arrangements. The configuration and placement of
the electrodes are of importance to the overall performance of
these devices. Recently, understanding on what speech features
should be extracted and how to encode them for stimulation
has significantly improved the speech recognition for cochlear
implant users [20].

In general, the processing strategies of speech signals may
extract and encode temporal and/or spectral cues in the speech
for cochlear implant devices [1], [22], [23]. In the early Nucleus
device, the fundamental frequency was used to modulate
the pulse rate proportionally during voiced sound, and spectral
information with one (F2) or two formants (F1, F2) from
the speech signal was used to select stimulation electrodes,
respectively [1], [22], [23], [30]. Such strategies were able to
achieve an open-set of speech recognition, a significant im-
provement over the single electrode devices. The compressed
analog (CA) algorithm decomposed the speech signal into a
few narrow-band signals for simultaneous stimulation of the
auditory nerve with multiple electrodes [12]. Theoretically, the
CA strategy used both temporal and spectral information in
the original speech signal. However, simultaneous stimulation
across electrodes often resulted in electric field interaction that
was detrimental to speech recognition [1], [22], [23], [36]. To
overcome this problem, the continuous interleaved sampling
(CIS) strategy [36] was proposed to avoid channel interactions
during stimulation, in which the envelope cues of the bandpass
filtered speech signals were extracted and encoded to modulate
the amplitude of stimulation pulses. The CIS strategy showed a
high level of speech recognition for the cochlear implant users
of monotonal languages, such as English and German [3], [29],
[35]–[37].

While the present cochlear implant devices have achieved a
high rate of perception for English speaking users, it was re-
ported that cochlear implant users who spoke Chinese showed
poor results in identification of vowels and consonants com-
pared with English speaking users [44], [45]. This is because
Chinese is a tonal language that uses four basic tones 1 to express
different meanings of words. Experimental evidences also indi-
cated that several significant differences existed between Chi-
nese and English speech recognition with CIS strategy [15]. Re-
cently, Xu et al. [40] identified that the spectral details of the
filtered signals played a more important role in speech percep-
tion for Chinese. Their experimental results with native Chinese
speaking subjects revealed that the tonal information in Chi-
nese speech was encoded primarily in fine details in the spec-

1Some dialects in China, e.g., Cantonese, use as many as six tones.
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trum of the speech signal. Thus, the current speech processors
of cochlear implant devices may not meet the needs of a large
population of users in countries of tonal languages.

The objective of this work is to test the hypothesis that mod-
ulating the pulse rate of stimulation according to the pitch vari-
ation of tones in combination with an envelope extraction pro-
cessor, such as CIS, can significantly improve the intelligibility
of Chinese speech by cochlear implant users. In Section II, we
present the spectral characteristics of pitch variations in Chinese
speech, and describe a design of the novel speech processor that
includes extraction of tonal information and dynamical coding
of stimulation frequency. Spectrum analysis and computer sim-
ulation of the CIS and novel strategies are elucidated in Sec-
tion III. Experiments in native Chinese speaking subjects with
normal hearing are described in Section IV. Results obtained in
this study are explained in Section V. The relevance and impli-
cation of these results in the design of an effective cochlear im-
plant device that provides high discrimination of tonal cues are
discussed in Section VI. Preliminary results are also reported
elsewhere [26], [27].

II. A NOVEL SPEECH PROCESSOR

A. Patterns of Tonal Variation

Chinese is a tonal language, whose semantics depends on par-
ticular patterns of pitch variation in the pronunciation of words.
For example, a single syllable word “ma” can be pronounced
with four tonal patterns, a flat tone , a rising tone , a
falling–rising tone , and a falling tone . Each tone yields
a different meaning, e.g., the flat tone could mean “mother,”
the rising tone “numbness,” the falling– rising tone “horse,”
and the falling tone “scolding,” respectively. The fundamental
frequency (i.e., ) of the four different tones of “ma” is pre-
sented in Fig. 1. It clearly shows the distinct patterns in the
fundamental frequency with the four different tones. Gen-
erally, the flat tone is associated with a constant frequency, the
rising tone with a rising frequency, the falling-rising tone with
a falling-rising frequency and the falling tone with a falling fre-
quency. These attributes in may be important in Chinese per-
ception by cochlear implant users.

Another notable characteristic of Chinese speech is its regu-
larity in phonetics. Most characters (or words) in Chinese are
a single syllable unit composed of two phonemes, a consonant
followed by a long vowel. In pronunciation, the consonant in-
troduces the word in a short period of time, and the vowel is
sustained in a relatively long period of time, during which the
four different tones are produced. A phrase is formed with two
or more words, and a sentence is a sequence of words or phrases
grouped in a grammatical structure. This salient feature of pho-
netics makes it possible to extract tonal patterns of words, and
use them to modulate the stimulation frequency of cochlear im-
plants. In this study, we developed a novel processing strategy
that modulated the center frequency of stimulation of a CIS pro-
cessor according to the pattern of tones of Chinese words.

B. Novel Speech Processor

Fig. 2 illustrates the novel speech processor that uses both
CIS of bandpass filtered signals and pulse-rate modulation

Fig. 1. Tonal patterns in Chinese speech. (a) Original speech waveform of a
Chinese word with four different tones, each of which has different meanings,
from left to right, “mother” (�), “numbness” (=), “horse” (n=), and “scolding”
(n), respectively. (b) Corresponding fundamental frequency (F ) as a function
of time. F is extracted from the original speech signal using the algorithm
described in Section II-C.

based on pitch variation of tones. The novel speech-processing
strategy has two signal pathways, including the traditional
envelope extraction and an additional fundamental frequency
processing (Fig. 2). The envelope-extraction method is similar
to the standard CIS strategy. A sound signal is sampled,
pre-emphasized, and then decomposed into multiple frequency
bands by a bank of bandpass filters. The filtered signal is
rectified and then smoothed by a low-pass filter to extract the
envelope. In cochlear implants, the band-specific envelope is
also logarithmically compressed and then used to modulate the
amplitude of biphasic pulse trains that are interleaved among
electrodes [36]. The interleaved sampling strategy is effective
to avoid stimulation interference among channels, and thus
enhancing the performance of speech perception significantly
[31], [32], [35].

The second pathway in the novel strategy explicitly extracted
by a specially designed algorithm described in Section II-C

(Fig. 3). An artificial neural network was used to verify the ex-
tracted tonal patterns (Section II-D). The dynamic coding of
pulse rate was explained in acoustic simulation (Section III),
where was used to modulate the center frequency of sinu-
soidal waves. In actual implementation, the will be used
to modulate the rate of stimulation pulses around a center fre-
quency in a similar way as described in (2) of Section III-A.
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Fig. 2. Block diagram of the novel strategy incorporating tonal infomration. Inside the dotted line box is the CIS strategy that includes a pre-emphasis filter,
bandpassed filters (BPF), full-wave rectifiers (Rec), low-passed filters (LPF) for the envelope extraction, and an amplitude compressor (COMP). A separate tonal
information processor is used to extract tonal patterns from the pre-emphasized speech signal, and dynamically code the stimulation rate of pulse train. The
amplitudes of the pulse trains carrying tonal information in their pulse rate are modulated by the output envelope of CIS processor, and are delivered to each
electrode. This makes it possible to transmit tonal information (F ) to auditory nerves using synchronized pulse rate.

Fig. 3. Algorithm for fundamental frequency (F ) extraction. A speech signal is divided into two subbands, 80–200 Hz and 200–450 Hz. The signal is then
classified as either a voiced or voiceless sound. In the case of the voiceless sound, F is set to 0 Hz. In the case of the voiced sound, the subband signal with the
highest energy is selected, down-sampled, and analyzed in frequency domain by FFT to calculate F . The length of data window for spectral analysis is 512 points
(or 46.4 ms). Moving windows with 256 points of overlap are used in the sequential analysis of F in time. The F trajectory is smoothed with a 3-point median
filter.

C. Extraction of Pitch Information

In Chinese speech, the of a male voice is mainly con-
fined within 80 to 200 Hz, while that of the female voice lies
between 200 and 450 Hz [42]. Thus, we used a two-channel
fast Fourier transform (FFT)-based extraction algorithm that
separately processed male and female voices. In the proposed
algorithm, two bandpass filters first divided the male and fe-
male voices into two separate channels. In each channel, the
root mean square (rms) levels combined with zero crossing de-
tection were used to determine whether a segment of the signal
was voiced or voiceless. For the voiceless sound, was set to
zero. For the voiced sound, the channel with a higher energy
level was selected and then down-sampled from 11 025 to 1378

Hz. The voiced signal sampled at 11 025 Hz was segmented with
an analysis window of 512 points of duration (about 46.4 ms).
An FFT algorithm in MATLAB was used to compute the spec-
trum of the segmented signal, and the was obtained from the
FFT spectrum’s peak location. A moving window with 256 data
point overlap was used to generate a time series of trajectory.
Thus, the inter-frame duration between windows was actually of
23.2 ms. In addition, a 3-point median filter was used to smooth
the trajectory during the voiced sound. Fig. 5 shows an ex-
ample of the extracted trajectory from a sentence.

D. Varification of Extracted Tonal Patterns

The extraction of the four tones from the patterns is var-
ified with a three-layered feedforward artificial neural network
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Fig. 4. Automatic identification of tonal patterns. (a) Block diagram of an
automatic classifier of tonal patterns, in which an ANN is the core for tonal
pattern differentiation. The identified tonal pattern could then be used for
coding the frequency of carrier pulses. (b) A 3-layer forward ANN is used in
this implementation. The input layer has six inputs accepting equaly spaced six
points from the tonal trajectory. The hidden layer has 12 neurons, and the output
layer has four neurons corresponding to the four tonal patterns. The activation
function of these neurons is the nonlinear, sigmoidal activation functions. At
the output layer, the tone is determined by the output with the largest value.

(ANN) trained to recognize the four tonal patterns. The ANN
has a three-layered feedforward structure (Fig. 4), in which there
are six neurons in the input layer, 12 neurons are embedded in
the hidden layer, and four output neurons correspond to the four
tones in Chinese speech. The values of six frames of evenly
distributed within the tonal trajectory of the word were used
as the input to the neural network. A back-propagation algo-
rithm was used to train the ANN using sample words of various
tonal variations. In the idenfication of tones, the largest output of
ANN corresponded to one tonal pattern out of the four possible
tones. For example, an output vector of would suggest
a flat tone . In this study, the ANN was not implemented in
real time, and the effects of the delay were not evaluated.

III. ACOUSTIC SIMULATION

A. Acoustic Simulation

Computer simulation of the CIS and the novel processors was
carried out using MATLAB. For both the CIS and the novel
processors, a pre-emphasis filter (1.2-kHz high pass) was used

to provide spectral equalization above 1.2 kHz. The dynamic
range compressors in the CIS processor and the novel processor
were disabled in simulations. The bandpass filters implemented
in both processors were six-order Butterworth filters, and the
envelope was extracted with full-wave rectification followed
by a fourth-order Butterworth type low-pass filter. The cutoff
frequency in the envelope filter was 50 Hz. Pre-emphasis and
de-emphasis filters were first-order FIR filters.

The processed signals were re-synthesized into voice sound,
and presented to subjects with normal hearing in experimental
tests [2], [6], [8]–[10]. Synthesis of voice was achieved using
superimposed sinusoidal signals in each channel [21]

(1)

in which is the synthesized sound signal, subscript indi-
cates the channel number, is the total number of bands,
represents the envelope of the th band, is a time-varying
function of stimulation frequency, and is the initial phase esti-
mated from FFT. The updating rate for and in simulation
is in accordance to the inter-window time frame of 23.2 ms.

In the acoustic simulation of the CIS strategy, the envelope
signal was modulated by a pure sinusoidal signal, and
its center frequency was set at a constant value in
each channel [8], [13]. Alternatively, can be modulated
by band-limited noise [8], [29]. To simulate the novel strategy,
the center frequency was dynamically varied as a function
of the extracted

(2)

where is the center frequency of each band, and is ob-
tained through pitch extraction algorithm. Since the range of
was from 80 to 450 Hz, was biased by 200 Hz to give a dy-
namic range of frequency modulation around . The center
frequency of each band is chosen as the median frequency
of the corresponding band (see Section IV-A).

B. Spectrum Comparison

To shed light on the ability of speech signal processing strate-
gies to encode tonal information, preliminary analysis was per-
formed to compare the spectrum of the original signal with those
of the re-synthesized signals processed by either the CIS or the
novel strategy. Spectral comparison was performed using the
original signal of a Chinese sentence of a female voice, and the
synthesized signals processed by a 4-channel CIS processor and
a 4-channel novel processor. This should provide additional ev-
idence to compare the novel strategy with the CIS strategy in
encoding the tonal information embedded in Chinese speech.

IV. EXPERIMENT TESTS

A. Test Materials

Experiments were conducted to compare the performance of
the novel speech-processing strategy with that of the CIS in
20 subjects with normal hearing. Ten different single tones, 20
phrases, and 30 sentences were recorded in quiet environment
pronounced with both male and female voices. The single tones
included a variety of combination of consonants and vowels.
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Fig. 5. Tonal trajectory of a sentence of Chinese speech. (a) Speech waveform of Chinese sentence, “ji (n) suan (n) ji (�) ji (n) shu (n) fa (�) zhan (n=) hen
(n=) kuai (n),” which was recorded with a female speaker and sampled in 11.025 kHz. (b) Its raw tonal trajectory as a function of analysis window number. The
analysis window length is of 512 points with 256-point overlap. (c) Smoothed trajectory processed with a medium filter.

The 20 phrases were chosen from most frequently used words
in daily life. The 30 sentences were selected with no preference
to a particular tone, and were used to evaluate both processors.

The voice signals for the test were sampled at 11 025 (Hz)
and processed with 4, 6, and 8 channels, respectively, in the
two strategies. The cutoff frequencies of bandpass filters in
the 4-channel processor were 300, 620, 1285, 2657, and 5500
(Hz). They were 300, 486, 791, 1284, 2086, 3386, and 5500
(Hz) in the 6-channel strategy, and 300, 460, 800, 1385, 2057,
2800, 3900, 4500, and 5500 (Hz) in the 8-channel strategy.
The processed signals were resynthesized by the computer
(Section III-A) and the computer generated voice was presented
to subjects during recognition tests.

B. Experiment Protocol

12 males and 8 females adult subjects (from 20 to 40 years
old) with normal hearing participated in these experiments. Be-
fore the test, a 5-min training session was administered to all
subjects. In the test for tone recognition, the subjects were given
single tones in random orders. Computer generated voice of
each tone was played to the subject once at a comfortable loud-
ness. The subject was to select one correct answer from a set
of multiple choices of four entries. In the test with sentences, a
full sentence was played to the subject, who was then asked to
write down the sentence just heard. For each subject, two sets of
tests were administered, one with CIS strategy and one with the
novel strategy. With each strategy, speech processors with 4, 6,
and 8 channels were used in processing the sound signals.

C. Statistical Analysis

The paired -test was used to detect the difference in the per-
formance between the CIS and the novel strategies. A scale of

TABLE I
AUTOMATIC IDENTIFICATION OF TONAL PATTERNS

100% was used to quantify the performance of the subjects in
identifying the tones, phrases or sentences. The test results from
the CIS strategy and the novel strategy were paired, and the
mean value of the difference of the correct rates between the two
groups was calculated in the -test. The null hypothesis stated
that there was no difference in the performance between the two
groups. The null hypothisis was accepted or rejected at a signif-
icance level of 95% confidence . Test results were
summarized in Table II.

V. RESULTS

A. Varification of Tonal Patterns

Table I demonstrates that the extraction algorithm pro-
vided sufficient information for the ANN to accurately identify
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Fig. 6. Spectral comparison of the original and synthesized speech sounds.
(a) Spectrum of the original signal. (b) Spectrum of the synthesized signal by a
4-channel CIS processor. (c) Spectrum of the synthesized signal by a 4-channel
novel processor, respectively. The speech signal was from a female voice,
speaking: “tian (�) qi (n) hen (n=) hao (n=).”

the tonal patterns. In this case, a sentence of nine words was ex-
amined, whose trajectories of fundamental frequencies (Fig. 5)
were digitized, and used by the ANN for tonal pattern identifi-
cation. The tonal classification was based on the winner-take-all
decision rule with the largest output (underlined and bold) de-
termining the tone. The Chinese characters are shown on the left
side in Table I and their corresponding tones are given inside the
parentheses. The ANN’s outputs in response to these characters
are tabulated in the right. In this test, the ANN was able to use
the extracted to correctly discriminate tonal patterns.

Fig. 7. Test results for the CIS strategy (open squares) and the novel strategy
(filled circles) with 20 subjects with normal hearing function. The error bars
represent the standard deviations in the tests. (a), (b), and (c) give the percentage
of correct scores in identifying the 10 tones, 20 phrases, and 30 sentences with
4, 6, and 8 channels in each processor, respectively.

B. Spectrum Comparison

Fig. 6 shows the spectrums of an original Chinese sentence
and those processed by both the CIS and novel processing
strategies with 4 channels. In the original speech spectrum
of Fig. 6(a), frequency changes were clearly identified near
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TABLE II
RESULTS OF THE PAIRED, TWO-TAILED t-TEST

0.6 s (downward sweep) and 1.0 s (upward sweep). In the
CIS-processed speech spectrum of Fig. 6(b), no apparent
frequency changes were identified, and the loss of spectrum
details was significant. In the spectrum processed by the novel
strategy in Fig. 6(c), similar frequency change patterns were
preserved although some spectral details were also lost. This
indicates that the 4-channel novel processor is indeed superior
to the CIS processor in encoding spectrum details of Chinese
speech signals.

C. Experimental Tests

Fig. 7 shows the comparison of performance by the two
strategies with 4, 6, and 8 channels for tone, phrase, and
sentence perceptions. In tone perception, the novel strategy
performed consistently better than the CIS strategy [Fig. 7(a)].
The correct rate for the novel strategy is about 80%, while the
CIS was about 30%, indicating that tonal information in the
novel strategy provided important cues for the subjects. For
phrase recognition [Fig. 7(b)], the novel strategy achieved a
higher correct rate of perception of about 90% as compared to a
60%–70% of success rate with the CIS. In sentence perception
[Fig. 7(c)], the novel strategy demonstrated again a higher
correct rate than the CIS. The paired -test results in Table II
confirmed that the difference in the performance between the
two strategies was significant in all tests for tone, phrase, and
sentence perception.

Fig. 8 presents the comparison of the effects of the number
of channels in the two strategies on Chinese speech perception.
With 4 channels, shown Fig. 8(a), the novel strategy demon-
strated a much higher correct rate than the CIS strategy. In par-
ticularly, the 4-channel CIS processor showed a sharply lower
correct rate (less than 20%) for sentence perception compared to
the better-than-80% correct rate by the 4-channel novel strategy.
With 6 and 8 channels, shown in Fig. 8(b) and (c), the suc-
cess rate of the novel strategy for tones, phrases and sentences
all show significant improvement than that of the CIS strategy.
Note that the 8-channel novel processor Fig. 8(c) achieved a near
100% correct rate for both phrase and sentence perceptions.

VI. DISCUSSIONS

The test results in human subjects with normal hearing
demonstrate that the novel strategy is consistantly superior
than the CIS strategy for tone, phrase and sentence perception
in Chinese speech. One reason for this limitation of the CIS
strategy may be that it encodes only the amplitude envelope

Fig. 8. In this figure, test results are re-plotted for comparison of the
performance of the two strategies with 4, 6, and 8 channels, in order to show
more clearly the improvement of the novel strategy. Black bars represent the
test results of the CIS strategy (marked with “CIS”), and gray bars indicate
the test results of the novel strategy (marked with “Novel”). The error bars
symbolize the standard deviations.
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information. The novel speech-processing strategy that we
developed incorporates both envelope and tonal information
by explicitly extracting from speech signals, and uses
the pattern to dynamically modulate the center frequency
of stimulus pulses. Thus, the novel processor transmits a
greater amount of spectral information than the CIS processor,
because the former utilizes an additional channel of frequency
information contained in [see (2)]. This proves to be more
effective in the perception of tones, phrases and sentences in
Chinese speech.

Results of acoustic simulation showed that the CIS processor
with 6 and 8 channels achieved at best a 40% correct rate for tone
perception, and a 60%–70% correct rate for phrase and sentence
perceptions in normal hearing subjects [Fig. 8(b) and (c)]. The
level of performance of the simulated CIS strategy in this study
was lower than those in the other acoustic simulation results
[15], [16], [41]. This discrepancy may be attributed to a number
of differences in the design of the present simulation study with
previous ones. First, we used sinusoidal waves in the simula-
tion, while the previous studies used noise carriers. Second, un-
like the stimuli used in [16], we found no correlation between
tone patterns and vowel duration in our stimuli. Thus, the po-
tentially potent envelope cue in vowel duration could contribute
to the difference in performance between the present and pre-
vious studies. And thirdly, the experimental protocols designed
in this study tended to give subjects a shorter training (about
5 min) than in the previous studies. However, the low level of
performance by the CIS strategy was consistent with the tone
recognition results in cochlear implant users reported in [18],
[33], [34], and [39].

Nevertheless, the present study clearly demonstrated, in the
same subject pool, that the novel processing strategy produced
significantly better speech perception performance than the CIS
strategy. We noted, in particular, that the largest performance
improvement was with the 4-channel novel processor in sen-
tence recognition [Fig. 8(a)]. This result suggests that a device
with fewer channels [38], if incorporated with the novel strategy,
could theoretically perform adequately for tonal language per-
ception. In the design and manufacture of a cochlear implant
device, the number of channels in speech processing is a signifi-
cant technical factor that relates to the cost, power consumption,
the complexity of internal electronics, and the external commu-
nication interface. The present results are encouraging in that it
is feasible to design an inexpensive, yet effective cochlear im-
plant device for deaf patients who speak tonal languages.

The coding of information in the novel processor is in a
way similar to that in the early Nucleus device. However, fre-
quency modulation in the novel processor is limited to a range
defined by and centered at a fixed frequency. In addition,
the novel processor combines the technique of CIS that has
been proven to be effective for English and German languages
by cochlear implant users [29], [35]. This should facilitate the
real-time implementation of the novel processor in currently
available devices, such as the Clarion ®, with some modification
to allow cycle-to-cycle variation of stimulation frequency. Al-
though this and other studies [4], [28], [32] have shown that vari-
able stimulation frequency can convey a certain amount of in-
formation on the fundamental frequency in the speech signal,

it is still different from the way that the auditory nerve system
encodes sound frequency information. In addition, the extent to
which frequency modulation can be implemented is limited be-
cause of the refractoriness of auditory nerve response to repet-
itive stimulation [11]. These issues related to real-time imple-
mentation of the novel processor await future studies.
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