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Abstract to recover a time-varying adaptive filter which inverts the channel

The problem of removing channel effects from speech K@ageproduce the original speech signal. This approach is inspired
generally been attacked by attempting to recover a time-varyiighe blind equalization problem for communication signals.
filter which inverts the entire channel impulse response. We show In the modem problem, the channel impulse response is gen-
that human listeners are insensitive to many channel conditi@i@ly very short, having a typical effective duration on the order
and that the human ear seems to respond primarily to discon@hi/100 second. In this problem, the signal is assumed to be in
ities of the channel. As a result of these observations, a pa®ii of several states, for a baud duration, which may be approxi-
equalization is proposed in which the channel effects to whichfitely 1/300 seconds. If the signal can be equalized to produce a
ear is sensitive may be removed, without full inversion of tfetangular pulse, the resulting equalized signal is insensitive to
channel. In addition, it is shown that it is possible to build filte¥8mpling phase, and the demodulated data has minimal disper-
of arbitrary length which do not reduce speech intelligibility agéPn about the signal constellation points.

do not produce annoying artifacts. For speech, there is no requirement that the reconstructed
signal faithfully reproduce the original signal. It is only important
1.0 Introduction that the reproduced signal sound like the original signal to a

Reverberation can have a dramatic effect on speech intelPuman listener. Since humans have a remarkable ability to ignore
bility. Even a small amount of additive noise compbined Withrlr%'ny differences in signal conditions, equalization for human lis-
Y- rs is a much weaker condition than full channel equalization

modgrgtgly reverberant channgl can completely destroy SP§ Cﬁue modem sense. The primary thrust of this paper is to
intelligibility. Speech reverberation is generally modeled acco Sscribe the effects of several types of channels on human per-

ing to the three-dimensional billiard table model. In this modgl, ...~ 4 1o re-pose the de-reverberation problem so that its
the received signal is the sum of signals which propagate alggfgtion is a less daunting task

many different paths, each of which satisfy Snell’'s law of reflec-
tion. In this model, each reflection is a point reflection in which
the angles of incidence and reflection are the same. To further
simplify the model, the absorption loss is considered to be con- In modeling the reverberation problem, a series of simple
stant across the entire spectrum. Finally, the source and recéfi@pnels were simulated and clean speech was convolved with
are modeled as points. The system is excited by the speectiifgchannel impulse responses to produce corrupted signals

nal, and the channel is determined by the union of the reflections éCHAN(t) = s()*CHAN(Y (2)
which are intercepted by the receiver. Since the signal loses . .

power at each reflection, only the first few reflections need%%eere is the convolution operator

modeled. Since the room may be considered to have finite dimen- X()*Y(t) = J’X(r)Y(t—T)dT . (2)

sions, the channel response is well approximated as a finite;ril resulting audio signals were played for human listeners, who

long finite impulse response (FIR) filter. The impulse respoRggyated the results. Because of the simplicity of the channels,

can easily be a half a second or more. ) the results were dramatic, resulting in no ambiguity in interpret-
There are other possible models for the acoustical reverbﬁ{gathe results.

tions. Instead of a point Snell's law reflection, reflections may be
scattered off of a surface which distributes the energy contibut Differentiation
ously in time. Such a model can arise if the reflecting material is
rough, causing reflections in a continuum of directions. In addi-
tion, the situation could arise in which the signal propaga?é'gI .
along the surface, re-radiating its energy over a distributed area of X = x(t)—x(t+1) , (3)
the surface. The effects of these models are very different, @hdre x is a clean speech signal, and s the signal delay. For
the observed channels they produce may be mitigated by ¥@figll values oft , the frequency response of this filter is essen-
different methods. tially

Regardless of the reverberation model used in channel Flw)=iw . (4)
equalization attempts, the universal approach has been to attempt

2.0 Simple channel simulation experiments

For the first simulation, the speech signal was subjected to a
ple differentiator



It was easily verified, by playing the resulting signal that the eaannel, which are discontinuities in the channel response. This
may be able to detect slight changes in the spectral shapingpbseérvation is predictable if we note that, for sampled signals,
there is no effect on the intelligibility and no noticeable echo in

the resulting signal for values of  less than 1/50 sec. In addition, CHANL,(n) = Hl n=01..N-1 (11)

the ear could not distinguish the sign of the delayed signal, so the N go n<0,n>N-1

signal . . .
9 The convolution of the channel with the signal can then be

X = x(t) +x(t+71) (5) obtained by first computing the first N samples of the convolution
is perceived by the listener to be indistinguishable from the signal N—1
in equation 3. < _ _

For small values of , the ear can not perceive the delayed X(0) = Z x(n)CHANan(N k- (12)
signal as an echo, but for larger valueg of , the delayed signal is i k=0 )
perceived to be an echo of the un-delayed signal. The the criﬂ_@Q ful conv~olut|on can Ehen be computed as a recursion
delay is approximately 1/10 sec. X(n+1) = X(n) +x(N+n)—x(n) . (13)

This expression can be differentiated to produce
X(n+1)=X(n) = x(N+n)—x(n) , (14)
Since differentiation with small delay produces a signal
ich is perceptually identical with the undifferentiated signal,
the differentiated signal represented by formula 14 is perceptu-
X(1) = x(t) +iy(t) , i = /-1, (6) ally indistinguishable from the filtered sign®(n) , but the RHS
has properties which are very important in signal processing. phequation 14 is the original unfiltered signal differentiated with

analytic signalX(t) may be represented by the Euler identity @glelay ofN , For large N, we know that the RHS of equation 14
represents a signal with a simple echo at d&ay . so the pre-

2.2 Hilbert transform and signal projections

The Hilbert transform of a real signalt) is the unique
transform which produces a signglt) , whichrig2 radi
out of phase with the original signal. The analytic signal

it
X(t) = A(e — , A()20. (7) dicted perceptual effect of convolution of speech with the rectan-
The signalX(t) may then be projected onto any axis by gular pulse
—i¢ O
Xop(0) = rea@((t)e 0- (8) 3.0 Slowly varying channels with endpoint discontinui-
It was verified experimentally that the projected sigdalt) is ties and long time constants
indistinguishablg by a human listener from the original signal The above argument is a bit lengthy, but important since it
x(t) and that this result is independentfof . provides insight into the ear’s perception of speech in reverberant
channels. It should be expected that the ear does not respond to
2.3 Rectangular pulse slowly time-varying changes in the channel. Discontinuities in
The signal was subjected to a channel consisting of a sirtigte channel impulse response are perceptually the same as
rectangular pulse of duratioh  seconds. impulses in the channel response, and are perceived as echoes.
The magnitude of the perceived echo is the magnitude of the dis-
CHANlT(t) - El tO[0,T) , (9) continuity of th_e channe_l impulse response. '
oo tad[o,T) To test this assertions, speech signals were subjected to a

hereT h initiall be 0.75 d variety of channels, each of which was selected to have a
whereT was chosen initially to be 0.75 second. r?giponse timeT = 0 75semnds

The expectation of the authors was that the rectangu
|mpL_1Ise response would produce a low-pass filtered (SmOOt@.ﬁ)CosinusoidaL single complete cycle
version of the signal and that the channel would be reverberant
due to the long response time of the filter. This intuition was com- 0
pletely false. The signeﬂgHANl(t) was perceived by all listen- O co T[LD tO70. T
ers as clean un-delayed copy of the speech signal superimposed ~ CHAN(®) = O S% TO [0.1) (15)
. . 0 td[o,T)
on a clean echo of the signal with the same power as the un- 0 0
delayed signal, but having a delay of 0.75 second. There was no
apparent reverberation, and there was no perceptible Iow-pasBﬁliU“i
ter effect. Signal and clean echo at del&y , with no apparent distor-
The signal was then convolved with two unit impulses sepi@n and no reverberation.

rated in time byT = 0.75 seconds ) ) )
3.2 Sinusoidal, single complete cycle

U1 t=0,T
CHAN2(t) = O o 10
T 0o otherwise ( )

The signal filtered with this channel response was not distin- CHAN(Y =

guishable from the signal convolved witBHAN1

From the perceived results of convolving speech with
CHANL and CHAN2 , it is obvious that, in this simple cas&esUlt )
the ear appeared to respond to the endpoints of this particular Si9nal nearly undetectable due to extremely low perceived

t0[o,T)

o o

sin%n_irg tof[o,T) ) (16)
0



power. No echoes and no apparent distortions and no reverbrare is essentially no signal observable to a human listener.
tions.

3.3 Ramp %ne L

}?ulfcycle ]
wen | a7 e :
td[o0, T) ?ine.

ractional cycle o
Result: — ' N
One observed signal, with no echo and no apparent distor- .

tion and no reverberation. fcr?olzltri]c?n al cyci |
3.4 Sinusoidal, partial cycle I /

sine

full cycle ) /

. t
CHAN(Y = 0SM2Te—g  t0I0T)  (1g)
0

CHAN(1)

1
[ |
o i~

t0[o,T) ;Up ramp _—

o o

for |g| «T .
Result: \up ramp -

One observed signal, with amplitude equal to magnitude of 7down ram
sinusoidal discontinuity at = T . No echo, no apparent distor-
tion and no reverberation.

4.0 Partial equalization of an impulsive channel
In addition to these simple channels, the signal was sub-

jected to several more complicated channels, which were slowlythIt |shclear|from Iih'e abr(])ve exa(;ntﬁletstrt]hat th? d(ljsc;)nFan|tle?h
varying and continuous, except for discontinuities at the eff. e channetresultin echoes and that the ear tenas fo ignore the

points, t = 0 andt =T . In each of these cases, the g Fcts of the channel which are slowly varying in time. This

responded only to the discontinuities at the endpoints, percei\ﬂﬁ prtion can be predlctgd since discontinuities in the channel
echoes at the discontinuities. The magnitude of the disconti ulse response .reSU|t n a_broad band spectral response, The
ties were proportional to the magnitude of the perceived ech é’,"ly varying portions of Fhe impulse response .aCt asa Ipw-pass
as was determined by comparing the signal convolved with &l For FIR pandpass filters, the bandwidth is approximately
synthesized channel with the echo signal related to the filter length as

agx() +apx(t+T) , (29) BWD% . (21)

Whereg ando— are thg magnitudes of the dicontinuities atthe £ aach of the channels the slowly varying, continuous por-
endpoints of the synthesized channel response. In each casgpN@f the channel response results in an FIR filter, whose pass
signals convolved with the synthesized channels were percegiiy is near DC and only a few Hertz wide. This energy is gener-
ally indistinguishable from the corresponding echo signal. Thg, oyt of the normal response of the ear. Even if the passband of
conclusio_n is that the _does not respond to slow continugyé slowly varying portion of the channel is as wide*as)(Hz,
changes in the channel impulse response. The ear does Pereg¥e heen verified that the ear very effectively ignores the result-
discontinuities in the channel as echoes. ing spectral energy, resulting in little or no effect on the intelligi-
bility of the received signal. The dicontinuities, however can not
be removed by the ear, and are perceived as echoes.

The above discussion suggests that in some cases, the chan-
nel effects can be mitigated by removing the channel discontinui-

3.5 Up ramp, down ramp

a2 tofo, 10 el effects can b : :
E T 120 ties, while ignoring any slowly varying portions of the channel.
CHAN(Y) = 0O =T T . (20) To test this hypothesis, a channel consisting of a sequence of
B1—7 tQo b, T) exponentially decaying uniformly spaced impulses was synthe-
sized
U0 t0[o,T)
O
Result: cHAN() = De %' | tO0T.2T,.. = (99)
Signal nearly undetectable due to extremely low perceived E 0 otherwise

power. No echoes and no apparent distortions and no reverbera-

tions. The signal convolved with the channel sounded very reverberant,
with so many echoes that the signal was completely unintelligi-
ble. The filter



Segment of orginal speech

a
FILT(t) = Ee‘at , tofoT (23)
0 o otherwise

was convolved with the signal to which the channel filter (22) h{
been applied, with the result that the signal produced soung
like clean speech, with no noticeable channel artifacts. Clea
the filter (23) is not the inverse filter of the channel filter (22), s 5050 sgog __ - Goso Foa0
the processed speech signal had only been partially equalize
remove discontinuities. The implication is that complete chan
equalization of speech is not necessary to restore intelligibility.

A corollary of this discussion is that filter length need nd
affect speech intelligibility. To test this, a prolate-spheroidal filtg
basis of narrow bandpass filters was constructed. each filter in
basis was constructed to be zero phase and have length app|
mately a quarter second. Clean speech signals were selected
the TIMIT database and these signals were filtered by a variet !
narrowband notch filters, bandpass filters and high and lowp 3 =000
filters, which were constructed as linear combinations of the Presqure 2 Cnannel impulse response
late spheroidal basis filters. Care was taken to insure that nongg
the filters removed more than 10 percent of the spectral ba
width. In each case, there was no noticeable loss of intelligibili
The loss of spectral energy was noticeable, but the signals did
sound muffled or distorted.

nent of re rant spesch

5.0 Conclusionsand Future Research "' ,‘ "'
It has been demonstrated that the human ear appear|
respond to the discontinuities of the channel impulse respons
a much greater degree than it does to smooth.y time-varyfigue 3 Clean signal convolved with channel impulse response
effects. In addition, it is possible to mitigate channel effects, 4 R ‘ Impuise response of the fifter
in some cases restore intelligibility of speech subjected to c
nels with isolated discontinutites without complete equalizati
of the signal.
As a result of the experiments documented in this paper,
authors have conducted experiments to attempt to mitigate re
beration resulting from an unknown channel. These res
appear promising, and will be the focus of future research.
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Figure 6 reconstructed partially “equalized” signal



