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Abstract—CIS (Continuous Interleaved Sampling) strategy in 

which electrodes stimulus is determined based on extracted 

information from amplitude of different bands of input signal, 

is a basis in processing methods in cochlear implant systems. In 

this paper besides implementing this strategy, methods for 

improving sample reduction and computational efficiency are 

also presented. In this case adaptive method according to 

processing parameters and an input signal has been suggested 

that due to the use of fewer samples to synthesize the signal is 

better than the other methods and is significantly efficient.  

Keywords-cochlear implant; CIS strategy; amplitude 

modulation; signal processing; sample reduction 

I. INTRODUCTION 

Cochlear implant has been accepted as the treatment of 
people with profound deafness [1,2]. Although cochlear 
implant technology has improved, its speech processor is still 
one of the effective parts in system performance because of 
determining electrodes stimulus [3,4]. Speech processing in 
cochlear implant systems often based on amplitude 
information such as CIS (Continuous Interleaved Sampling) 
method [4,5]. Among processing strategies which are based 
on filter bank, CIS is one of the famous and effective 
methods and is used as the default strategy in cochlear 
implant systems [6]. 

 In this method a signal is divided into some frequency 
band with a bank of bandpass filters. Then envelopes of the 
filtered signals are calculated for modulating trains of 
biphasic electrical pulses [4,6]. These pulses are delivered to 
the electrodes in a nonsimultaneous fashion [4]. The 
envelope signals extracted from the bandpass filters are 
compressed with a nonlinear mapping function prior to the 
modulation, in order to map the wide dynamic range of input 
signal (sound) in the environment into the narrow dynamic 
range of electrically evoked hearing [6]. 

The rate at which the pulses are delivered to the 
electrodes has been found to have a major effect on speech 
recognition [4]. Increasing the rate causes an increase in time 
accuracy but on the other hand increasing the rate or 
reducing the time interval between two successive stimuli, 
increase the possibility of applying stimulating pulses in a 
recovery phase; so excitation of neural fibers does not 
happen.  

In CIS strategy if we reduce the number of samples of 
envelope signals which are modulated trains of pulses, the 
amount of information and the number of stimulating pulses 

will decrease. Therefore, employing sample reduction 
techniques for speech signal are profitable. In this paper 
these techniques are designed with the aim of transferring 
sufficient and useful information to patients. Choosing 
techniques is done through questionnaire and by comparing 
the spectrograms of a synthesized signal and an original 
signal. 

II. MODELS & METHODS 

In multi channel cochlear implant systems, main signal 
processing strategy was based on filter bank in which a 
signal was filtered into a number of frequency bands with a 
bank of bandpass filters. In CIS method after passing through 
a bank of filters, envelopes of the signals were extracted by 
full wave rectification and lowpass filtering. Then the 
envelopes were compressed to fit the patient’s dynamic 
range and modulated with biphasic pulses. The compression 
function, maps the input acoustic range to the electrical range 
between threshold (THR) and maximum comfortable level 
(MCL) [4]. MCL was determined by increasing biphasic 
current pulses until the onset of discomfort, then reducing it a 
small amount until the loudness was acceptable [7]. The 
starting level for threshold detection was set to 
approximately a quarter of the patient’s dynamic range [8].  

The standard equation of the mapping function 
implemented for the CIS strategy was [9]: 

,BAXY p +=                                  (1)                      

Where X was the acoustic amplitude (output of envelope 
detector), A and B were constants and Y was the electrical 
amplitude (output of compression function) [4]. The 
parameter p defined the shape of mapping function; 

when 001.0p = , the map function approximated the 

logarithmic function used in many of sound processing 
systems [9]. A and B were computed as follows in which 

[ ]maxmin X,X was the input acoustic range [4]: 
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The values THR and MCL may vary from electrode to 
electrode [4], but in this paper THR and MCL were set to 20 
and 100dB. 
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Number of filters used in the filter bank was eight 
because patients could not functionally use more than eight 
frequency bands [10-12]. These filters were tenth-order 
Butterworth bandpass filters, with frequencies Mel spaced 
[13] between 80 and 8800 Hz [14]. The lowpass filters that 
were used to extract amplitude modulation were fourth-order 
Butterworth filters. For synthesizing, all subband signals 
were summed to form an output signal [3,10,14]. 

Same as many other researches [10,15-18], benchmarks 
which were used in this study were “Choice” and “Hood” 
signals. For evaluating the CIS method, the spectrograms of 
the synthesized signal and the original signal were compared. 
In addition, this was done by comparing a synthesized sound 
and an input sound. In this case twenty individuals, six male 
and fourteen female adults from 25 to 40 years old 
participated in experiment and listened to the sounds. All the 
individuals had normal hearing and speech signal evaluation 
was done through questionnaire. 

CIS method was programmed and run using Dell 
computer with Intel(R) Core(TM) 2 Duo CPU T9300 @ 2.50 
GHz, 3 GB RAM and 320 GB Hard disk. All the procedures 
including filtering, amplitude modulation and signal 
synthesis were implemented in the Matlab (R2008a) 
environment. 

III. DIFFERENT SAMPLE REDUCTION RATES 

As we mentioned before, employing methods to reduce 
the number of samples and computational efficiency seems 
to be useful. For this purpose the amplitude modulation 
signals of different bands downsampled with the desired rate 
and then interpolated to synthesize the signal. In this case 
reducing the sampling rate is done up to the rate in which the 
spectrogram of the synthesized signal is similar to the 
spectrogram of the original signal and the synthesized sound 
is the same as the input sound. Finally the amplitude signals 
of all bands were summed to obtain the final output speech. 
So we have the following relation (N=number of bands):       

( ) ( ) ( ),tf2CostAtZ

N

1k

kckk∑
=

θ+π=                     (4) 

Where ( )tAk  
is the k th band’s amplitude modulation, 

whereas ckf
 
and kθ are the k th band’s center frequency 

and initial phase [14]. ( )tZ  is the synthesized signal based on 

extracted information in CIS method. 

A. Sample reduction with a fixed rate 

In this case, all frequency bands in terms of sample 
reduction rates are treated alike. As in the previous section 
we explained, reducing the sampling rate is done with the 
rate in which the spectrograms of the original signal and the 
synthesized signal are similar visually. Fig. 1 shows block 
diagram of sample reduction with a fixed rate. 

B. Sample reduction rate proportional to the band 

In sample reduction with a fixed rate if the rate is 
appropriate for low frequency bands, causing deterioration 
and loss of information in high frequency bands. If the 

sample reduction rate is suitable for high frequency bands, 
the rate used for low frequency bands is high and leading to 
increase in computational cost. So in these cases variable rate 
is considered and determining the proper value for the rate is 
very important. 

Method which is discussed in this section, reduces the 
sampling rate for each band according to the center 
frequency of that band. So reducing the sampling rate is 
proportional to the frequency information of each band in 

which ckf  is the k th band’s center frequency.  
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=
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It should be noted that η  is an adjustable parameter and 

you can change it until achieving proper rate for sample 
reduction. The advantage of this method than the previous 
method is that the reduction in sampling rate per band is 
proportional to the frequency information of that band, so for 
high frequency bands a smaller rate and thus a greater 
number of samples are used for signal synthesis. 

C. Sample reduction rate proportional to the signal 

In this case to obtain sample reduction rates of different 
bands, in addition to frequency information of each band an 
envelope signal is also considered. Thus the mean value of 
envelopes is used as a criterion for maintaining those 
samples which are used in signal synthesis. In fact, this 
approach does not consider samples for signals which have 
small amplitudes. So we have: 
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Figure 1.  Block diagram of sample reduction with a fixed rate 

τ  is also an adjustable parameter that works like a kind 
of threshold. The idea of this method is the same as “n of m” 
strategy in which the signal is filtered into m frequency 
bands and n bands of envelope signals with greater energy 
are selected. 

It should be noted that the number of samples used in this 
method is far less than previous methods, so the amount of 
information is reduced. 

V2-64

2011 International Conference on Control, Robotics and Cybernetics (ICCRC 2011) 



IV. RESULTS 

As it mentioned before, reducing the sampling rate is 
done up to the rate in which the spectrogram of the 
synthesized signal is similar to the spectrogram of the 
original signal. In this case when you listen to the 
synthesized signal, the sound is the same as the input signal. 
You can see the spectrogram of “Choice” with the sample 
reduction rate of 20 in Fig. 2. As you see in the figure the 
spectrograms are the same up to this rate, so reducing the 
sampling rate for “Choice” is possible with the rate of 20. 

The number of samples used for different bands is listed 
in the Table I. Sample reduction in three methods is done 
until all the individuals who were participated in experiment, 
stated that the synthesized sound is the same as the input 
sound.  

As we expected, the number of samples decreases with 
sample reduction methods and choosing the rate proportional 
to the signal works better than the other methods. It should 
be noted that the total number of samples for “Choice” is 
29084 and for “Hood” is 15203. 
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Figure 2.  Spectrogram of the synthesized signal with sample reduction 
rate of 20 

V. DISCUSSION 

When we use sample reduction techniques, the amount of 
information or the number of samples for synthesizing the 
signal, the number of stimulating pulses and complexity of 
computation will decrease. Among these techniques the 
method which is proportional to the signal is better than the 
other methods. 

Sample reduction techniques were evaluated on words 
such as “Choice” and “Hood” and results showed that the 
number of samples was reduced. 

In sample reduction method with a fixed rate because of 
identical sampling rate for all bands, the loss of information 
in bands with greater frequency content is more. Therefore, if 
the input signal contains less information on these bands, the 
sampling rate can be reduced with greater rate. 

In sample reduction method proportional to the band, the 
sampling rate is reduced according to the center frequency of 
each band. So in this case for high frequency bands with 
greater frequency content, reducing the sampling rate is done 
with a smaller rate and thus a greater number of samples are 
used for signal synthesis. 

In sample reduction method proportional to the signal 
because envelope signal is considered in addition to 
frequency information, number of samples is not always 
ascendant. It means that, this method does not use more 
samples for high frequency bands necessarily and in this case 
the selection criterion is the envelope signal. 

VI. CONCLUSION 

In this paper adaptive method proportional to processing 
parameters and the input signal was presented which can 
synthesize speech signal with fewer samples, whereas 
transferring useful information to the patients.  

Employing this method can lead to reduce the 
computational cost and if use to determine the appropriate 
rate of stimulation, the fewer number of stimulating pulses 
are used. It should be noted that the use of variable pulse rate 
requires further investigation, because the audition pattern 
varies according to individuals and the variable rate may 
sometimes leads to hearing impairment for patients. 

TABLE I.  THE NUMBER OF SAMPLES WHICH IS USED FOR SIGNAL SYNTHESIS

Number of 

samples 

Sample reduction with a fixed 

rate 

Sample reduction rate 

proportional to the band 

Sample reduction rate 

proportional to the signal 

Choice Hood Choice Hood Choice Hood 

Samples for 
band 1 

1455 507 74 23 58 28 

Samples for 
band 2 

1455 507 186 58 140 58 

Samples for 
band 3 

1455 507 339 105 265 98 

Samples for 
band 4 

1455 507 549 169 437 108 

Samples for 
band 5 

1455 507 831 258 665 149 
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Samples for 
band 6 

1455 507 1212 381 1088 294 

Samples for 
band 7 

1455 507 1711 543 1178 411 

Samples for 
band 8 

1455 507 2424 761 1523 357 

Total samples 11640 4056 7326 2298 5354 1503 
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