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ABSTRACT

Source waveform recovery under reverberant conditions is important for speech recognition and telecon-

ference system. We describe dereverberation of speech based on blind deconvolution by approximating

reverberation time and statistical characteristics of speech without measuring a room transfer function.

The main characteristic of rcverberant speech is that the envelope rounds widely and fine spectral struc-

ture is distorted. We proposed that (a) power envelope inverse filtering is a global recovery technique. and

(b) pitch emphasis processing can examine the harmonics of speech as a local technique. We recovered

the source speech from rcverberant speech using a sub-band power envelope inverse filter to approximate

room transfer function with an exponential function. Furthermore, we reduced spectral distortion, and

improved speech intelligibility by emphasising the harmonic structure of speech. As a result, the envelope

distortion of speech recovered fi-om reverberant speech was improved on hands of nearly 90% by power

envelope processing without inverse filtering of the measured room transfer function. Furthermore, we

restored the harmonic structure and improved the clearness by altering and emphasising the pitch to

 
recover the nature of speech.

1 INTRODUCTION

In speech recognition and teleconference systems,

reflection of sound waves produces distortion on

a source signal. Therefore, some inverse filtering

methods that recover a source signal from an ob-

served reverherant signal in an indoor space have

been proposed. 5, T. Neely and J. E. Allen have

proposed the minimum phase inverse filter method[l]

which removed only the minimum phase component

of a room transfer function from the received signal

with a single microphone and recovered the source

signalr ,If the room transfer function is in the min-

imum phase, it can snpprss the reverberant influ-

ence efl'ectivcly. However, it is diffith to remove

the influence of reverberation from an observed sig-

nal and to restore a source speech accurately with

the minimum phase inverse filter because the influ-

ence of all-pass phase components on the transfer

system increases along with the increment of rever—

beration time. In other words, the longer the rever-

heration time, the lower the recovery precision of

a source speech because all-pass phase components

can not be remove. On the other hand, M. Miyoshi

and Y. Kanedn proposed inverse filtering of room

acoustics that used a plural microphone[2]. Using
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microphones with l or more of source signals, even

if the transfer system is not the minimum phase

characteristic, a source signal can be restored accu-
rately if the rcros of the transfer characteristics that

reach to each microphone from each source signal

do not overlap. in addition, H. Wang and F. ltaku—

ra proposed and demonstrated a sub-hand inverse

filter theory of room transfer functionI3]. For each
transfer system between the sound signal and plural

microphones, it obtains optimal inverse filters that

minimize the error of the source signal and the re-

covery signal in every hand and recovers the source

signal from the reverberant signal using the filter.

These reverberation recovery techniques must mea-

sure the reverberant transfer function beforehand
when the inverse filter is estimated. Furthermore,

recovery precision decreases if the transfer- function

is not measured at each environmental variation
and if inverse filtering of the transfer function is
not performed accurately because the transfer func-
tion always varies even if the reverberant impulse

raponse is measured. Accordingly, it is difficult .

to practically to perform inverse filtering using the
measured transfer characteristic as the transfer sys-

tem varies.
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The possibility that a source signal could he re—
covered from a reverberant signal without accurate
inverse filteringof a reverberant transfer function
was suggested[4]. Reverberstion influences on the
envelope of the waveform and the spectral distor-
tion. We proposed a technique to recover the source

signal using a source signal and transfer system
based on the theory of MTF (Modulation ’Ilraus-
fer Function)[5] and examined the power envelope
of the signal. Furthermore, we expanded this tech-
nique to a subband process and examined a method

that reduces the influence ofreverberation without
measuring the transfer function.

The envelope information of the time axis direction
was reduced in the inverse filteringbythe power
envelope, but the spectral distortion of the frequen-
cy axis direction was not removed. Therefore, we

examined the pitch with information such as lan-
guage, individuality and nature of a speech. We
recovered the speech by altering and emphasising
the pitch after power envelope inverse filtering.

2 INFLUENCE ON SOURCE SPEECH
BY REVERBERATION

Fig. 1 schematically shows the spectroyam of re-
verberant speech. Reverberotion causes the enve-

lope of source speech to decrease with time. The re—
verberant speech is indistinct. Reverheration is re—
moved with power envelope inverse liltering. How-
ever, because we are approximating power envelope
of reverberant impulse response with an exponential
function in power envelope inverse filtering, the pro-

cess is inadequate. Therefor, we considered that the
frequency component other than harmonic struc-

ture in voiced parts (vowel) influenced reverbera-
tion. We altered the pitch, emphasized it and re
covered the speech.

3 SOURCE SIGNAL AND
OBSERVATION SIGNAL IN

REVERBERANT CONDITION

As shown in 2, a reverhcraut signal (an ob-
served signal) is described,

(1)y(l) = f" z(1-)h(t—-r)d-r
—u:
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Fig. 1. Influence of a reverberation product on

source speech.

= s(t) s h(t). (2)

where =(t) is a source signal, h(t) is an room in-
puise response and e is the convolution product.
Equation (1) is expressed in the frequency domain

with

Y(I) = X(=)H(z)- (3)
where z = chm it is (T. is Sampling cycle). Ac-
cordingly, the source signal is expressed with

mx(.) = yum-m) = HM. (4)

In a linear system, estimation of the transfer system

is necessary to obtain a source signal from an ob-
servation signal. However, source signal restoration
by inverse filtering is difllcult practically because
the transfer function varies and requires adaptable

estimation.

Therefore. we considered that the envelope of a re-

verberant impulse response is attenuated about the

exponential function.

3.] POWER ENVELOPE INVERSE
FILTERING

In this paper, the envelope of room impulse re-
sponse was modeled with anexponential function.

We restored a source signal from an observed re-
verberant signal by envelope restoration processing
without measuring the transfer function. The pre-

dicted theory of speech Iep'bility by MTF [5] eval-
uates the distortion of a power envelope of speech.
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Fig. 3. Source and reverherunt signals for n modulated noise signal of the modulation index m,

1(1! m

 

Fig. 2. Loudspeaker and microphone locations in

an indoor space.

If distortion of the power envelope depends on re-

verberation, we can obtain MTF from the room im-

pulse response[6].

Under reverhennt conditions, the modulation fac-

tor (m=1) of the signal that modulates noise 100%
with a sine wave, decreases in an observation point
due to the influence of reverberation as shown in
Fig. 8. The index m is called MTF, and it is the
function of the center frequency and modulation fre—
quency F ofthe source signal. It has been confirmed

that the index represents important physical prop-
erties for predicting speech intellip'hility seores[1].

Based on the MTF, speech aiyrals can be modeled

by
2(1) = =.(¢)n1(¢) (5)

Proc.l.O.A. Vol 20 Part 6 (1998)

where m (1) is white noise, e.(t) is an envelope.
Similarly. room impulse response is represented as
follows:

Ml) = eg(t]ng(t)

ei.(t) = cc".—
(3)

where a is a constant, Tn(l) is reverberation time,
sud n1“) is white noise. Signals mm and n:(t)
demonstrate the following relationship:

< n.(t)n.(t + 1-) >= 5(r). (7)

< u > indicates the avenge for a given set (I: =
1,2) Here, we obtain the power envelope from re-
verberant speech which is shown with the convo-
lution of equations (5) and (6) Eon: equation (1).
From equation (1), (5) ~ (7), square set average of
a reverberant speech is

< 31(2)“ > < {fm 2mm _ my}? >

= dn [:d'rre-(nk-(fi)

x en(i - Mew - n)
X < "1(Tilfl1l‘f’z) >
x < mu — n)n2(t — n) >

I/a e.(r)’sh(t — r)2dr

= e,(l)’ u mt)I (3)
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In other words, the power envelope of a reverberan-

t signal y(t) is shown with theconvolution of each
power envelope of a source signal :0) and room im-
pulse response Mt). Accordingly, we can recover a

power envelope ol'speech using an inverse character-

istic of a powsr envelope of room impulse response.
From equation (6),

 

“(1)1 = one (9)
If a power envelope of an room impulse response is
approximated with an exponential function, we can

obtain a power envelope inverse filter that has the
inverse characteristics ofreverberation time (T3). If
the sampling cycle is 73(1).e power envelope trans-
fer function Ph(z) for equation (0) on t > D is

PM!) o’ + o’csz“ + u’a'r" + o’a‘z" + - --
a: -nu
m Yet, a _ e ’I (10)

Accordingly, the power envelope characteristic of
speech P.(z) is

_ Pyl‘) __ PA“) _ (11)

It is expressed with the product of the power en-

velope characteristic of a reverberuut speech P,(z)
and an inverse chancteristic of the power envelope
transfer function P.(z) and Pv(r) are 1 con-
versions of e.(t)I and e,(t)'. Using the positive
square root (in other words, amplitude envelope) of
e.(t)a and e,(l)', recovery speech i(t) is

11“)
97(1)

[3, 9]. The right side is the recovery envelope ob-
tained fi'om the inverse z conversion of equation
.(11). In addition, y(t)/e,,(t) is the fine structure
of reverberant speech, it is the flattened amplitude

envelope of the output signal. Equation (12) shows
that the estimated amplitude envelope is added to
the output signal that flattened an amplitude eu-
velope. Furthermore, the explanation reflects con-

tinuous time system, but the experiments were per-

formed in a separation time system. The possibility

of reverberant speech recovery was explained using
envelope information ofreverberant speech without
considering the local influence of spectral distortion.
We called equation (12) power envelope inverse fil-
tering.

an) 3—,(1 — az-wz)

in) = ..(¢) x (12)
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8.2 SUB-BAND POWER ENVELOPE
DIVERSE FILTERING

In section 3.1, we recovered envelope information

using power envelope inverse filtering by approxi-
mating the power envelope of reverberaut speech
with l exponential functions However, the envelopes

of several bands of the source speech were difl'erent.
Therefore, the spectral distortion which could not
be recovered by the procen in section 3.! may he
recovered by recovering several power envelopes of
several hands. A block diagram of sub-band power
envelope inverse filteringis shown in Fig. 4. How-
ever, we used CQF to satisfied the reconstruction

filter sumo].

4 RECOVERY SPEECH BY PITCH
EMPHASIS PROCESSING

We approximated the envdope of a reverberant im-

pulse response with an exponential function in the

power envelope inverse filtering. Furthermore, we
assumed that the fine structure signal ofsource speech
was not correlated and applied it to reverberant

speech. We consider that recovery by power enve~
lope inverse filtering is possible However compared

to a theoretical noise model, it has little effect. The

main cause was the spectral distortion due to the in-
fluence of reverberation. As shown in Fig. 5. it was
not completely removed bypower envelope inverse
filtering» We reconstructed the harmonic structure
of speech to remove the spectra] distortion.
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Fig. 5. Spectral distortions of voiced source and
reverberant speeches.
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Fig. 4. Black diagram of snkbnnd power envelope inverse filtering (The number bf RPM-ted hand: is

N).

Fig. 6 Ihovu the procedure for the pitch emphasis
processing. in reconstructing the her-manic struc-

ture of speech. we cut out. a frame waveform from
speech using Lemming window: of 32 (ml). altered
the pitch, and estimated fundamental frequency.
We defined evaluation functionEU] for the eativ
mated fundamental frequency f and its harmonic

components.

N

EU) = Swarm» (Yet.N = a) (13)
l|=l

We couridercd 5 harmonic components of estimat-
ed fundamental frequency. We detected the fun-
dmentll Eequency f for the maximum value of

E. changed it and the all harmonic component-

f'rom the frequency f to a sampling frequency of the

speech, end rynthesired the speech using humming

windows. The prucosning is referred to as pitch enn-

phasis processing in this paper.

5 EXPERIMENT

The waveform end spectrogram ofmurce speech are

shown in Fig. 7, end those of reverbuent speech

are shown in Fig. 3. Its reverberation time is 1 (a).
Pitch of the source rignel was evident. In reverberv

mt speech, spectre of the peat Ereme overlap the
future fume and the pitch is buried in the fever

lactation. hither-more. the change in fuudunentnl

frequency was not be confirmed.
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We removed the reverberation by sub—bend porr-
er envelope inverse filtering in motion 5.1, and em-
phasihed the pitch by pitch emphnnis processing in
section 5.2.

  

Fig. 7. Wave form Ind spectrogram of source sig-
ml.

5.1 EXPERIMENT OF SUB-BAND POWER
ENVELOPE INVERSE FILTERING

Narrow hand eepnrntio of the speech may recover

to a fine structure eignel. On the other hand. I pow-
er envelope oi'revetheution in very difl'erent firm] an  
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Recoustraciion process  
Delern‘zm a! Invmz

Humming Fourim‘ ("mammal [nurier Hamming
windowing «uniform mums, uniform windnwing

Fig. 6. Procedure nfpitch emphasis proceuing (T=32

  
exponential function. Therefore, we recovered the

speech by rubbend power envelope inverse filter-
ing for many Iepanted hands. We defined the im-

prnvemenn index uf power envelope distention and
evaluated the recovery degree.

T : z I

in 1.1 =101°sm~%——I{hm "m } “(am (14)
o e.(i)= — i.(¢)'}‘d¢

u 05 1 1_5 2 where P249)“ is the power envelope nf the reamte
I (I) 7 speech, '1‘ is analysis time (2 (1)). The index value

' inflnsed u the envelope of I :everbeunt Iignnl re-

g covered. If there '5! no improvement efl'ect it was

2 aero, M thin time, we recovered the [embers]:—

" t speech (T1. = 1(3)) for some separation numbers

9 and calculated improvement indexes of power en-

” D5 1 I m 1'5 2 2 5 velnpe distortion. The average in ahnwn in Fig. 5,

The Ipeeeh improved mnet in 32 aepnrnfion.
   

    

      

 
   

We recovered the speech by nub-band power enve-

lnpe inverse filtering. The improvement index of
pawer envelope dixlmiun in shown in Fig. 10. The

index was negative in some bands. but theenvelope

improved on hand: of nearly 90% end the mean in-

Fig. 5. Wave farm and spectrugrnm of reverhernnt

signal.
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Fig. 9. Average of improvement index of power

envelope distortion for some numbers of separated

Band.

dex hecune 2.8 (dB). Reverberetion was efiectively
reduced.

The waveform and spectrogram of recovery speech

are shown in Fig. 11, The influence of the reverv
Duration from the peat. fume to the future frame

was confirmed. However, the pitch was not period-

ic end did not recovered to a fine structure signal

when the harmonic structure to the frequency made

direction we: considered,
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Fig. 10. Improvement index of power envelope die-

tortion for eenh band.

5.2 EXPERIMENT 0F PITCH EMPHASIS
PROCESSING

Waveform end spectrogram of recover speech lyy

the pitch emphasis processing are shown in Fig, 12,

The pitch of the recovery speech became merited.

and recovered to a fine etrllct-ure sisnnl.

We also compared the change in spectra before and

alter the process regarding the frame as shown in

Pro:.l.O.A. Vol 20 Part 6 (1998)

  

 

Fig. 11. ane form end spectrogram of recovery

speech hy the Subband power envelope inverse fil-

tering.
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fig. 12. Were form and Ipectrogram of recovery

speech by pitch emphuis processing»
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