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ABSTRACT 
Speech in rooms is subject to degradation caused by acoustic 
reverberation. Signal processing techniques to remove rever- 
beration have required multiple microphones or knowledge of 
the room impulse response. In this paper, complex cepstral 
deconvolution is applied to acoustic dereverberation. A new a p  
proach to the segmentation and windowing procedure for speech 
improves the complex cepstral identification of the reverberant 
impulse response, and least squares inverse filters are used to 
remove the estimated impulse response from the reverberant 
speech. Although complete removal of the impulse response is 
not possible, reduction of reverberation with this technique is 
demonstrated. 

1. INTRODUCTION 
Speech in rooms is subject to reverberation. Researchers 

have classified reverberations according to their perceptual ef- 
fects: short delay time echoes modify the short time spectrum 
of speech and the resulting effect is called coloration; echoes 
with delays greater than perhaps 50 m s  are perceived as audi- 
ble copies of the speech. The durations and patterns of impulse 
responses in rooms vary with the geometry and reflective char- 
acteristics of the w d s  and other surfaces. Also, the amount of 
reverberant speech compared with direct speech increases with 
separation between talker and listener. 

Speech dereverberation techniques have focused on pro- 
cessing the signals received at  two or more microphones. Single 
microphone reverberant speech enhancement, applicable for ex- 
ample to hands-free telephony, typically requires knowledge of 
the room impulse response characteristics. Techniques for esti- 
mation of such characteristics from the reverberant speech alone 
have not been described. In this paper, the complex cepstrum 
is applied to speech dereverberation. The complex cepstnun is 
used to estimate the room impulse response for delays within 
several hundred milliseconds of the direct path s p m h .  From 
the estimated impulse response, linear least square filters are 
designed with the goal of reducing the perceptual effects of the 
reverberation. 

1.1 Complex Cepstrum 
The complex cepstrum is d e ~ i i e d  in [I]. It h a t m  

sided ( n o n - c a d ) ,  infinite sequence related to the time domain 
sequence by a non-linear transformation. For the dircrae time 
signal x(n), the characteristic system [I] by which the coutpkx 
cepstrum is calculated is the following: 
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The complex cepstrum has several properties which make 
the technique a candidate for deconvolution. First, signab which 
an combined convolutionally in the time domain have complex 
cepstra which are combined additively. As a result, deconv* 
lution is reduced to subtraction in the cepstrum. Second, the 
complex cepstrum is a measure of the "frequency" of variation 
(known as quefrency) in the log spectrum, and so signals which 
vary slowly in the log spectrum may be separated from quickly 
varying signals by windowing the complex cepstrum. Speech 
is usually considered to be primarily slowly varying in the leg 
spectrum and has a complex cepstrum concentrated about the 
cepstral origin. Echoes which are delayed from the direct path 
speech can be represented by impulse responses which have c e p  
stra concentrated farther from the cepstral origin. 

1.2. Echo Removal wi th  Complex Cepstrum 
The techniques by which speech may be separated fmm 

a convolved impulse response representing a simple pattan d 
echoes are described in [Z]. In these techniques. the complex 
cepstrum is calculated from segments of the reverberant s p m h  
by means of phase unwrapping, and the cepstral components 
corresponding to the impulse response are removed. If the 
plex cepstrwn of the echoes are in the form of peaks. they u e  
identified through a peak-picking procedure and the cepetrrl v.C 
ues at  their locations are set to zero. Alternately. the ukulrtcd 
cepstrum is multiplied by a cepstrd window f u n d a t  designed 
to preserve the speech cepstrum and remove the ecba O-L 
The remaining cepstrum is retransformed to the time k-- 
to form the enhanced s p m h .  

We found these techmques, howerrr. to be mI.;rrbk f a  
the dereverberation of s p m h  subject to  amadc rmrbarim. 
where the ~mp& rerpow d the ccho L r ad rm corn- 
plicated function, and onr - dcrl witb - wqumca d 
indefinite length. Fint,  we found th t k  r g n n t d a m  d the 
speech for tha apt4 c.kula n m u l u  In -d dhmtiioo 
in t h e f a m d P d r d o f ~ ~ b & ~ d d ~ t i -  
c ~ c e p t r r l ~ a m ~ t b i 8 h ~ L r s . S c c a d . I l I e p b . w  
unmppigstep [3] w u k r i t o f a d o m u o n a & . ~ i n  
a l o a d r p c s c h a ~ f a t h u g a c n t .  Thbelkcrisrdatd 
t 0 t h c p r r c l r r d ~ d t L c o l a b i c d . i g u l C k n e t o t h e  
unit cirde. Third. tbc speahaept rum m not i d u l l y  limited in 
range m d  the aptrrl widowing proesdarr r c m o v a  cqmtrd 
c ~ c a m a p ~ t o p e e c h . ~ i n ~ i n .  

To o v a o ~ m c  rhae pmbkns. new appmacha to atimat- 
hg  the roan impube nrp- lrrm the maberant speech c e g  
s t r u m  were devebped The estimation of the echo impulse rc- 
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was noticeable. The ratio of direct to reverberant energy for 
the :'enhanced" impulse response was 6.0 dB vs 1.7 dB for the 
original. 

TlJs method was further tested with different impulse re- 
sponses. The best results were achieved for impulse responses 
which had few z-plane zeroes far outside the unit circle, for 
which "light" exponential weighting was suffcient for conversion 
to minimum phase. We found that weighting heavily led to dis- 
tortion in the estimated impulse response which increased with 
delay. Futhennore, better enhancement was achieved for im- 
pulse response which were characterised by large, discrete peaks. 
In these cases, cepstral peak-picking could be extended through- 
out the entire cepatral range and less distortion was evident in 
the estimated impulse response. 

3.1 Discussion of Results 
This dereverberation technique presupposa that the im- 

pulse response is made minimum phase by exponential weight- 
ing. However, choosing a small value of 7 designed to accom- 
modate all expected impulse responses led to distortion upon 
exponential dcweighting. We speculate that as 7 is reduced, 
the time window falls off more sharply and the beginning of the 
segment is emphasized. Therefore any residual segmentation er- 
ror which is not corrected by choice of segment start location 
will become magnified for smaller values of 7 .  

For lighter weighting using values of 7 closer to unity, ex- 
perimentation revealed that the segmentation distortion had 
been largely removed. However, residual speech cepstrum re- 
maining at  all cepstral locations after averaging represented a 
limit to the performance of this technique. The speechcepstrum 
was reduced, but not eliminated, by increasing the number of 
segments averaged. In cases where the reverberation impulse 
response cepstrum was large compared with the residual speech 
cepstrum, the enhancement procedure was effective. If the echo 
cepstrum was of a form suitable for peak-picking, the enhance- 
ment was also effective and represented a large improvement 
over the techniques described in [2]. In general, however, the 
room impulse responses which we generated to represent typi- 
cal office scenarios with the program of [7] were not of a form 
suitable to peak-picking. 

REVERBERANTSPEECH 

4. CONCLUSIONS 
The approach to speech dereverberation taken in this pb 

per was to estimate the reverberation impulse r u p o n x  via 
cepstral techniques and to remove the estimated imp& re 
sponse with a linear inverse filter. During the esrimaion step, 
speech pauses are exploited to reduce segmentation emw .od 
cepstral averaging is used to redm rhr b v k g ~ u r d  ap 
strum. However, residud segmentath am pmru b tmt 
of heavy exponentid weighting required far - roaa impube 
responses. Possible solutioru to this probh rorld involve a 
two-step or alternately a closed-loop approach in an .(tePlp to 
further reduce segmentation error. The pruence d 
speech cepstrum after averaging limits the atimum -. 
At present, therdore, this cepstrd method is ruised far .p 
plication to room impulse responses which have zeroen lu apt 
side the unit circle or which have dhpened, low-level apu 
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Fig. 1 Dereverberation System Block Diagram 



0 200 400 600 800 1000 

Fig. 2 Simulated impulse response 
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Fig. 4 Convolution of filter and simulated impulse response 
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Fig. 3 Estimated impulse response 


