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Abstract–The narrow dynamic range for speech perception 

partially accounts for the poor speech understanding abilities of 

hearing-impaired patients fitted with cochlear implants, partic-

ularly in challenging listening conditions, e.g., in reverberation. 

Wide dynamic range compression is designed to compress 

speech signal into the usable hearing dynamic range of im-

planted patients; however, it normally uses a static compression 

based strategy. An adaptive envelope compression (AEC) strat-

egy was recently proposed for speech processing in cochlear 

implants. It implemented the envelope compression as close to 

linear as possible, while confined the compressed amplitude 

envelope within the pre-set dynamic range. This study further 

assessed its effect to improve speech perception in reverberation. 

Vocoder simulation experiment showed that, when narrowed 

down to a small dynamic range, the AEC-processed sentences 

could yield a higher intelligibility score in reverberation than 

the static compression processed sentences. 

Index Terms–cochlear implants, dynamic range, adaptive 

envelope compression, vocoder simulation 

 

1. INTRODUCTION 

 

Cochlear implant (CI) is presently the only electronic 

device that could provide a sense of sound to a person with 

profound-to-severe hearing loss [1-2]. In a CI device, the in-

put speech signal is received by an external microphone and 

fed into a speech processor. The speech processor normally 

captures the multi-channel temporal envelopes from the input 

speech signal, and then generates electric stimulations to di-

rectly excite the residual auditory nerves [1-2]. Due to bio-

logical constraints, the dynamic range (DR) of stimulation 

generated by a speech processor in CI is much smaller than 

that of the real speech signal (e.g., 5 dB vs. 50 dB). Hence, a 

compression scheme is required to compress the DR of the 

input signal to a desirable level. Previous studies indicated 

that the dynamic range of temporal envelope was an important 

factor predicting the speech intelligibility for CI users [3-5]. 

Most of the present CI devices use fixed compression 

function in converting acoustic amplitude envelope to electric 

current signal. While this fixed mapping function confines the 

overall electric current within a small dynamic range, this 

strategy is not optimized in terms of making best use of the 

small hearing dynamic range for speech perception. Hence, 

several adaptive dynamic range control strategies have been 

developed [e.g., 6-9]. Lai et al. recently proposed an adaptive 

envelope compression (AEC) strategy to confine the ampli-

tude envelope of speech signal within a fixed dynamic range, 

but continuously adjust compression ratio for short-term am-

plitude [7]. Through this processing, the local dynamic range 

approached to that of the uncompressed amplitude envelope, 

and the amplitude envelope processed by the AEC strategy 

led to a higher intelligibility for noise-corrupted sentences 

than that processed by the static envelope compression (SEC) 

strategy [7]. 

In addition to noise interference, reverberation is well 

known to change speech quality and can also impact the 

speech intelligibility of implanted patients, as it blurs tem-

poral and spectral cues and flattens formant transitions [e.g., 

10]. Following the previous study on AEC processing for 

speech perception in noise [7], the purpose of this study is to 

assess the effect of AEC processing to improve speech under-

standing in reverberation for cochlear implants. More specifi-

cally, this study will compare the recognition of speech syn-

thesized by the AEC and SEC strategies. To assess the effect 

of dynamic range compression to speech perception in rever-

beration, vocoder simulation involving normal-hearing (NH) 

subjects will be used in this study. Vocoder simulation has 

been extensively used to study the effects of various factors 

on speech perception by CIs, because of its advantages of 

avoiding the impact of patient-specific confounding factors 

(e.g., neural surviving pattern) existing in clinical populations 

[e.g., 1, 2, 11]. 

 

2. METHODS 

 

2.1. Subjects and materials 

Nine (19-27 yrs., 4 female) NH native-Mandarin speak-

ers participated in the listening experiment. Sentence lists 

from the Mandarin version of Hearing in Noise Test (MHINT) 

were used as the testing materials in this study [12]. All sen-

tences were pronounced by a male native-Mandarin speaker 

with fundamental frequency ranging from 75 to 180 Hz, and 

recorded with a 16 kHz sampling rate. Head related transfer 



 

Fig. 1. Block diagrams to implement the (a) SEC- and (b) 

AEC-based speech processor in one channel [7]. 

functions recorded in a 5.5 m × 4.5 m × 3.1 m (length × width 

× height) room with a total volume of 76.8 m
3
 [13] were used 

to simulate the reverberant conditions. The initial average 

reverberation time of the experimental room (T60 = 1.0 s) was 

reduced to T60 = 0.6, 0.4 and 0.2 s by adding floor carpeting 

and absorptive panels on the walls and ceiling. More details 

on simulating reverberant conditions can be found in [10, 13]. 

 

2.2. Signal processing 

2.2.1. Vocoder processing 

This study implemented an eight-channel sinewave 

vocoder to simulate CI speech processing [11]. Briefly, 

MHINT sentences were processed through a pre-emphasis 

filter (with a 3 dB/octave roll-off and 2000 Hz cut off fre-

quency), and then band-passed filtered into 8 bands between 

80 and 6000 Hz using sixth-order Butterworth filters. The 

cutoff frequencies were [80, 221, 426, 724, 1158, 1790, 2710, 

4050, and 6000 Hz] for the 8 band-pass filters. The temporal 

envelope of each spectral channel was extracted by full-wave 

rectification, followed by a low-pass 2-order Butterworth fil-

ter with a 400 Hz cutoff frequency. The envelope of each 

band was then compressed by the static or adaptive compres-

sion strategies in this study (see Fig. 1). The SEC used a fixed 

compression ratio for the whole amplitude envelope to con-

fine its dynamic range to a pre-set value (e.g., 5 dB); while the 

AEC continuously varied its compression ratio frame by 

frame, but limiting the maximum and minimum values (or 

dynamic range) of the compressed amplitude within the 

pre-set range. The compressed envelopes then modulated a set 

of sinewaves with frequencies equal to the center frequencies 

of the band-pass filters. Finally, the envelope-modulated 

sinewaves of the 8 bands were summed up, and the level of 

the summed signal was adjusted to yield the same 

root-mean-square value of the original input signal. 

 

2.2.2. Static envelope compression (SEC) 

This study adopted a simple method to adjust the dy-

namic range of amplitude envelope, as proposed in [5]. Let   

and   denote the input and output amplitude envelopes, re-

spectively. The output compressed amplitude envelope   is 

computed, as: 

( ) ,y x x x        (1) 

where x  is the mean of the input amplitude envelope x , 

and α is a constant for compression factor, which is chosen in 

order for the output amplitude envelope to fall into a certain 

dynamic range DR, as: 

2010 ,
DR

UB LB       (2) 

where UB and LB stand for the upper bound and lower bound 

of output amplitude values, respectively. It is clear that the 

mean value of the output amplitude envelope equals the mean 

value of the input amplitude envelope (i.e., xy  ), regardless 

the value of DR selected. It was found that by empirically 

setting compression factor   to 1/13, the dynamic range of 

multi-channel amplitude envelopes of MHINT sentences was 

adjusted to 5 dB [5]. 

Note that a small compression factor α denotes a large 

compression ratio, and vice verse. When   equals 0 in Eq. (1), 

the compressed amplitude envelope is a DC signal with a 

constant value of x  (i.e., xy  ), and the dynamic range is 0 

dB; on the other hand, when   equals 1 in Eq. (1), the output 

amplitude envelope keep the original dynamic range of the 

input amplitude envelope. Figure 1 (a) shows the block dia-

gram of the SEC-based speech processor. Note that a fixed 

compression factor a is applied here to the whole amplitude 

envelope to confine its dynamic range to a pre-set value. 

 

2.2.3. Adaptive envelope compression (AEC) 

Figure 1 (b) shows the implementation of the 

AEC-based speech processing. The AEC strategy includes 

two more units, i.e., boundary calculation and AEC rules. The 

compression factor α is initialized by a pre-defined value α0 

(the same as that used in SEC) to define a target dynamic 

range. The two boundaries (i.e., UB and LB) are first deter-

mined with the amplitude envelope and initial compression 

factor α0, as: 

0

0

(max( ) )
,

(min( ) )

UB x x x

LB x x x





   


   

   (3) 

where max (x) and min (x) denote the maximal and minimal 

values of input amplitude envelope x. Note that the UB and 

LB calculated in Eq. (3) are also present in the SEC-processed 

amplitude envelope. Nevertheless, instead of using the fixed 

compression factor   for all frames of the amplitude envelope, 

the AEC strategy here uses these two bounds to adjust the 

compression ratio for each frame (i.e., 2.5 ms in this study), as 

controlled by the AEC rules in Fig. 1 (b). Then the com-

pressed amplitude envelope is computed as: 

( ) ,t t ty x x x       (4) 

where αt is the adaptive compression factor that may increase 

or decrease the next one, as: 

1 ,t t         (5) 

where Δα is determined by two AEC rules, as follows. 
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Fig. 2. Example of amplitude envelope processed by (a) AEC and 

(b) SEC strategies. The envelope is extracted from one channel of a 

testing sentence in reverberant condition T60=200 ms, and com-

pressed to 5 dB dynamic range within [LB, UB]. 
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Fig. 3. The compression ratio αt used in the AEC strategy for the 

compressed amplitude envelope in Fig. 2 (a). The dashed line de-

notes the level of fixed compression ratio α=1/13 used in SEC. 
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Fig. 4. Mean recognition scores of all conditions. The dynamic 

range of envelope amplitude is confined to 5 dB. The error bars 

denote the standard errors of mean values. Asterisk indicates a sta-

tistically significant (p<.05) difference between SEC and AEC 

scores. 

The first rule, i.e., the increasing envelope rule is de-

signed to keep the compression processing as close to linear 

(i.e., α=1) as possible. By doing so, more signal can be per-

tained with less compression to produce the output signal. 

When yt lies between UB and LB, AEC will increase αt once 

by using a positive Δα (i.e., 0.1 in this study) in Eq. (5), and 

thus the compression ratio becomes larger. This increasing 

envelope rule stops if αt+1 reaches 1, whereas the original sig-

nal is used as the output signal without any compression. The 

second rule, i.e., the decreasing envelope rule is designed to 

ensure that the output envelope amplitude will not be out of 

the pre-set dynamic range [LB, UB]. When yt is higher than 

UB or lower than LB, AEC will decrease αt once by using a 

negative Δα (–0.1 in this study) in Eq. (5). This decreasing 

envelope rule stops if αt+1 reaches the initial value, i.e., α0. 

More details on implementing the AEC strategy can be found 

in [7]. 

Figure 2 (a) shows an example for adaptive envelope 

compression in one channel of vocoder processing. The initial 

compression factor α0 is set to 1/13 to compress the envelope 

dynamic range to 5 dB (bounded by LB=118.7 and UB=193.5 

in this example). SEC applies a fixed compression factor α 

=1/13 and AEC instead continuously adjusts its compression 

factor αt, as shown in Fig. 3. Although different compression 

factors are applied to frames, the dynamic range is still con-

fined to 5 dB in Fig. 2 (a), because the amplified amplitude 

envelope is still within the range limited by [LB, UB]. 

 

2.3. Procedure 

All experiments in this study were conducted in a 

soundproof booth at the University of Hong Kong. The stimu-

li were played to listeners through a set of Sennheiser HD 

headphone at a comfortable listening level. The present work 

compressed the envelope dynamic range to 5 dB in vocoder 

simulation. This was done by using the compression factor 

α=1/13 and α0=1/13 in Eqs. (1) and (4), respectively. Each 

subject participated in a total of 8 [= 4 reverberant conditions 

(i.e., T60=0, 200, 400, and 600 ms) × 2 envelope compression 

strategies (i.e., SEC and AEC)] testing conditions. Each con-

dition contained 10 sentences. The order of the 8 conditions 

was randomized across subjects, and none of the 10 sentences 

were repeated across testing conditions. Subjects repeated 

what they heard during the experiment, and were allowed to 

repeat the stimuli twice. Sentence recognition score was cal-

culated by dividing the number of words correctly identified 

by the total number of words (i.e., 100) in each testing condi-

tion. 

 

3. RESULTS 

 

Mean sentence recognition scores for all conditions are 

shown in Fig. 4. Statistical significance was determined by 

using the percent recognition score as the dependent variable, 



and reverberant condition (i.e., T60 value) and compression 

strategy as the two within-subject factors. Two-way analysis 

of variance with repeated measures indicated a significant 

effect (F[3, 24]=208.62, p<.005) of reverberant condition, 

compression strategy (F[1, 8]=35.01, p<.005), and a signifi-

cant interaction (F[3, 24]=8.05, p=.001) between reverberant 

condition and compression strategy. Post hoc analysis showed 

that for paired score comparison (i.e., SEC-processed vs. 

AEC-processed), the score differences between 

SEC-processed sentences and AEC-processed sentences were 

significantly (p<.05) at reverberant conditions of T60=0 and 

200 ms in Fig. 4. 

 

4. DISCUSSION AND CONCLUSIONS 

 

Following the previous study assessing the contribution 

of adaptive envelope compression for speech understanding in 

noise, the present work further examined its effect for rever-

berated speech. The AEC strategy adaptively modified com-

pression ratio based on the characteristic of the input speech 

signal, and optimally utilized the usable dynamic range. Using 

a small compression ratio could provide larger dynamic range 

of amplitude envelope, thus yielding a large modulation depth 

of amplitude envelope. Consistently with the intelligibility 

advantage observed from the previous study [7], the present 

work showed that the amplitude envelope processed by the 

AEC strategy led to a higher intelligibility for vocoded sen-

tences in reverberation than that processed by the SEC strate-

gy. This makes the AEC strategy a highly promising way to 

enhance speech understandings in reverberation for implanted 

listeners in the future. 

 It is also noted that the above intelligibility advantage 

was not observed at all reverberant conditions in the present 

work. That is, no significant intelligibility improvement was 

found at reverberant conditions of T60=400 and 600 ms in Fig. 

4. This may be partially attributed to the usage of initial com-

pression parameters (e.g., α0 and Δα) in this study. Further 

study is warranted to study the effect of optimal compression 

parameters to the performance of the AEC-based speech pro-

cessing in reverberation. 
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