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1 Introduction

When speech propagates through a room and is received by 
a microphone, the microphone output signal sounds unnat
ural and suffers reduced intelligibility (the so-called “barrel 
effect”). It is necessary to employ some sort of enhancement 
technique to process the microphone output so that the sub
jective impression of the subsequently reproduced speech is 
improved.

If the speech originates from a loudspeaker, then there 
are means to approximately invert the room’s effect (see, for 
example, [1] and references therein). Most of these depend 
on the knowledge of the room impulse response as measured 
from the loudspeaker to the microphone, and the subsequent 
design of an appropriate inverse filter.

If, however, the source of the speech is a human talker, 
then it is not possible to determine this impulse response 
exactly. One way to attem pt to enhance the live speech is to 
replace the talker with a loudspeaker, measure the impulse 
response, design an inverse filter, and then use it for the live 
speech. This introduces the question of the suitability of 
inverse filters for sources other than those from which they 
axe designed.

This paper will illustrate some of the problems with such 
an approach. First, the technique of least-squares inversion 
will be summarized. Next, some actual room measurements 
using a loudspeaker and a mannequin will be presented. The 
mannequin is used to represent a real talker, and the re
sults of its attempted dereverberation with the filter designed 
from the loudspeaker measurement will be presented and dis
cussed.

2 Least-Squares Inverse Filtering

A least-squares inverse filter, when applied to a system im
pulse response, yields a result which is the best least-squares 
approximation to an ideal impulse. To invert a known 
impulse response <j(n), a filter h(n) is sought such that 
g(n) * h(n) — S(n — no), where no is some delay. This can be 
written

G h  =  d, (1)

where G is the convolution matrix of g(n), and the elements 
of the vectors h  and d  are the values of the time signals 
h(n) and 6(n — no). The least-squares solution is obtained 
by minimizing the L2 -norm of the error vector e =  G h  — d. 
This occurs when it is orthogonal to the subspace spanned 
by the columns of G [2], so that

G Te = G TG h - G Td =  0, (2)

R h  =  z, (3)

where R  =  G r G is the correlation matrix of g(n) and z =  
G Td  is the cross-correlation vector of g(n) and the desired 
signal 8(n — no). The solution of Eq. (3) yields the desired 
filter.

3 Room  Impulse R esponse Inversion

A room impulse response measuring system usually involves 
a signal chain comprising: pre-amplifiers, a loudspeaker, the 
room, a microphone, and post-amplifiers. In this case, the 
measured response, gmeas (n), contains the responses of the 
amplifiers and transducers,

gmeas = gpre * gspkr * groom * g-mic * 5pos£, (4)

with the obvious definitions of the impulse responses on the 
right-hand side. Clearly for an inverse to have any chance 
of being independent of the system used to measure it, it 
must be an inverse of the room response, gTOOm{n) only. If 
an inverse of the room response, say hr00m(n), is found, then 
the result of filtering the measured response is

gmeas * ^room =  Çpre * gspkr * gmic * Ppost, (5)

which is exactly the anechoic response of the measuring sys
tem. Therefore, to design an inverse of the room response 
only, the least-squares criterion Eq. (1) should be changed to

Gh =  s, (6)

where s is the vector corresponding to s(n — no), the delayed 
anechoic response of the measuring system. The solution for 
such a filter is found by solving Eq. (3), with z =  G Ts.

It is known that the room impulse response, g roo m ( n ) ,  de
pends not only on the positions of the source and receiver, 
but also on the source directivity [3]. It is further known that 
due to the nonminimum-phase nature of the room impulse 
response, an exact inverse does not exist [4], It is explored 
herein how detrimental the consequences of these facts are 
on dereverberation by inverse filtering.

4 M easurements

Room impulse response measurements were made with 
MLSSA, a maximum-length sequence analyzer. The sam
pling rate was 22 050 Hz and the MLSSA anti-alias filters 
(8th-order Chebyshev) had a bandwidth of 7.35 kHz. The 
MLS was 65 535 points long (16th order) and the measured 
impulse responses were 32 768 points long.

The room used for measurements was rectangular in shape 
with dimensions 4.65 x 6.70 x 2.44 m, smooth walls and ceil
ing, and carpeted floor. The room contained a typical amount 
of furniture, and had a reverberation time of approximately 
350 ms. A Panasonic 6 mm electret microphone was located 
at 2.71 x 4.33 x 1.14 m. Measurements were taken with two 
sources: a PSB Alpha SE loudspeaker and a B&K HATS 
mannequin, which is intended to reflect the directional char
acteristics of a human talker. The sources were positioned at 
2.07 x 2.31 x 0.82 m.

Additionally, the same equipment was set up in the same 
arrangement in an anechoic chamber and the measurements 
repeated.

The measured room and anechoic impulse responses and 
corresponding magnitude spectra are shown in the top two 
curves of Figures 1 (loudspeaker) and 2 (mannequin).
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Figure 1: Room and Anechoic Impulse Responses and Mag
nitude Spectra for Loudspeaker (top two curves) and Equal
ized Outputs for Different Lengths of Inverse FIR.

The lower three curves in Figures 1 and 2 show the result of 
post-filtering the impulse response as measured in the room, 
for the loudspeaker and the mannequin respectively, with in
verse filters designed from the loudspeaker measurements.

For the loudspeaker, it is expected that longer inverse fil
ters will yield a lower error [1], and this is supported by Fig
ure 1. Notice, however, that some deep nulls in the room 
transfer function are not removed; this is not surprising since 
an all-zero (i.e., FIR) filter is not capable of removing zeros 
from a system transfer function, in particular nonminimum- 
phase zeros.

It is clear from Figure 2 that application of the inverse 
designed from the loudspeaker measurements does not effec
tively invert the room response for the mannequin measure
ments in any case. This mismatch is due to vaxiations in the 
room response g To o m { n ) due to different excitations.

Notice tha t the longer “inverse” filters are worse for dere
verberation of the mannequin signals than the shorter ones. 
This is opposite from Figure 1, but is understandable since 
the longer filters are more sensitive to the fine details of the 
response from which they were designed, as opposed to the 
short ones which can equalize only gross distortions (such 
as room resonances), which may be common to both room 
responses.
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Figure 2: Room and Anechoic Impulse Responses and Mag
nitude Spectra for Mannequin (top two curves) and Equalized 
Outputs for Room Inverse Filter Designed with Loudspeaker.

The task of dereverberating received speech in a hands-free 
system is quite daunting. It has been shown tha t even for 
the case where the impulse response from source to receiver 
is known, the dereverberation is difficult and imperfect. Fur
thermore, an inverse filter designed from measurement of the 
room impulse response does not appear usable with a differ
ent source. In fact, if too long a filter is used, the speech 
can be degraded fax more than if no equalization had been 
attempted at all. The usefulness of the least-squares inver
sion technique for dereverberation appears limited. Other 
techniques, such as beamforming, axe known to be much less 
sensitive to source chaxacteristics, and may prove to be the 
preferred choice.
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