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1. INTRODUCTION

The acoustic transmission path between a source and a receiver in an enclosure
depends upon the geometry of the enclesure, the absorbtivity of the enclosure's
boundaries, and the directivity/distribution of the source and receiver. In
many instances the natural characteristics of the environment may render the
*quality' of the transmission path unacceptable. Since medern digital signal
processing techniques have made the sophisticated treatment-of signals possible,
systems have been developed which attempt to 'dereverberate' audio signals

for recorded speech, eg 1,2].

Great advantage could be gained if this processing could be performed in real
time so that a signal could be dereverberated whilst it is being generated,
for example for conference-communication systems, reverberation compensating
public address, etc. However, this extension calls for a suitable method of
designing the dereverberation filter. Furthermore, dereverberation attempts,
to date, have yielded disappeinting Tesults, which although first regarded as
simply due to inaccuracy in in digital modelling, are now thought to be the
result -of the highly sensitive dependence of a single transmission path
impulse respomse on small changes in the parameters (eg. geometry/direction-—
ality) which can be both Spa:ial and temporal, A method of producing an
approximate inverse which is insensitive to these detailed changes could be an
improvement over existing schemes. .

2. DECONVOLUTION TECHNIQUES

The dereverberation is a deconvolution of the transmission path impulse
response R(z), which is performed by calculating an inverse filter

R-l(z) such that

R(z) . R 1(2) = 1 ' (1

and a delta function impulse response results; in this case R-l(z) is the
unconstrained Weiner filter [3]. Most practical room impulse responses are
mixed phase [4] and thus the realisation of a stable inverse filter may not
always be possible. In order to produce & stable, causal approximation to

the inverse of these, special processing, rather than direct inversion, is
needed. 1t has been found [5] that the most promising technlque is least
squares inversion. A highly efficient version of this is the L.M.5. algorithm
after Widrow [3], which has been used [6] successfully. invert roow-like
impulse responses by "post—processing” using the scheme outlined inm Figure 1{a}.
This algorithm is adaptive and so can take account of time dependence of the
impulse sequence toc be inverted, if it varies slowly compared with the
convergence time of the algerithm (usually about 1-2 seconds). Thus
sensitivity to changes in parameters in time can be dealt with.
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The extension of the L.M.S. algorithm tothe so called 'filtered-X' version [7]
allows the room transmission path to become part of the feedback in the system
as shown in Figure 1{(b). This enables, in prineiple, real time inversion
through "pre-processing” for the first time.

3. RESULTS OF A COMPUTER SIMULATION

The performance with various impulse sequences and the dependence on
computational parameters of both L.M.5. and filtered-X algorithms have been
investigated and recommendations for their optimal use in dereverberation

have been made {6]. Figure 2 shows the results of the use of these techniques
to approximate the inverse of a given impulse response.

In order to assess the sensitivity of the inverse to spatial displacement,
the effect of the inversion of the response between a source and a point x
on the impulse response of the transmission path between the source and
neighbouring points % has been investigated. In this study, the image-

expansion based computer model of a rectangular room {after Allen & Berkley
[B ) was used to produce impulse sequences for source-to-x and source-to-y.

transmission paths which were convolved digitally with the inverse filter
produced by the filtered-X algorithm. Preliminary time and frequency domain
results are shown in figs 4 and 5.

Figure 4 shows the result of applying the inverse of the transmission path to

X to points spaced at 13.6 em along a line parallel to theX,-axis as depicted

in fig 3. These time histories clearly show how the quality of the derever-
beration deteriorates with distance from the point for which the inverse was
designed. Fig 5a, 5b show a comparison between the net frequency response
function of the transmission path before and after pre-filtering with the
inverse filter at the point x for which this filter was designed; an improvement
in the "flatness’ is apparent, but narrow band "dropouts" have persisted after
dereverberation. Fig 5¢ to £ show the frequency response functions corres-
ponding to the impulse responses at y, to s shown in fig 4 and the gradual

deterioration can be seen to correspond with a gradual departure from a delta-
function like time history. Also, the deviation of the responses in S5c to g
from that of 5b apparently incremses with increesing frequency as well as the
position of ¥ (which increases in 13.6 cm steps from 5b to 5f)}. These

phenomena are currently the subject of more detailed investigation.
4. CONCLUSION

A new method for dereverberating a room transmission path has been shown to be
effective in computer models. Various assessments of performance have been
carried out and the viability of in-situ real time pre-processing hac been
demonstrated in principle. The quality of the inversion at one point when
epplied to a neighbouring point has received preliminary study.
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FIGURE 1{a) Post processing arrangement for the dereverberation of the
source-receiver transmission path R(z). Note that the
FIR filter is adaptively adjusted in order to produce a net
transmission path which best approximates a pure delay,
The delay & samples is chosen to be that which minimises
the energy of the error signal f?].
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FIGURE 1(b)} FPre-processing arrangement for the dereverberation of the
source-receiver transmission path R(z). In this case, the
“"Filtered-X" LMS update algorithm requires the input signal
to be passed through a filter which is an estimate

R(z) of the source-receiver transmission path [7].

Proc..O.A. Vol 7 Part3 (1985)




Proceedings of The Institute of Acoustics

EQUALISATION OF ROOM ACOUSTIC RESPONSES OVER SPATIALLY DISTRIBUTED REGIONS

(a)

o 120
Time {(ms)

(b)

0 120
Time (ms)

FIGURE 2 Showing {a) an arbitrary computer simulated impulse
response of the source-receiver transmission path and
(b) the impulse response of the net transmission path
produced using the post processing arrangement of
Figure 1(b).
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FIGURE 3

The room synthesised by the
couputer wodel for the
production of the trans-
mission path responses from
the source to receivers at
x and I to Ige The

sequence of receiver posit-
ions are spaced 13.6 cm
apart. The room volume is
approximately 50m? and all
the wall surfaces have an
absorption coefficient

of 0.4.
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250 Proc..O.A. Vol 7 Part 3 {1985)



Proceedings of The Institute of Acoustics

EQUALISATION OF ROOM ACOUSTIC RESPONSES OVER SPATIALLY DISTRIBUTED REGIONS

FIGURE 5

(a) Frequency response
of transmission
path to x before
dereverberation.
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{c) Frequency response
of transmission
path to 2_1 after

dereverberation
at x.
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(d) Frequency response
of transmission
path to y, af ter

dereverberation
at x.

(e) Frequency response
of transmissicn
~ path to ¥, after

dereverberation
at x.

(f) Frequency response
of transmiesion
path to s after

dereverberation
at x.
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