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ABSTRACT

We suggest a new technique for the en-
hancement of single channel reverberant
speech. Previous methods have used ei-
ther waveform deconvolution or modula-
tion envelope deconvolution. Waveform de-
convolution requires calculation of an in-
verse room response, and is impractical due
to variation with source or receiver move-
ment. Modulation envelope deconvolution
has been claimed to be position indepen-
dent, but our research indicates that en-
velope restoration in fact degrades intelli-
gibility of the speech. Our method uses
the observation that the smoothed segmen-
tal spectral magnitude of the room re-
sponse is less variable with position. This
is used to estimate the reverberant compo-
nent of the signal, which is removed iter-
atively using conventional noise reduction
algorithms. The enhanced output is not
perceptibly a�ected by positional changes.

1 INTRODUCTION

Enhancement of single channel reverberant speech
has been addressed occasionally, usually with appli-
cations such as hands-free telephony in mind. This
paper describes research aimed at forensic appli-
cations such as enhancement of covert recordings,
where intelligibility improvement is the primary goal,
rather than improved quality.

In forensic situations, it is quite common to en-
counter very severe reverberation. To simulate this,
the characteristics of a room (of about 40m3 with
reverberation time of about 3 seconds) were mea-
sured for three positions, to simulate speaker move-
ment: a reference position, a rotated position with
the speaker rotated 45� and a shifted position with
the speaker moved laterally about 0.5m. These im-
pulse responses were used to reverberate test mate-
rial comprising phonetically balanced word lists, as
detailed in [1]. Intelligibility scores were determined
using this test material with twelve listeners for the

enhancementmethods discussed in the following sec-
tions.

2 WAVEFORM

DECONVOLUTION

Waveform deconvolution is the approach usually sug-
gested for enhancement of reverberant speech, which
may be expressed as the convolution of clean speech
s(n) with the impulse response of the room, h(n).

x(n) = s(n) � h(n) (1)

This requires an estimate of h(n), so that an inverse

characteristic ~h0(n) can be designed. Given a good
estimate of the room response, it is quite a sim-
ple matter to �nd an inverse response using least-
squared error methods [3]. This produces a very
good recovery of the original speech.

~s(n) = x(n) � ~h0(n) (2)

The greatest di�culty in this approach is in ob-
taining an accurate estimate where the response to
a known signal cannot be obtained. This is com-
pounded by variation of the room impulse response
with positional change of either source or receiver.
Although this variation is not perceptible audibly,
the e�ect on the mathematical inversion procedure
is severe. An inverse characteristic good for a partic-
ular source and receiver position will be invalid for
even very small positional changes, and will actually
degrade the reverberant speech further.

This is shown in Table 1, which shows the result of
inversion for two cases. For this test, an inverse �l-
ter was designed from the reference position impulse
response. When applied to speech reverberated in
the reference position, very good enhancement re-
sults. However, when the reference position inverse
�lter is applied to speech reverberated in the rotated
position, the output is even less intelligible than the
unprocessed reverberant speech.

Examples of the inversion technique are available
in proceedings CDROM sound �les for the reverber-
ant speech [A0595S01.wav], the reference position in-
verted speech [A0595S02.wav] and rotated position
reverberant speech inverted by the reference inverse
�lter [A0595S03.wav].



AS
Condition (% correct)
(a) Raw 48
(b) Reference 98
(c) Rotated 35

Table 1: Articulation score AS (% correct) showing
e�ect of movement for:

(a) raw reverberant speech, (b) inverse �ltered
speech in the reference position and (c) inverse

�ltered speech in the rotated position.

3 MODULATION ENVELOPE

DECONVOLUTION

The use of an envelope convolutional model was sug-
gested by Mourjopoulos et al [4] and further devel-
oped in [5]. This approach represents the signal by
the product of a positive envelope function A(n) and
a cosine modulated instantaneous phase term �(n):

x(n) = Ax(n) cos�x(n)
= As(n) cos�s(n) �Ah(n) cos�h(n)

(3)

Making the assumptions that the phase terms
change su�ciently slowly with time and that the
bandwidth of the envelope function is limited, Mour-
jopoulos et al proposed that the reverberant en-
velopes can be approximated from the convolution
of the anechoic speech envelopes and the room re-
sponse envelopes:

Ax(n) � 0:5 (As(n) �Ah(n)) (4)

The approach used in [4] was to design an inverse

operator Ah
�1(n) for the room response envelopes

using exponential approximations of theAh(n). This
was re�ned in [5] to use a least squared error method
to estimate the anechoic signal envelopes As(n). The
enhanced speech was reconstructed using the original
reverberant phase.

An implicit assumption in this method is that
restoration of modulation envelopes is bene�cial.
While this is intuitive, it has not been established
in the same manner as, say, the importance of short-
term spectral magnitude characteristics. To test this
assumption, the modulation envelope of reverberant
speech was corrected by using a priori information
from the original unreverberated speech. This corre-
sponds to ideal restoration of modulation envelopes.
The intelligibility results shown in Table 2 indicate
that modulation envelope correction in fact degrades
intelligibility, even though reverberation is subjec-
tively reduced by the technique. The reduction of
intelligibility might be due to the presence of rever-
berant artifacts without surrounding context.

The e�ect of ideal modulation envelope restoration
is presented in proceedings CDROM sound �les con-
taining reverberant speech [A0595S04.wav] and en-
velope corrected reverberant speech [A0595S05.wav]
for the utterance \soap bang dot".

AS
Condition (% correct)
(a) Raw 56
(b) Amplitude correction 50

Table 2: Articulation score: e�ect of modulation en-
velope correction

4 ITERATIVE NOISE REMOVAL

This section describes a new approach to enhance-
ment of reverberant speech which attempts to esti-
mate the reverberant component of the signal using
the measured segmental smoothed spectral magni-
tude characteristics of the room, which are assumed
independent of position. This estimate is used in a
noise reduction enhancement paradigm rather than
the usual deconvolution approach. This assumes
that speech segments are independent and uncor-
related | an assumption which obviously is often
poor. The degree of correlation will determine the
e�ectiveness of this approach.

Figure 1 compares LPC smoothed spectral magni-
tudes of corresponding 20ms segments of the three
measured positions (o�set for clarity). Examination
of the smoothed spectrum of these (and other) seg-
ments of the three impulse responses at similar tem-
poral displacements shows a high degree of similarity.
This similarity appears to correspond with the sub-
jective similarity of reverberation produced in the
di�erent positions.

To use the observed similarity in segmental
smoothed spectral magnitudes, we segment the room
response into frames of size N , so that

h(n) =

MX

m=0

hm(n�mN) (5)

Then

x(n) = s(n) � h(n)

=
PM

m=0
s(n) � hm(n�mN)

=
PM

m=0
s(n�mN) � hm(n)

(6)

The reverberant signal consists of the latter com-
ponents, i.e. m > 0. If the �rst (or �rst few) compo-
nents of this sum can be recovered, we would expect
a reduction in perceived reverberation.

We approximate the hm(n) by their linear predic-
tive coe�cient vectors Am(n) and gain factors gm:

x(n) �

MX

m=0

gm (s(n�mN) �Am(n)) (7)



From the observed similarity of LPC smoothed
spectra, we assume that the Am and gm are inde-
pendent of source or receiver position and approach
the problem as an additive noise problem rather than
as a convolution. We assume that

s(n) �AM (n) � x(n) �AM (n) (8)

We then use an iterative procedure, starting from
the `tail' of the impulse response. The initial signal
estimate ~s0 is set to the reverberant signal. The con-
tribution of each segment of h(n) to the reverberant
portion of the signal is estimated and removed by
standard noise reduction techniques. Thus (with k a
small constant),
for m = 1 to M � k:

rm(n) = gM�m (~sm�1(n�mN) �AM�m(n))
~sm(n) = SS(~sm�1(n); rm(n))

(9)

where SS(p; q) denotes the spectral subtraction from
signal p of signal q.

Due to phase di�erences, only a proportion of the
estimated signal spectrum is subtracted at each iter-
ation: typically between 0.01 and 0.1 in this case. A
value of 0.7 was used for all test set utterances.

Table 3 shows articulation scores from the intelli-
gibility test using speech reverberated in both refer-
ence and rotated positions, both enhanced using the
parameters of the reference position. The intelligi-
bility test set was derived using a root cepstral sub-
traction procedure instead of spectral subtraction,
as described by Fisher and Sridharan [2]. Figure 2
shows an example of waveforms of the clean and re-
verberant speech, and the processed speech for two
of the positions.

An example of the iterative technique is avail-
able for the utterance \chip watch joke" in pro-
ceedings CDROM sound �les containing reverber-
ant speech [A0595S06.wav] and processed speech
[A0595S07.wav]. These show signi�cant reduction
in the perceived level of reverberation.

AS
Condition (% correct)
(a) Raw 51
(b) Reference 51
(c) Rotated 50

Table 3: Iterative spectral subtraction Articulation
Score AS (% correct) for:

(a)raw reverberant speech; iterative spectrally
subtracted speech in the (b) reference and (c)

rotated positions.

5 CONCLUSIONS

The results obtained show clearly that the waveform
deconvolution (inversion) approach is impractical in
any situation where either source or receiver is mo-
bile, due to variation of room impulse response with
position. Although the modulation envelope decon-
volution method has been claimed to be position in-
dependent, our results indicate this reduces intelli-
gibility of the speech signal (although the technique
might be useful for quality improvement).

The iterative noise reduction method proposed is
una�ected by positional change at least over moder-
ate ranges. Although intelligibility was not improved
in the tests performed, the lack of degradation is en-
couraging when compared with previously proposed
methods. It should also be noted that the technique
was not optimised | for each utterance, a di�erent
proportion of reverberant signal estimate should be
removed for best results. A higher proportion than
was used is bene�cial for some utterances, while com-
pletely removing the desired speech from others.

A method of determining the optimal proportion
for individual utterances is an obvious manner of im-
proving the procedure. For this purpose, the mod-
ulation envelope deconvolution method might be of
use to provide a constraint. In such a scheme, a small
proportion of reverberant signal estimate would be
removed repeatedly until the estimated modulation
envelope was approximated for each speech segment.
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Figure 1: Segmental smoothed spectral
magnitudes

upper trace: reference position href (n)
centre trace: rotated position hrot(n)
lower trace: shifted position hsh(n)
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Figure 2: Iterative spectral subtraction waveforms

Original speech; reverberant speech; resultant for
reference position; resultant for rotated position.


