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Ahst.ra.ct : Audio surveillance tapes are prime candidates - 
fbr speech enhancement, due to  the  many degradations and 
sources of int.erference that  mask t,he speech signals on such 
tapes. In this paper we describe ways t o  cancel interfer- 
ence where an available reference signal is  not synchronized 
with the surveillance recording, viz. the  reference is obt,ained 
later from a phonograph record or air check recording from 
a broadcast source. As a specific example, we discuss our 
experiences proc-essirir a a1iret.a.p recording nsed in an art,ual 
courf ca.se. tV1 transforuwd the reference signal to reflect 
room and tran.wrlswn effects. antl then ci~btracted the  re- 
sulting secondary sipnal from the primary intercept signal. 
thus enhancing speech from the desired talkers by ren~oving 
interfering sounds. Prior to subtraction. the sigrialh had 1.0 

be aligned properly in time. The int.ercept sigual was sul)- 
ject t o  time-scale modifications due to ra.riahir plic~tograph 
and t,ape recorder speeds. While these speed tlifferrrrce- are 
usually small enough not t o  affect perceived quality. t hey ad- 
versely affect the ability to  cancel interference autolnatitally. 
Concerning recording devices, we took into account four fac- 
tors that  affect signal quality: frequency response. nonliriear 
dist,ortion, noise. and speed variat,ions. The two ~tlethods 
that were most successful for enhancement were the LMS 
adaptive cancellat.ion and spect,ral subtract.ion: 

Int roduction 
While speech enhancement has many practical a p p l i ~ a -  

tions, one of particular int.erest concerns processing audio 
surveillance tapes. due to  the wide variety of degradations 
that ma!- a f i c t  speeclt signals on such tapes. In many other 
applications. speech is degraded hy a specific, continuous 
type of noise, facilitating it.s removal. For t,he case of de- 
signing hearing aids, for example. the  interference can come 
from many sources. but the user can orient the microphone 
for best results. However. the conditions of surveillance ap- 
plica.tions are often severe and rarely permit nlanipulation of 
microphones during speech recording. Unlike in other noisy 
con~munica t io~~  sys t em.  speakers under surveillance make 
no effort t.o e~iunciate clearly and directly into a ~nicroplrone: 
indeed. they may hinder the surveillance by speaking softly 
and b?. adtlirtr Ioiiti sound sources t.o the  environ~nent. surll 
as music. Thub. audio surveillance is one of the rrtctre difficalt 
t.asks for speech enhancement 111. In this paper we clescril)e 
difficulties that arise in audio surveillance. and note vay:. to 
increase the int,elligibility of speech so obtained. 1- e hprcitic 
exa~rrple. WP discuss our experiences with a air eta^) rtv ortiing 
used in an a c t d  court case. 

In electronic surveillance. a mirrophorie 1- trfttn placed 
inside or behind an ol~jcct in a room. The audic* sirr~ral i h  typ- 
ica.ll!- transmitted lry telephone or ra.dio to a telrt. rrc-orcler. 
The r c w n d i ~ ~ g  r t ~ ~ i ( l ~ t i o n ~  are usnally far f'r(uit idwl: I I pen- 
pie in t11c rnolii ~iiia? w t  talk loudly or clearl:~ a t , ( \  I I I ~ J  uinve 
about the room. o f t  rn facing away and bein11 tar irorr~ the nii- 
crophone. 2 I there niay be compet,ing sountl>. .;uc.h a- trt hr r  
talkers. music.. television. and noise f ron~  rit.arl,! rooiit. or 
tlre street. 3 )  t h r  room may add r e v e r h e r a ~ i o ~ ~  t l l > t t 4 . :  I.,II t c l  

the sianal. 4 )  the placement and qualir! of thts U I I .  ~ ~ , p i r ~ , ~ t r  
can distort the audio signal. 5 )  the t r a n s ~ n t ~ * ~ t ~ ~ ~  1lwc11u111 111d\ 

restrict frequency range. have nonlinear charactenstic,,. antl 
add noise. 61 the  tape  recorder can also add tlistorrl~m. pspe- 
ciall-  in terms of variable drive speed and adapttve ~ a i ~ ! .  In 
the particular case that we exa~uined. the signal wit - wrt t . t~ ib  
affect,ed by music from a phonograph. tq the acou-tic 4 of a 
reverberant rooin. by the frequency range lirnitatrtm- 3 1 1  t h ~  
microphone and t,elephone lines. and by t,iminp ,~ I . I  ' t r ~  l*bna 
in t,he tape  recorder. 

Enhancement process - 
The choice of enhancement ntethods is based ou ti11 r g : ~  

t,ure of the  distortions which degrade the desired speech .la 
nal and on whether more than one signal is  arailablt~ lttr 
processing. 1x1 most cases. a single microphone provider one 
znierccpf szgiaoi t o  be processed with equalization and filter- 
ing. By examining a portion of the signal cont,aining only 
background noise (no  speech or music). a spectral model o f '  
the  linear distortions to which the  original sound signal has 
been subjected can be obtained. If the distortions vary only 
slowly in t.ime, the  intercept, signal can then be  equalized t o  
reduce the  varia.tion of the  response a t  different frequencies, 
thus reducing some of the resonant qualities of t he  original 
recording. In  addition, fibers can notch out interfering hum 
components. The distortion model may have to  be updat.ed 
periodically to  reflect changes in roonr acoustics and trans- 
mission characteristics. One-signal enhancement techniques 
are generally limi1c.d to noise reduction, and have difficulty 
eliminating an interfering sound source such as music or an 
unwanted \ o ~ c r .  

To mil ipatr I I t <  -nltjwtive effect,s of reverberation in the 
intercept, siyrnai. i w .  r.oultl use a hands-free t,elephony tech- 
nique which f i l t ~ r -  the output signal so as t,o cause a low- 
freq~iency rolloff. This s i ~ ~ i p l e  technique, however, is not en- 
tirely satisfact.ory; while the subject.ive effect is t o  reduce re- 
verberat,ion, speech intelligibility does not seem t.o improve. 

The number of enhancement t.echniques and likelihood of 
success increase if two relevant, signals are available for pro- 
cessing. Interference subtraction methods are of pitrtrcular 
utility in two cases: I )  if a second micronhone is available in 
the room, or 2 )  if an interfering sound source car! hr iden- 
tified and recorded separately, e.g.. a radio or telt-\:.~t,n in 
the  room, or some record or tape on a dereo systeni. 1 tape 
of the  interfering sound can lat,er be obtained frotr~ t tw ra- 
dio or television station fT1.S. law requires all broazic.ast, ti, 

be  recorded). or by purchasing a, record or t,apr ar ,I ~uuzic 
store. This provide> a version of the interfering * c t ~ ~ r t t l  with 
nc, speech from I hc desired talkers. A second II I  , ,  r r ~ l ~ i r o ~ i t ~  

near an intrrferirt: zound source ma?; record littit, of lht. dt,- 
sired speech. and t l ~ u r  provide a good in teferenc~ f. ~t 1 1 ,  r 

htYttil/ .  In both *a,* df'ter suitably transformins tire reter- 
rncr  sienaf t o  r~ . t Io  i rcttrni and t,rans~nissio~i ~ H W I  - .  tht. r*.- 
h u l f ~ ~ i ~  s t ,  , ~ i ~ , i i ~ t  I ,  .I+, 11 raft be subt.ract,ed iroiil l / I '  ~rritrrilry 
intercept sipriiti. tI!11. twhanci~rg speech from t it(. r l t . - . r t d  talk- 
ers by removing interfering sounds. The suhtriir.t~~nrt I I C ~ !  ei- 
ther occur directly on  the signal (in the tillre r lo~ l i a~r~  t ~ r  in  
t~erms of the  signal's spectrum (frequent!- cictnlir~~t 1. 

Speech enhancement almost invariabl? uw. diz11a1 512 

nal processing. Both the intercept and ari? avai ia i~i~ r c  ier 

ence recording are digitized, in which rhr ~lrt inl .  n r t ,  i*~wpit.. 
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. > d  f i * ( ,  ~11(1dr\ y1p11a1 from d prlnlarx Inter(, pl recoril 
, I I ~  +- a 111dar1 slgnal has to be ntod~fied to  ahgn properI\ 

5 ' 1 1 -  cwl~ponent In the  intercept slgnal Such a cctrnpo 
nrili of thc Intercept signal 1s subject t o  the frequencv re 
1)ctn.c of the recording environment ( ~ n c l u d ~ n p  room rever 

ht ratlon I and also to t~me-scale mod~fications due to vanable 
phoi~ograph and or tape recorder speeds M hde these speed 
tilflerence~ and barlatlons are usuallj small enough not t o  
affect perre~xetl q u a l l t ~ .  they are large enough to adverse11 
affect the a b ~ l l t \  to cancel ~nterferrnce using the secondarj 
\lgnal 

The effect. 01 rcmu reverheratlon and c~f the record~ng 
])ath can lw n~oht l \  ~l~odeiletl  n\ a coulplex llrlear filtw The 
n ln~  1. to subject 1 1 1 ~  reference slgnal to t l ~ i .  w n c  filter~ug 
n i  the corresponding con~ponent of the Intercept rei o r d ~ n g  
and then to  cancel the  modlhed reference 51gnal from the In 
tercept recordma In the case of enhance~nent \ la  adaptlxe 
filtering. slnce onl) the reference slgnal IS  filtered. sprwh III 

the mtercept s~gnal  1s not further distorted Reverberation 
often adds a large number of 1rregular11-spaced echos. whlch 
can be difficult t o  estlmate Because the ensemble of dlator 
tlons cannot be con~pletely modelled b j  the adaptlve filter, 
not all of the secondarq component can be removed by thls 
process 

Signal Characterization 
. 

An intercept signal typically has three components: a 
conversat,ion bet.ween two or more people? interfering sounds 
(e.g.. music). and background noise. Estimates of the noise 
can be ohained fro111 portions of the recording with no 
speech or other sounds present. While interfering sounds 
can Iw quite diverar. one case of int.erest is that of a single 
speaker t.alking (e.g. .  T\.  or radio) or of one or more singers 
accon~panirtl by illnsii . 

\l:hen dealing wit 11 recording or playback devices. four 
factors affect signal qualit!-: its frequency response. nonlirr- 
ear distortion, noise. and time-scale or speed errors. N O I I ~ I I I -  
ear distortion can he caused by amplifiers or loudspeakera. 
as well as by the magnetic ~netlium of tape recorders. rinle- 
scale errors consist of wow (0.5-2 Hz). flutter (2-20 Hz I.  alltl 
speed-offset errors. There also can be electronic mltl IIW 

chanical noise generakd by the amplifiers and transtiuc.ers. 
\Vhile motors are the source of most. speed changes. other 
sources of tirne-scale errors are due t.o tape stretch and the 
>ainpling clock at the digitizer. The cumulat.ire time-scale 
error bet ween the digitized reference signal and the d~gi!  ~zetl  
~rltercept sianal is a major prohlein that must be overcome 
1)elore canc.t~llation techniques based on adaptive filtering can 
I N  appl~ecl. slur.e practical considerations require thai these 
-1~_11al> ht. as nearly synrhronized a:, possible. 

Fro111 111e point of view- of the surveillance ~nicrophone. 
t I I P  roonl acnu~ t i c s  are tliflerent for each sound source Our 
11,  correspondingl!- varied geometry of the reflecting 1xtth.. 
111 particular. the room acoustics change as t,he talkers ~r~ovc. 
1 1  ].'or this and of her reasons. the anipliti~tlr I)! t h t .  

.~~r.\eil lancr signal i* often highly variable in time. wlll..il call 
cauw l~rol ) len~s  in the recording device of either overltwtl sa.t- 
llration (for periods of high gain! or inaudibil~t\  I for p ~ i o r l s  
of lo\v ~ a i n  I .  In many recording devices. .411t(1nlnl ir ( ;a111 
('t>ntrol I A (  : ( ' )  is employed to avoid such 111ajor ti~.!fi~rtl(,~ls. 
. \ (  ;( ' trleb 10  optimize the amplifier pain accor~il;~: i t ,  I 11. 111-  

I ,U!  signal level. It slowl?- increases the pail, c -ht~i  i:lr 111pu1 

Time alignment 
Itia(bt ive filtering t,echniques used for cancellation rc. 

., l i r e  yocw t.empora1 alignment 1.0 be successful. Because 
oi variability in the speeds of various recording and pla? 
back de\-ices, alignment at only one temporal location is not 
adequate. The gradual divergence from synchrony must he 
colnpensated for by st,retching or 'warping' one of the signals 
111to t,ime alignment with the other. The reference signal r (  r r  ) 
and int.ercept signal sln I can he aligned by first locating cor- 
responding and clearly identifiable points present in both sig- 
nals and by then s h i f t ~ ~ ~ p  and stretching one signal so that 
these points coinr~clr. I'hrw events should be selected so 
that they are very preci.c, 111 ti~nr.. particularly in s ( n )  where 
events t.end to  bt. trnlpt~rall! smeared due to  reverberation. 

One h net hod oi assessing the degree of lnat,ch is t o  cross- 
c o r r e h e  s( 72 ) and rjn ). over a block of samples short. enough 
so that the  signals do not drift excessively with respect t o  
one anot.her. Any gradual drift of the correla.tion peaks is 
a measure of the speed differences. Given two points of co- 
incidence of the  reference and int,ercept signals, warping t,o 
approxin;at~ely synchronize t.he signals over the  intervening 
segment is used. To he effecbive, the  drift must be predomi- 
nat.ely linear in nat,ure. 

Stretching is achieved using interpolation/decirnation: 
1) the sampling rate of the signal is increased by insert- 
ing a fixed number of zero-valued samples after each sank- 
ple. 2 )  the signal is then smoothed with a lowpass filter, and 
3 )  the increased-rate signal is then decimated or subsampled. 
The interpolation : tlecirnat ion allows for sample-rate conver- 
sion in which the  riitit) of the resultant sampling rate to the 
original sampling ralt. i* a ratio of integers. An int.erpolating 
linear-phase. Flli I I i ~ l l l e  ini~)ulsr response) fi1t.e~ is designed 
to minimize the mean q u a r e  error in the  int.erpolat.ed signal. 
given a power spectral nrodel for the input signal. 

.4 simple chanpc. of sampling rate is appr0pria.t.e for short 
segment s of the in1 ercept recording. However. for processing 
longer segment.s, anchor points defining points of coinciderlrr 
must be found periodically throughout t,he recording. wit 1, 
spacing sufficiently small so that the drift is less than a frat. 
tion of the response of the adapt,ive filt,er. Bet,ween anchor 
points. t.he reference signal is linearly stretched or shrunk. 
allowing piecewise-linear changes in the  sampling rate. This 
alignn~ent method does not compensate for wow and flutter. 
however. 

Noise Reduction and Whit,ening 
To reducr background noise in an intercept recording. 

enhancen~ent t ec l~n~ques  often use a segment of the record- 
inv conta.ininr only hackground noise for training. A trans- 
formed nww spect run~ i h  subtracted from the spectrum of 
the intercept signal 2 . a-here the phase of the original spec- 
trum is retained. 51)e(-tral subtract,ion can relnove a large 
part of the noise. hut t hi* process often a.dds brief bursts 
of tone.. \Vitl~ arrli111a117ation. listeners can to somr e \ t w l  
I)lock out this type of degrdat ion to concentrate on the r<.- 
maining signal. However. this t,onal noise can sometlnreb I)r 
more distracting than t,he original broad-spectrunl r~o iv  

The alternative process of noise whitenin:! 1s ro~rcrrned 
with the reduction of the perceived effect of the ha rkpr i~~~~lc l  
noise and the equalization of the signal. A.*UIIIIII~ t l ~ n t  the 
hackground noise resulted from a proces: \{ 111cl. gc.rler;ltr- 



r . I n ,  v h i t r )  noiw spect ru~n.  !'1,. ~wctra :  r doi.inF t;~:i: . 
;,: -.,-,,: in t11e ~nt.ercept recording shows the effect. of the  
I . . ~ , I I I  and recording syst.em f req l~enc~-  response P,. IriverV 
hllrrlng the bignal with the measured spect.run~ ul the noisr. 
t tle notse spectrum can be  whitened, which render* thc noise 
less dist,urbing. At the same time, the overall signal is equal- 
ized. with its original signal levels (as a function of frequency) 
approximately restored. 

The  first step in this technique is t o  build a crude esti- 
mate of the mean inverse spectrum of t,he background noise. 
Then the inverse noise spectrum is modified, e.g.. t,he m b a n d  
response can be snloot,hed over a simple 5-band window. Fi- 
nally. the passband frequency response can be nornlalized t,o 
bring the geometric mean of the  in-band amplitudes to  unit,y. 
t o  preserve the in-band gain. 

The whiteninp process itself consists of filtering the in- 
tercept signal using the inverse noise spectrum. The overall 
energy distribution of the noise is much more uniform after 
whitening. When listening to  the resulting signal. one can 
discern the difference in the quality of the signal. Some of 
the resonant qualities of the original are missing. There re- 
main two problems, however, with t,hese approaches: 1) the  
noise spect.rum tends t o  change with time (and is therefore 
not whit,e), and 2 )  the room acoustics for the  noise differ 
from the acoust,ics for the speakers. 

Time - Domain Cancellation 
Adaptive filtering in the time domain can attenuat,e a 

secondary component of the intercept signal s (n) ,  using the  
filtered and time-aligned reference signal r ( n ) .  Time align- 
ment may be relatively coarse, but if speed-variations are 
small and slow enough, the adapt,ation process will partly 
compensate for them. .4ny reverberant effects in the  inter- 
cept signal are modelled as an FIR filter acting on a clean 
reference signal. T h r  adaptive filter tries to  track the co- 
efficients of this filter and t,o filter the  reference signal t o  
p o d u c e  a reverberated signal which matches the secondary 
component of the  intercept signal. This can then be sub- 
tract,ed from the intercept signal to reduce the  level of the  
secondary sound. 

Effective reverberation may extend over a relatively long 
time period. The speed of sound corresponds t,o about 
1 ms!foot. The path difference between a direct path and a 
reflected path can correspond to  a large number of 111s. and 
furt,herniore multiple reflections can extend the reverberant 
effects to a significant fraction of a second. This means that.. 
at a sampling rate of 10.000 samples/s. effective filter lengt,hs 
must, correspond to  hundreds of samples. For a filter with .If 
coefficients, the time averages used t,o updat,e the filter c,wffi- 
cients must ext,end over intervals significant,ly larger than 31 
samples. If we violate this condition. the fi1t.e~ has enough 
degrees of freedom to synthesize other components of the 
intercept signal and cancel them also. (In the couteut of 
secondary sound cancellation. bot,h the speech components 
a.nd the  background noise are interference.) .Also working 
against the use of long time averages is the loss in sync hrony 
hrtween the reference signal and the secondary conl lm~ent  
$ 1 1  tile intercel)t signal due to time alignment chanfit,- 

( onhltier two time-domain approaches t,o adaptive .innal 
callc.ellat~on [3]. If we assume that the referenre aipnal i> 
uncorrelated with the  speech and noise components of the 
111tercept signal, t,hen when the adaptive filtrr reprrwnts 
the reverberation effects of the roonr. canc.eliarion vf the 
secondary component is possible without affectlrl.; thr, . j s . ~ l l  
ur noise components. The first method use, a block b a w l  

" Lt . A - I  Squares hletlrod. 
In block least-squares methodi. uur exanllnes but tessiw 

a brt t m e  trames over w h ~ c h  input data 1s as~ulnetl  to be sta- 
r , m a r >  The covariance method leads to  an exact solution for 
the proble~n of minimizing the error between the desgraded 
speech s ( n )  and a transformed verslon of the reference signal 
~ ( I I ) .  In the least-squares sense, over a block of finite length 
1Y. It glves the  set of coefficients {ho.  h i , . . . ,  h ~ l - l )  such 
that the quantlty 

N M - I  
E = is(n - h,r (n  - i)12 

a = ]  !=O 

is minimized. Those coefficients are found as the  soliltior~ ol 
the  following set of 31 Illleal equations 

A' 
sln)r(n 1 )  for j = 0,1,  ..., M 

n z l  

The effect of the filter is to remove correlatio~ls between 
the  reference and intercept signals. As long as the speech 
component of the intercept signal is uncorrelated with the 
reference signal. the  speech will not be affect.ed. In this 
block-based ~net,hod, correlations are in effvct estimated by 
using time averages; if the  frame length is too bhort, residual 
correlat,ion may be present between the speech component. 
and the reference signal. This method. however, has some 
drawbacks: it. is  comput~ationally intensive. and limits the 
maximum number of coefficients that can be used. Large 
errors may occur when solving the equations with fini1.e- 
precision arithmetic for a large number of coefficients: to 
avoid nunlerical difliculties, a maximum of 30 coefficientr 
best.. 

Differences in time scales between the reference and in- 
t.ercept signals affect t Ite process in two ways. First. because 
the intercept <i:nal drifts slightly within a frame as wnl-  
pared 11, the rrterer~cc. the correlation t,erms are smeared. 
which dec.reaw5 the  amount. of possible cancella.tior~. Thus. 
t,he signals tend to match bett,er in the middle of a frame, 
which ma! be very annoying perceptually. With a typical 
linear clrifl on t he order of 0.2'70, those effects are still signif- 
icant even fur a short frame size of 400 sample=. The second 
effect of a > \  r l ~ . h r ~ ~ n v  is the problem of t , in~e alignment exceed- 
ing the >piin ui the adapt,ive filter. Wit,h the intercept signal 
drift,ing linearly ( ~ m ~ p a r e d  to t,he reference, the offset. in sam- 
ples. be twen  the t w o  signals increases from frame to frame 
until it I J ~  om?: grcat.er than the number of taps. Beyond 
this point tlrc ada.pti\.e filter becomes much less eRectlvc. 

Least Mean Square. ( LhlS) Adaptive C'anceller 
With the Lhlh  alrcmthm, for every pair of irlptlt sant 

ples (one each from the intercept and reference signals I .  the 
gradient-clexrt.11t technique updat.es the filter t.ap coeHic~twta. 
In compariwr~. 111.. I~lock-algorit hm approach 11ptl;tt I 11,  fil 
ter frame I ) \ -  fra~llt.. .4lthougl1 the filter realized 11-11.:. t i l , ,  

gradient. descent is not truly optimal in ternt. of t l ~ r  r l , l i ~ i  

mization of output signal energy. t,he leamine procrs. rill1 tw 

carried out smoothly and continuously. Also. the filter I I I  I 111. 

approach can have a large number of coefici~wt i.. a t t r r t d n .  i. 

practical implementation of a block-bast1 alporit11111 ,111111 - 
tile size of the  filter that can be used. 
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Ad I 

y ( n )  = 1 u l r ~ 7 ~  - i ) .  
2=0 

The ~ n t e n t  of the gradlent update scheme 14 t o  mlnlni l~e  the 
energy In the difference between the output s~gnal  y ( n  r and 
the Intercept slgnal s (n ) .  Let the mean-square value of the 
-rutput be 

E = E [ ( y ( n )  - s ( n ) ) "  . 
For the purposes of develop~ng a practical L M 5  algor~thnl.  
the expectat1011 operator In the gradlent update scheme 1s 
omltted. and the ~nstantaneous value of the  squared error 
1s used as an estlmate of the mean-square error. Thr roe% 
cients are updaled to move In the negat~ve gradient d~rectlon. 
decreasing the error at each step 

where p ,  is the  step size used for coefficient a , .  A .;ysteln 
based on typical parameters such as M = 201 and ! I  - 
10V" provides notlceahle speech enhancement, for our 16- 
bit, 10 000 sample h! stem. 

Frequent\ Doma~n  -- Techniques 
Frequenq- t loma~n technlques operate on the  Discrete 

Fourier Transiornl of the signals. These methods have one 
baslc advantage ober t h e ~ r  tlnte-domain counterparts: they 
can, t o  some extent. Ignore phase. Thus. signal tlme align- 
ment is less critlcal Two frequency-domain techniques were 
t e s t ed  1 )  comb filtering of Intercept slgnal s ( n )  t o  remove 
harmonics of an undesired component, and 2)  spectral sub- 
t r ac t~on  of the tlme-aligned and equalized reference signal 
from the  Intercept s~gnal .  

--- 
This technique attempts to  renlove the interference c o n -  

ponent of the intcrrrpt sienal by spectral subtract,ion. At the 
input t o  this process. the intercept signal s ( n )  has been prf.- 
filtered, inverse-filtered to whiten the noise, and equalized in 
order t,o mat.ch the Icvel oft  he reference signal r ( n  ). ' ipectr;~l 
subtraction of the ~nagnitudes frame by frame yield8 

The resulting spectrum, S 1 [ k ) .  takes on t,he phase of the 
original signal Sl k ) .  Our best results were obtained with the 
parameters a and d set to 7 and 0.005, respecti\-el!. \I.:hen 
listening to t.he resulting signal. one can hear the speech more 
clearly. However. it is suriounded by bubbling sounds. In the 
case of interfering music and song. the singer's voice virtually 
disappears. but tonal noise remains. 

Different values for t,he factor a which detennines the 
fraction of the  reference music subt,ract,ed can be tried. Re- 
call that the reference music signal has been equalized to 
match the music colnponent of the intercept signal. which 
means that if' a pcrfwt nlatch were present n = I would be 
a.ppropriate. I l o w e \ < ~ .  experiments indicate t.hat overcon- 
p e n s a t i o ~ ~  is p r r l ~ r a l ~ l t ~  to rrwovr most of the  music c o ~ ~ ~ p o -  
IIC.III. .A v;rl~lr o 1  - Y \-r. 2 t t o t l  music suppressiot~ 1'11t ~ ( 1 1 1 ,  
tonal noiw: ii l ~ ~ w ~ . ~  \ X I U P  rv<ult3 in less n ~ i ~ s i (  a t t r n ~ ~ a t i o n  
but also less tonal Itolse. A value of 0.; give, re;rzorlal,le 
amount of music suppression ait.h lit,t,le or no tor~al I I O I W .  

Another experinlent changed the value in i ill t hr >per- 
tral subtraction algorit.hni. t o  attenuate t i ~ e  pert r.l)t lidit! 
of the tonal noise by increasing th r  backgroii~~tl ~ c , \ r , i  1 i f <  
value L? = 0.005 ( a  very low value) gave the best re-rill-. 

7r. c (,I +o  g t n e r * ~ ~  . disc I [ C  ti,> I T T  

I T., ,. ? 1 BY l (  WI vf  in' t i  e r r  

I;, 1 ,  I ti1 .I,ilr exlsts wlth the spt cc , I  and tor 11,) 

cor,~l-oncnt- u ~ t h o u t  z lpf icantI> m a ~ h ~ n g  t the lona, ~ i . *  

Thc net result after frequency-domaln operdtlon- I I t . 
nolse Inverse filtering, music equalization. and spectral 5111, 
trdction) is definitel? enhanced speech. In term3 of lntel11e1 
hillty. For large values of a, tonal noises are introduced that 
the llstener must try to  ignore; thls can be achle\ed after a 
i e ~  minutes of hstenlng. because the  tonal noises are some 
what unstructured. A better compromise is t o  use a smaller 
value of a which gives less music suppression, but also less 
tonal noise. 

Conclusion 
Adaptivecancellation u7it.h anchor points only at the 

ends of long segluent,~ produces an  annoying t.ime-varying 
cancellation, with the int,erference level changing in bursts. 
In t,he middle of t,he segment, if the time alignment, is suf- 
ficiently in error, 1itt.le cancellation is obt,ained for complex 
music passages. However. int,erfering sust.ained musical notes 
are cancelled well. b ' i th a larger number of anchor points, 
these problems do not manifest themselves as severely. (11- 
t.inlately, it is the la.ck of good time synchrony which limits 
the  suppression pos*ihle M 1111 the adaptive cancellation tech- 
nique. 

In long segments. change3 in t,he gain produced by 
the  AGC can reduce the effectiveness of spectral subtrac- 
lion. The adaptive filt.ering strat,egy can cope with the gain 
changes for the   no st part ,  although perhaps a reset tinu uf 
the  step sizes is warranted if the gain changes radicall!. 'The 
inap'propriat,eness of a single step size for the Ionprr keg- 
lnents manifested it self as insf abilities in the adapt ivc tilt r r -  
ing. which can be avoided by fixing t,he st.ep sizes at wine 

loss in suppression capahilit!. 
The two n~e thods  that were 3uccessfully applied for ell- 

hancement. were the LhlS  atla1)tivr cance1lat.ion and t.he spec. 
tral subtraction technique. (The  block least-squares and 
other methods yielded luinin~al enhancement in our case.) 
.sllthough the  overall intelligibi1it.y of the speech after pro- 
cessing is about the same for both successful methods. the 
results are somewhat complenientary. The adaptive filt.er- 
ing approach has the least effect on the speech but does not 
achieve as high a level of interference suppression. The spec- 
tral subt.ract,ion met,hod achieves higher levels of suppression 
with some local loss of speech content (whenever the  speech 
spectrum significantly overlaps the interference spectrum). 
This means that some portions of the  speech are more int.el- 
liRible in one processed signal than t,he ot,her. Listening to 
one and thrli to the other can enhance overall intelligibility. 
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