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The first stage of all cochlear implant speech processing strategies is a filterbank which decomposes the speech 
signal into several frequency bands. Two types of filterbanks can be used to achieve this goal and mimic the 
spectral analysis performed within the cochlea. The first is based on the Fast Fourier Transform (FFT). The 
second type of filterbank is composed of Infinite Impulse Response (IIR) filters. This study aims to compare the 
performances of the two filterbanks by evaluating the outputs of acoustic models. Therefore, a standard 
strategy was implemented and tested with four different filterbanks. Butterworth IIR filters were used in the 
first and the FFT with 128, 256 and 512 points were used in the three other filterbanks. The evaluation of the 
performances was obtained by considering the word recognition obtained by an Automatic Speech Recognition 
(ASR) system developed within this work and the accuracy of the pitch coding. The results showed that the 
word recognition was higher when using the IIR filterbank or the 256-point FFT. Besides, increasing the 
number of FFT points gave more accurate pitch contours. However, the pitch coding performance was better 
with the IIR and the 512-FFT filterbanks.  
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1. Introduction 
 

Persons with profound to severe hearing loss could benefit from cochlear implants to 
hear again. This device is different from classic hearing aids which only amplify sounds. 
Actually, a cochlear implant bypasses the natural hearing process in the peripheral auditory 
system and stimulates directly the nerve fibres with electrical pulses which are transmitted 
to the brain where they are interpreted as sounds. Different speech processing strategies are 
used to derive electrical pulses containing both temporal and spectral information from the 
speech signal. The first stage of all the strategies is a filterbank which models the spectral 
analysis performed in the human cochlea [1]. In fact, the model used for the cochlea is a set 
of non linear overlapping band-pass filters called auditory filters [2]. The center frequency 
and the bandwidth of each filter are determined according to the characteristics of the 
auditory filters between the apex (low frequencies) and the base of the cochlea (high 
frequencies). There are different implementations of such a filterbank in cochlear 
prostheses. One possibility is to implement it as a set of IIR filters which approximate 
auditory filters in terms of bandwidths and center frequencies. Another possibility is to use 
FFT [3]. In this case, the FFT of the input signal is calculated and the FFT bins are 
combined to form N bands with bandwidths corresponding to an equal number of 
equivalent rectangular bandwidths (ERB) [2].  

Cochlear implant acoustic models have been used to evaluate the effectiveness of 
different strategies for transmitting the necessary information. This can be done by using 
listening experiments on normal hearing persons. Another method of evaluating the 
effectiveness of new speech processing strategies is the automated evaluation of acoustic 
models without the use of human subjects which reduces experimentation times. In [4], it is 
shown that results from automated evaluation may predict trends in performance of 
cochlear implant speech processing strategies especially in quiet. 

The goal of this paper is to compare the performances of the two types of filterbanks 
(FFT and IIR) when used in cochlear implant speech processing strategies. This comparison 
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is performed through automated evaluation of acoustic models. The Continuous Interleaved 
Sampling (CIS) strategy is one of the simpler approaches and many of the newer strategies 
are variants of it. Therefore, in this paper, the CIS strategy was implemented with different 
types of filterbanks in order to evaluate the performance obtained with each one of them. 
The four filterbanks implemented in this study are: IIR filterbank, 128-FFT filterbank, 256-
FFT filterbank and 512-FFT filterbank. 

This paper is structured as follows. In the first part, the signal processing algorithms are 
presented. The second part is dedicated to the comparison of the implemented strategies in 
terms of word recognition obtained with an ASR system built for this purpose. Finally, the 
accuracy of pitch coding is discussed by comparing qualitatively the pitch contours 
obtained with these different strategies. 
 
1. Signal processing algorithms 
 
1.1. CIS strategy with IIR filterbank 
 

The CIS strategy is distinguished from other strategies by two major differences. First, it 
stimulates all the electrodes in contrast to the NofM strategy which selects only a subset of 
electrodes for stimulation. The number of the electrodes is between 12 and 22 in 
contemporary cochlear implants. Secondly, it does not encode spectral fine structure, like 
FAME strategy [5] for example, and so the variations around the band center frequency are 
discarded. Consequently, an acoustic model for the CIS strategy could be the one 
represented in figure 1 [6]. The Matlab software was used to implement this acoustic 
model. The first step is band-passing the input speech signal into N frequency bands using 
4th IIR Butterworth filters. The center frequencies of the N bands were determined using the 
Greenwood map [7] are given in Tables 1, 2, 3, 4 and 5 for N=10, 12, 14, 16 and 22 
respectively . Then, the envelopes of the filtered waveforms were extracted by full wave 
rectification and low-pass filtering (2nd order Butterworth) with a 200 Hz cut-off frequency. 
The envelopes were then used to amplitude modulate sinusoids at the center frequencies of 
the bands. The obtained waveforms were then summed to generate the acoustic simulation. 
 
1.2. CIS strategy with FFT filterbank 
 

Figure 2 shows the implementation of the CIS strategy using a FFT filterbank.  In this 
approach, the input signal is analysed with an L-point FFT. Due to the FFT symmetry 
property for real input, the second half of the spectrum is discarded without loss of 
information. The implementation in this study was as follows. The first L/2 bins were used 
by the envelope detector which maps them into N bands in a non uniform way closer to the 
critical band partition in the human cochlea. The envelopes were calculated according to 
the following equation where S(k) denotes the kth band envelope, X(l) is the amplitude of 
the lth bin, li is the index of the first bin in the kth band and Nb is the number of bins in that 
band. 
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The outputs of the envelope detector were then used to amplitude modulate sinusoids at 
the center frequencies. 

In the following, we investigate the effect of two parameters on this filterbank. The first 
one, as for the IIR filterbank, is the number of channels N. Five values were tested for N: 
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10, 12, 14, 16 and 22. The second parameter is the number of points of the FFT. Therefore, 
in this study, three FFT filterbanks were implemented using 128-point FFT, 256-point FFT 
and 512-point FFT. Tables 2, 3 and 4 contain details on the assignment of the bins to form 
the frequency bands for the 128-point FFT, the 256-point FFT and the 512-point FFT 
respectively. It should be mentioned that the 128-point FFT filterbank used in this study is 
the same as the one used in the commercialised Nucleus device [8]. 
 

 
Figure 1: Acoustic model of the N channels CIS strategy implemented with an IIR pass-
band filters (adapted from [6]) 
 
 

 
Figure 2:  Acoustic model for the N channels CIS strategy implemented with an L-point 

FFT filterbank (adapted from [8]) 
 
2. Evaluation of the implemented speech processing strategies in terms of word 
recognition 
 
2.1. Experience1: word recognition by an ASR system 
 

HTK is a toolkit for building HTK-based speech processing tools, in particular 
recognisers. Such recognisers involve two major stages i.e. training and recognition. The 
details of building the ASR system are beyond the scope of this paper and can be found in 
the HTK book [9]. In this study, the data used in the training process were taken from the 
phonetically balanced US English CMU ARCTIC database (www.festvox.org/cmu_arctic/). 
The database contains 1132 sentences pronounced by two males and two females US 
English speakers as well as three other accented male speakers (Scottish, Canadian and 
Indian). Actually, we have built seven ASR systems. Each system was trained by the data 
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from one speaker database and then tested to recognise 50 sentences from the data base by 
the same speaker. The mean word recognition among the seven ASR systems was 90% 
correct. 

Finally, to evaluate the four speech processing strategies i.e. CIS with an IIR filterbank 
and CIS with the FFT filterbanks (128-point FFT, 256-point FFT and 512-point FFT), the 
same 50 sentences of the database were used. The sentences pronounced by each speaker 
were processed through the different strategies and presented at the input of the 
corresponding ASR system. The word recognition scores from the different ASR systems 
were used to calculate the mean performances. 
 
2.2. Results and discussion 
 

The mean word recognition scores calculated from the seven ASR systems are given 
figure 3. A two-way Analysis of Variance (ANOVA) performed on these results showed a 
significant effect of the number of channels (F(4,120) = 73.63 ; p<0.0000000001). This fact 
has been proved for the CIS strategy in many researches. Further, the performance 
increased rapidly and almost linearly for a number of channels between 10 and 16 but this 
increase became less important for higher number of channels. This observation suggests 
that augmenting the number of channels up to 22 is likely to be beneficial for cochlear 
implant users. However, it is important to mention that the current techniques of electrical 
stimulation may limit the number of independent stimulation sites. Therefore, combining 
the new techniques of current focusing and current steering which limit the spread of the 
current while creating virtual channels are likely to increase the number of independent 
stimulation sites leading to a better coding of the spectral fine structure [10].  

Besides, the results showed that the choice of the filterbank had a significant effect 
(F(3,120) = 10.04 ; p<0.00001) on the word recognition scores. Post hoc analysis with 
Tuckey’s HSD (“honestly significant difference”) statistic showed that the IIR filterbank 
yielded to a performance significantly higher than the performances obtained with the 128-
FFT filterbank (p<0.000005) and the 512-FFT filterbank (p<0.02). However, the difference 
between the IIR filterbank and the 256-FFT filterbank was not found to be significant 
(p>0.23). The score obtained with this latter filterbank was significantly higher than that 
obtained with the 128-FFT filterbank (p<0.005). Finally, the use 512-FFT filterbank 
yielded to a performance which was not found to be significantly different from what was 
obtained with the 128-FFT filterbank (p>0.13) or the 256-FFT filterbank (p>0.59).  

These findings showed that coding speech with higher spectral resolution may lead to 
obtain higher performance with cochlear implants. Therefore, the 128-FFT filterbank used 
in some actual speech processors like the Nucleus device is not adequate for coding spectral 
fine structure. In fact, the spectral resolution of this filterbank is limited to Fs/128=125Hz. It 
is a well known fact that augmenting the number of the FFT points (i.e. augmenting the 
analysis window width) improves spectral resolution while limiting the temporal resolution. 
Consequently, using a 256-points-FFT instead is likely to be more suitable when coding 
speech with higher spectral resolution is considered. However, augmenting the number of 
FFT points up to 512 may not be beneficial due to the compromise between the spectral and 
the temporal resolutions. Therefore, in [11], in the implementation of the SpecRes and 
SineEx strategies which create virtual channels using the current steering technique, a 256-
FFT filterbank is used in order to obtain the most appropriate compromise between 
temporal and spectral resolutions. The use of an IIR filterbank which better approximate the 
auditory filters can also be used to perform higher word recognition scores. The main 
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advantage of this type of filterbank when compared to the FFT filterbank is the explicit 
coding of the temporal envelope independently from the length of the analysis window. 
Actually, in this filterbank, the temporal resolution can be fixed by the envelope detector by 
adjusting the low-pass filter cut-off frequency and the spectral resolution can be increased 
by increasing the number of frequency bands. 
 

 
 

Figure 3: Recognition of words in sentences by an ASR system as a function of the number 
of channels. Four CIS type strategies were used with different filterbanks: IIR filterbank 
(full circles and solid line), 128-point FFT filterbank (full squares and dashed line), 256-
point FFT filterbank (full upward-pointing triangle and dash-dot line) and 512-point FFT 
filterbank (full downward-pointing triangles and dotted line). 
 
3. Evaluation of the implemented speech processing strategies in terms of pitch coding 
 

Pitch is an important feature of the speech signal as it gives information about sentence 
prosody. Besides, in tonal languages, it is used to express semantic or grammatical cues. 
Pitch may also be used in separating multiple concurrent sources [3]. In cochlear implants, 
pitch cues can be conveyed through two different mechanisms corresponding to the locus of 
excitation along the cochlea (referred to as “place pitch”) and to the stimulation rate 
(“temporal pitch) [12]. The goal of this analysis is to examine qualitatively the accuracy in 
coding the pitch by the different speech processing strategies described in the first part of 
this paper. For this purpose, the four acoustic outputs were considered when N=22 and the 
Praat software was used to obtain the pitch contour of each signal. The speech signal used 
was a sentence taken from the CMU ARCTIC database: “We will ever forget it” 
pronounced by a male speaker. The waveforms and the pitch contours of the acoustic 
simulations and those of the original signal are given in figure 4.  

As shown in this figure, when the 128-point FFT filterbank was used, the pitch contour 
of the resultant speech signal was almost a straight line around 125 Hz. This is explained by 
the fact that the spectral resolution in this case is limited to 125 Hz as mentioned in the 
section 2.2. Besides, augmenting the spectral resolution (which is inevitably accompanied 
by a reduction of the temporal resolution) by using a 256-point FFT filterbank did not 
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improve the accuracy of the pitch contour which was also around the 125 Hz line. In fact, 
the spectral resolution, which is 62.5 Hz in this case, was found to be sufficient for coding 
the changes in pitch especially for this speech signal which mean pitch is close to 125 Hz. 
When the 512-point FFT filterbank was used, the obtained pitch contour contained the 
coding of some pitch changes. This pitch contour was found to be similar to that obtained 
when the IIR filterbank was used. This means that the coding of pitch can be achieved by 
coding spectral or temporal cues. Actually, it is clear that the pitch coding in the strategies 
using an FFT filterbank is performed in the frequency domain and cannot be represented by 
the time domain waveform because of the “too large” analysis window which discards the 
temporal cues. The advantage of the IIR filterbank is that the size of the analysis window 
does not affect the coding of temporal cues. 

Another remark concerning the pitch contours obtained is that the changes of the pitch 
(“rising” or “falling”) are not smooth. So, the speech processing strategies used in this 
study have to be improved to include spectral and/or temporal fine structures.  
 
Conclusion 

This study has shown that the cochlear implant speech processing strategies using a 128-
point FFT filterbank did not achieve a good performance in terms of pitch coding and word 
recognition by an ASR system when compared to strategies using an IIR filterbank. 
Augmenting the number of FFT points up to 256 could lead to better word recognition 
scores. Further augmenting of the number of FFT points up to 512 leads to more accurate 
pitch contours but not higher word recognition scores. Therefore, the 256-point FFT 
filterbank which has a good compromise between temporal and spectral resolutions could 
be used in the new strategies to perform higher performances. When the IIR filterbank is 
used, temporal and spectral resolutions are fixed by two different processes. The former is 
fixed by the envelope detector which acts in the temporal domain and the latter is fixed by 
the number of frequency bands. Therefore, this type of filterbank is most likely to be used 
in the new strategies which aim to use both temporal and spectral fine structures of the 
speech signal.  
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Figure 4: Pitch contours 1, 2, 3 and 4 of the reconstructed speech when the filterbanks used 
are respectively 128-point FFT, 256-point FFT, 512-point FFT and IIR filterbanks. The two 
upper panels show the original speech waveform (the sentence: “We will ever forget it” 
pronounced by an American English male speaker) and the original pitch contour. 
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Table 1: Bands center frequencies and FFT bins assignment for a 10 channels CIS strategy 
using an L-point FFT (L=128, 256 or 512); for the IIR filterbank, the center frequencies 
determined with the Greenwood map are given in the last row.  

 
 Band number 1 2 3 4 5 6 7 8 9 10 

Number of bins 1 1 1 3 3 5 6 10 11 20 
128-points FFT Center frequency 

(Hz) 250 375 500 750 1125 1625 2313 3313 4625 6563 

Number of bins 1 3 3 5 7 9 13 18 26 34 
256-points FFT Center frequency 

(Hz) 188 313 500 750 1125 1625 2313 3281 4656 6531 

Number of bins 3 5 7 9 14 18 27 35 53 68 
512-points FFT Center frequency 

(Hz) 188 313 500 750 1109 1609 2313 3281 4656 6547 

IIR 
filterbank 

Center frequency 
(Hz) 174 307 493 752 1113 1615 2315 3290 4649 6542 

 
 

Table 2: Bands center frequencies and FFT bins assignment for a 12 channels CIS strategy 
using an L-point FFT (L=128, 256 or 512); for the IIR filterbank, the center frequencies 
determined with the Greenwood map are given in the last row.  

 
 Band number 1 2 3 4 5 6 7 8 9 10 11 12 

Number of bins 1 1 2 2 2 3 4 6 6 9 11 15 
128-points FFT Center 

frequency (Hz) 250 375 563 813 1063 1375 1812 2438 3188 4125 5375 7000 

Number of bins 2 2 2 4 4 6 8 10 13 18 23 31 
256-points FFT Center 

frequency (Hz) 156 281 406 594 844 1156 1594 2156 2875 3844 5125 6813 

Number of bins 3 4 5 7 9 11 16 19 28 35 46 62 
512-points FFT Center 

frequency (Hz) 156 266 406 594 844 1156 1578 2125 2859 3844 5109 6797 

IIR 
filterbank 

Center 
frequency (Hz) 165    270    408    591    831    1148    1567    2118    2844    3802     5065     6730 

 
 

Table 3: Bands center frequencies and FFT bins assignment for a 14 channels CIS strategy 
using an L-point FFT (L=128, 256 or 512); for the IIR filterbank, the center frequencies 
determined with the Greenwood map are given in the last row.  

 
 Band number 1 2 3 4 5 6 7 8 9 10 11 12 13 14 

Number of bins 1 1 1 1 1 1 3 3 4 6 6 9 9 15 128-points 
FFT Center frequency 

(Hz) 250 375 500 625 750 875 1125 1500 1938 2563 3313 4250 5375 6875 

Number of bins 1 1 2 2 4 4 5 6 8 11 12 18 19 29 256-points 
FFT Center frequency 

(Hz) 188 250 344 469 656 906 1188 1531 1969 2563 3281 4219 5375 6875 

Number of bins 3 3 4 5 6 8 10 13 16 21 26 33 42 52 512-points 
FFT Center frequency 

(Hz) 156 250 359 500 672 891 1172 1531 1984 2563 3297 4219 5391 6859 

IIR 
filterbank 

Center frequency 
(Hz) 158 245 354 493 669 892 1175 1533 1987 2562 3290 4214 5384 6867 

 
 
Table 4: Bands center frequencies and FFT bins assignment for a 16 channels CIS strategy 
using an L-point FFT (L=128, 256 or 512); for the IIR filterbank, the center frequencies 
determined with the Greenwood map are given in the last row.  
 

 Band number 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 
Number of bins 1 1 1 1 1 2 2 2 3 4 4 5 7 7 10 11 

128-points FFT Center frequency 
(Hz) 

25
0 375 500 625 750 938 1188 1438 1750 2188 2688 3250 4000 4875 5938 7250 

Number of bins 1 1 1 2 3 3 3 5 6 7 8 10 13 16 19 20 
256-points FFT Center frequency 

(Hz) 
18
8 250 313 406 563 750 938 1188 1531 1938 2406 2969 3688 4594 5688 7031 

Number of bins 2 3 3 4 5 6 7 9 12 13 17 21 25 32 38 48 
512-points FFT Center frequency 

(Hz) 
14
1 219 313 422 563 734 938 1188 1516 1906 2375 2969 3688 4578 5672 7016 

IIR filterbank Center frequency 
(Hz) 

15
3 227 317 428 565 733 940 1195 1508 1893 2367 2950 3668 4550 5636 6972 
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Table 5: bands center frequencies and FFT bins assignment for a 22 channels CIS strategy 
using an L-point FFT (L=128, 256 or 512); for the IIR filterbank, the center frequencies 
determined with the Greenwood map are given in the last row.  

 
 

 Band 
number 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 21 22 

Number 
of bins 1 1 1 1 1 1 1 1 1 2 2 2 2 3 3 4 4 5 5 6 7 8 

128-points FFT Center 
frequency 

(Hz) 
250 375 500 625 750 875 1000 1125 1250 1438 1688 1937 2188 2500 2875 3312 3812 4375 5000 5688 6500 7438 

Number 
of bins 1 1 1 1 1 2 2 2 3 3 3 4 4 6 6 7 8 10 11 14 15 18 

256-points FFT Center 
frequency 

(Hz) 
125 188 250 313 375 469 594 719 875 1063 1250 1469 1719 2031 2406 2813 3281 3844 4500 5281 6188 7219 

Number 
of bins 2 2 2 2 3 3 4 4 5 6 6 8 9 11 12 15 16 20 22 27 30 36 

512-points FFT Center 
frequency 

(Hz) 
141 208 266 328 406 500 609 734 875 1047 1234 1453 1719 2031 2391 2813 3297 3859 4516 5281 6172 7203 

IIR filterbank 
Center 

frequency 
(Hz) 

145 195 254 322 401 493 600 725 870 1038 1234 1461 1726 2033 2391 2807 3290 3852  4506  5266  6149  7177 
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