WO 02/ 093774 PCT/ SGO1/ 00093 -1 ECHO CANCELLER AND A METHOD OF CANCELLI NG
ECHO This invention relates to an echo canceller and a nethod of

cancel | i /goaiogs776 An adaptive filter nay be used to cancelCTschoo@mazh as in
comuni cations systens. In an adaptive filter, characteristics of the

filter are adaptively nodified so that an output signal, generated from an
applied input signal by action of the filter to filter the input signal, is
conformed so as to tend to bear a partic_u&l_ar rel ationship to the input

signal, in accordance wth a control input. In comunications systens, for

exanpl e, an echo signal may arise at 10 interface circuitry which receives
i ncom ng signal on an incomng path of a four wire |ink .d rt of the
i nconi ng signal BGEHE CANGEIEER ANBrAMETHQD OQF LaNCL geil{Lﬁ—e-éﬁgoi ng
part of the four wire link, rather than, as is intended, the whole of that
signal being directed to a two wire link to which the interface circuitry
i s connect egys FhentRAr tlasdsqh ah eét dahedler pnds evethadrofichecedinggfshrg si gnal from
the interface circuitry, being directed back to the far 15 end of the four
wire link, to appear as a delayed "echo" signal. In this application, the

i nput of . the f1lter BERS EfhcbOedhBGRAEY 85 thenunasitativgs Sygaab. dmdnt he
out put i %bﬁélag@?géﬁ@%ng‘}:’s‘ogg{gr act or C\/\/ni ch is also connected to recei velthe
out goi ng sixgRgkvel files theactérities biihe fidter o adaptivelhmodiisersa b DU 885 an

out goi ng signal, for transm ssion on the_ _ outgai i is i
the resul t SSPegfst ﬁf"a“@t‘“’tnoarppg%g REt SEPHLEY %‘fuotﬁ he 1?%1%% %?g%p?hgn%ﬁgyé@%aiﬁ

fromthe i niarfAc8 s6iak¢Hidnbite bihe pottlhamtlatousgpintheshputaignal iugeeprdance
adjust the filter characteristics to mnimse the ?cho si' nal . AdaQrt'éeVaﬁ
filters maywiteagsetoliinpeinkl yELcHiRsE SEAEPH AT Q&S 1‘%3{%&%|‘P%Yng !
acoustic_echo occurri. i, f . : i i in®Y&h 08 fodbwire link
Gener al 59 'IPWﬁ%ﬁe S5 A %%F&%?%ﬁ%‘g%%%ﬁwﬁt@gﬂg?g r_epet?ti véleyl,
updat ed to gfefGlart siPdiatihening sighel bdihg erdichiad abraighshe e5CHEY 1 e RYLREL] ve
echo cancel |l ation occurs even though the circuit r L Sty b :
comuni cat i ransof the Rous raFrglenks, ey PF P! ant%cgﬁ%et\flgoqu ?ﬁ;}aﬁ%k@% Iﬁgﬁlg%r&&a
cancel | atiof,, &id e @k LMohicheRSntdYRRB chavidfyell cofinected. The part signal is thus

present in the outgoing signal from the interface circuitry, being directed back to the far

15 end of the four wire link, to appear as a delayed "echo" signal. In this application, the
input of the filter may be connected to receive the incoming signal and the output is
connected to a subtractor which is also‘ connected to receive the outgoing signal from the
interface circuitry. The subtractor generates an outgoing signal, for transmission on the
outgoing signal path, which is the result of subtraction of the output of the filter from the

20 signal from the interface circuitry. The resultant outgoing signal is used to adjust the filter
characteristics to minimise the echo signal. ~Adaptive filters may be used in analogous

applications such as in cancelling acoustic echo occurring in full duplex communications

systems.

25 Generally, in an adaptive filter, filter coefficients are repetitively updated to effect
updating of the filter characteristics so that effective echo cancellation occurs even though

the circuit characteristics of the communications link change.

Customarily in acoustic or line echo cancellation, either an LMS (Least Mean Square) or
30 NLMS (Normalised LMS) method is used: An LMS echo canceller typically has one

adaptive filter whose coefficients are updated sample-by-sample. Figure 1 shows such a



30 NLMS (Nornalised LMS) nethod is used: An LMS echo canceller typically
has one adaptive filter whose coefficients are updated sanpl e-by-sanple.
Figure 1 wboawoach a WO 02/ 093774 PCT/ SGOL/ 00093 -2 conPemtSGonadoecho
cancel lation structure in block diagramform As shown in the figure, a
first conmunications channel 10 carries a far-end signal y(n) to a near-end
interface 30, and a second comruni cations channel 20 carries a near-end
signal x(n) back to the far-end of the comunications system In view of
i mperfect coupling at the near-end interfdce 30, 5 the second

conmmuni cations channel 20 al so carries an echo signal r(n), which is
undesirable. Accordingly, an adaptive filter 40 and signal adder 50 are

i ncl uded t ocaivegitdnal athol caasdllapian viradturedn biick alidgoam ddrmt. h @ seshhengn girafiguré g .

The signal adder 50 {s . ,coupled. into the _secqond c ni cati ons chanpel _20,

and adds th S&F@ﬁ%@%ﬂﬁl&ﬁ@nﬁ@ | e A cEengh Yy iha 2o Rt 63 Phe

adaptive fi i i j : > i i i )
Aggﬁ se%QnW%@&u%%ga%%g%ﬂegbe c%frheg & eeCchR & Igdggk@mbfe@o {1 fHend

desired to cance romthe signal a 0 on the second
communi cat i efthe chmnmelcafiOns systeeprlaseew od ithyertachyoupling abtheglesr-emblingatasd 3G t h

dotted I Lne represent functional c nents included,for. formung a.line
echo cantel 1%&r ¢ E%)‘?OHF—‘B?I”C @865‘%3811%22@ aﬁ%{%ccéfrfeérgn(e,&}%%) ?1%’?33385](:& néht s
nmay not be pRseMle. heocoliinly, aheusReR fillr Hodhdesidnal hdder t50aRE HeIlSRld thiter
coefficient updating and filtering are described by the follow ng

equat i ons. #Zdegst pardiak ¢ancelfatiopef thecscdatsignabuat i Rep signal adder 50 is coupled into the

T B O O S PSSR Bl g

coefficients in tine i ndex n an iS far-en
e(n) is thewithmn)sigiae frobh eeeadaptiviofin@ad(- whithtialk iebinats dfshd behossigiml sildeh is

Py(n) is the power of far-end signal which is given by P, (n) = (1- a) PP

(n -1) 4 yfsiired () cufielis | s 1ReOBBWbrreTar i iS%@,%égné@ePP Hrosierrnd .

accordi ng tQ,Eni8hchs ShaleMBo is Rpresented by u(n). The blocks indicated with dotted lines
represent functional components included for forming a line echo canceller (LEC). For

acoustic echo cancellers (AEC), these components may not be present.

15 With reference to Figure 1, the transversal filter coefficient updating and filtering are

described by the following equations.

Adaptive filter coefficients updating:
h(n+1)=h.(n)+2p.e(n).y(n—k)/ P,(n) (1)

20  where Ay(n) are the filter coefficients in time index » and filter tap £, y(n) is far-end signal,
e(n) is the u(n) when there is no near-end talking, u is the step size, P,(n) is the power of
far-end signal which is given by

P,(n)=(1-a)P,(n-1)+a.y(n)’ )
where a is the power normalised parameter, chosen according to the size of NLMS.

25

The estimated echo signal is given by

()= y(m)* h, () = NZ by (m)y(n—k) ©)

k=0

where y(n) is far-end signal and N is the length of the filter.

30 Finally the echo cancelled signal u(n) is given by



The estimated echo signal is given by N1 r(n) =vy(n) * hk (n) = E hk
(nNy(n - k) (3) k=0 where y(n) is far-end signal and Nis the I ength of
the filtew0o02887F nally the echo cancell ed signal u(n) isPgrs&01/byoNO

02/ 093774 PCT/ SGOL/ 00093 -3 u(n) = x(n) +r(n) -r(n) (4) where x(n) is the
near-end speech and r(n) is the echo fromthe echo path plus the additive
noise. If there is no near-end-talk, u(n) beconmes e(n) given by e(n) = r(n)
- r(n) (5 5 This error signal is used to update the transversal filter
coefficients for the next sanple. This NEMS algorithmis sane for both LEC
and AEC. A control nodule for double talking detection and freeze control
may be enpl oyed, but are not described here, since 10 this nay be of

conventional for [t G Lyonal filter algorithms can be fougpd, for
exanple, in Si rn){r;l(anlglay%;!z,+ %X_gjgpjti ve Filter Theory", Third Editi on,(qu

Prentice Halhere x896s theatdr-dRk gseetnaid t(rpisttbe echoAtanshd echBgfath plus the additive
Cancel | ati on- Al gf(r)ri thm and | npl erentati on on, the TVE320C8X", 15
Appl i cat i oo &rthere18pg neas-enddlkny @ hBeoMe §URBE MMVt eni ng of the far-end
signal is shown [n.bl _giggramformin Figure 2. In this systems)ya
Levi nson- Dur bin %QBoﬂﬁgtn1?§ used to calculate whitening filter ")
coefficients. The decorrelated far-end and residual signals are used to
update the 20 transversal filter coefficients usi n%_ NLVS_net hod. Ada&pti ve
filter coefThisernt signalds wsdde apdatethertenpsrsah§ltetoeRicignts for the next sample.
=hk(n)+2p..e' (n).y' (n-k)/PP(n) (6)
This NLMS algorithm is same for both LEC and AEC. A control module for double |
talking detection and freeze control may be employed, but are not described here, since

10 this may be of conventional form.

These conventional ﬁltef algorithms can be found, for example, in Simon Haykin,

“Adaptive Filter Theory”, Third Edition, Prentice Hali, 1996., and Texas Instruments,

“Acoustic Echo Cancellation-Algorithm and Implementation on the TMS320C8X”,
15 Application Report, 1996.

A system employing pre-whitening of the far-end signal is shown in block diagram form in
Figure 2. In this system, a Levinson-Durbin algorithm is used to calculate whitening filter
coefficients. The decorrelated far-end and residual signals are used to update the

20 transversal filter coefficients using NLMS method. Adaptive filter coefficients are updated
as following.

hy(n+1)=h,(n)+2p.e'(n).y' (n-k)/ P,(n) (6)

where the modified far-end, echo signals, error signals are calculated by

V) =y * i) = 3 W)y ~k) )
25 r(n) = r(n)* wn) = Ni—:w(k)r(n -k) (8)
e'(n)=r'(n)—7'(n) €)

where w(#) is the FIR filter coefficients which is estimated in intervals of about 16 ms

using the Levinson-Durbin algorithm.



where the nodified far-end, echo signals, error signals are calcul ated by
N'-1 y' (n) =y(n) *wn) _ XwWk)y(n - k) (7) k=0 25r"(n) =r(n) * wn) _
WK)r(n -wk)208)774 k=0 €' (n) =r'(n) - P (n) (9 where W RCTISG01/h@9%| R
filter coefficients which is estimated in intervals of about 16 nms using

t he Levinson-Durbin algorithm W) 02/093774 PCT/ SGOL/ 00093 -4 The power is
estimated using the nodified far-end signal which is given by P, (n) =
(1-a)P' (n-1)+a.y' (n)2 (10) 5 The nodified estimted echo signal is given
by N1 P (n) =vyi(n) * hk (n) = hk (n)y'(ﬁ‘- k) (11) k=0 For transversal
filtering, the estimation of echo is given by: N1 ?(n) =vy(n) * hk (n) _
Y, hk (n)y(n - k) (12) k=0 10 as in equation (3). The echo cancelled
signal is given by u(n) = x(n) +r(n) - P(n) (13) 15 In Figure 2, the two

filters H(z) have sane set, of ffici . i qght,-. i
( '%he power?s estimated usmgC 1% mdd?ﬁee(ir]fta.rs—endngnaﬁ I‘\Kgl?éh gag?\%n%@e I's used to

P,(n)=(1-a)P,(n-1)+a.y' ()’ (10)

5 The modified estimated echo signal is given by

N-]
Py =y (n)* b (n) =) h (W' (n—k) (11)
k=0

For transversal filtering, the estimation of echo is given by:
N-1
P = y(n)* By () = 3 I (m)y(n—k) (12)
k=0

10

as in equation (3).

The echo cancelled signal is given by
u(n) = x(n)+r(n)—r(n) (13)
15
In Figure 2, the two filters H(z) have same set of coefficients. The right-hand one is used to
update its coefficients using a whitened error e'(n) signal and a far-end y'(n) signal. The
updated coefficients are passed to the left-hand side as shown in Figure 2, and the left-hand
adaptive filter takes y(») as its input to estimate the echo. Finally, u(n) is sent to the far-
20  end.

This technique is described, for example, in Rudi Frenzel and Marcus E. Henecks, “Using
Pre-Whitening and Step Size Control to Improve the Performance of the LMS Algorithm
for Acoustic Echo Compensation”, IEEE International Symposium on Circuits and

25  Systems, Vol 4, pp 1930-1932, New York, 1992.

In speech coding, a perceptual weighting technique may be used. In this system, a time-
varying short-term prediction filter 4(z) is used to produce synthesised speech. Updating of

this filter’s coefficients is done on a frame-by-frame basis. A frame of speech samples (120



update its coefficients using a whitened error e'(n) signal and a far-end
y'(n) signal. The wupdated coefficients are passed to the left-hand side as
shown i n Wogane3724 and the | eft-hand adaptive filter takesTwGo)/o@e3its
input to estimate the echo. Finally, u(n) is sent to the far- 20 end. This
techni que is described, for exanple, in Rudi Frenzel and Marcus E. Henecks,
"Using Pre-Whitening and Step Size Control to |Inprove the Performnce of
the LM5 Algorithm for Acoustic Echo Conpensation”, |EEE International
Synposiumon Circuits and 25 Systens, Vof-4, pp 1930-1932, New York, 1992.
I n speech codi ng, a perceptual weighting technique may be used. In this
system a tinme- varying short-termprediction filter -4 (z) is used to
produce sy iﬁﬁ% i veRichal LeVigEoSDeash b@ireot Sa k& ¢fone
on a frane?%?ggra k%g?f@ﬁﬁﬁyf?ﬁ%g&%ﬁpégge@% sanpl es (120 WO 02/ 093774

PCT/ SGOL/ 0GB&3-ternb LPE @éficentpiseeympusecs (e dusigredrameedhsiamplesordls eicither the

Lovi . burbi . ¢ o hort. DeRbbls
Gomput ed. FEIR PGB Ue ARSI s SHb bl B e P LEE SMiSdchi. The
(for AEC appkdchalria08®)si@ial’s epoRsiy iledreédgispedeh (for LEC applications). The

speech or audio signal's synthesis filter is given by 1 15 1- A(z) 1- P
a(i)z (14) i= where a(i) ils the short-term LPC coefficients and g@s t he
4.

LPC filter orderj_Amzexanpte is, illustrated in Figure 3 and Figur
Fi gure 3 shows a speech! _ ©@F m and Figure 4 shows the speech spectrum
and its envel ope. The diagrfamin Figure 3 is graduated according to |inear

anpl i tude i L6y & thi GRbrt-BHSLBO dobiiRRELs M6 SR 89C fltdrieddt0Anzaaingle is
axis. The 10 diagramin Figure 4 has a vertical axis graduated according to

magni t ude iiHushetidoiel Rigyrd B)and Figiire 4 WogHecnthas &specchoyaveigBhaidigews 4 shows
frequency iy Hertz. A.reducti J it f. i el 8cd b
speech speé{}? eRCr Sgﬁgﬁgjd&b%/ﬁ%&dgo%ﬁ%m}%eo&n%gargenrlc%g t€§|1§\%epﬁf&3‘ te?r?gcérolrn#aqﬁt
(hi gh ener gifkaf kdnpBtude Thitlse vaticgtaxioandeumnbgt aradamples in the horizontal axis. The
10 diagram in Figure 4 has a vertical axis graduated according to magnitude in decibels (dB)

and a horizontal axis corresponding to frequency in Hertz.

A reduction in amplitude of peaks is possible if the speech spectrum is shaped by a
conventional perceptual weighting formant (high energy) filter. This is not for perceptual
15 weighting applications, but to produce whitening effect. The synthesis filter in Equation
(14) is used to construct the perceptual weighting filter. The formant weighting filter has a

transfer function:

p
1— o i
C1-Azl) 2,407,

= = (15)
1~A(z/y,) 1— a(z’)z"'yé

I

It

w(2)

K

]
—

where v, and y, are bandwidth expansion factors between 0 and 1. Typical values are
20 v;=0.7, 12 = 0.9. One example of the whitening filter frequency response is shown in
Figure 5. To simplify this auto-recursive ﬁaoving average (ARMA) filter with FIR filter, its
impulse response is calculated and truncated with N, samples. The inputs response is
denoted by A,(n), n=o,..., N, — 1}, where N, 18 the'length of the weighting filter. A typical
value might be 2p.
25
A perceptual weighting technique is described in A.M. Kondoz, “Digital Speech-Coding
for Low Bit Rate Communications Systems”, John Wiley & Sons, 1995.



15 weighting applications, but to produce whitening effect. The synthesis
filter in Equation (14) is used to construct the perceptual weighting
filter. TWeokooatant weighting filter has a transfer functcarsGoRodoa(i)z
Wz)- 1-A{zly~) _ ~~ (15 I|-A(z/Y2) 1- a()z yt 2 r=t where yl and '2
are bandw dt h expansion factors between 0 and 1. Typical values are 20 yl=
0.7, 'Y2 = 0.9. One exanple of the whitening filter frequency response is
shown in Figure 5. To sinplify this auto-recursive noving average (ARWA)
filter wwth FIRfilter, its inpulse resﬁ%nse is calculated and truncated
with N, sanples. The inputs response is denoted by h,,(n), n=o,..., Nu -
11, where N, is thedtlength of the weighting filter. A typical value m ght
be 2p. 25 A perceptual weighting technique is described in AM Kondoz,

"Digital h- Codi f L Bt t tens!, ..Joh
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cancel | al| g 8%, 0950KPeAIWEhD LELPIRNESNEI TLAN & fonglInd BChEH by 0
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track the ec 0- pa converge I f the echo ta t he
i nput si gnaighls cotrelgtely The desiridte gre-Wheenleg dedhbaygie pney wmmoenithcg comchgengee

may i nprove t he conv ce b ed, but the stea ate may

be af f ect eapee’?hp‘ét th%'&g@g g“etﬁ%%t}'asltad‘éfnaé'rq’e ‘?’éz ?ggh—ﬁ sip e%ﬁgggfco%:%eé)enor

which is uggdatia aﬁbﬂl 208 v 9hash 8Ndalculste AR grhdiend i9Abt 188 RG] &k@Anal as

in Equation (5), ich is sent to near-end as echo cancel | ed signal .

M ni mi si ngas & qga(ﬂgm(g) which is sent to near-end as echo cancelled signal. Minimising |¢'()P is
not equivalent to minimising ]e(_)l , while e(n) or u(n) is the signal sent to the far-end
user.

10
This proposed method is especially suitable for LPC vocoders in LEC applications, such as
those known as G.723.1 and G.729. This is because the LPC coefficients are available at

the decoder and do not need not to be calculated.

15 In one aspect, the invention provides an echo canceller having an adaptive filter with first
and second inputs for receiving, respectively, an incoming signal, and an outgoing signal
which may include an echo componeAnt deriving from the incoming signal, and means for
adjusting, repetitively, and in accordance with an input signal, coefficients of tﬁe filter to
tend to lessen the echo component in the outgoing signal, wherein the means for adjusting

20 s arranged for applying whitening filtering to the incoming signal for filtering by the filter.

For example, the means for adjusting may include a whitening filter arranged for receiving
the incoming signal and applying whitening to the incoming signal before application to
the filter.

25
The means for adjusting may have multiple weighting adaptive filters, for whitening

segments of the input signal before application to the first input of the adaptive filter.

In another aspect, the invention provides a method of at least partially cancelling an echo
30 component in an outgoing signal, the echo component deriving from an incoming signal,

by use of an adaptive filter connected to generate a filtered signal derived by filtering the



not equivalent to mnimsing )e(j2 , while e(n) or u(n) is the signal sent
to the far-end wuser. 10 This proposed nethod is especially suitable for
LPC vocodwpn2ioms7zEC appl i cati ons, such as those known as PGIiR&81/400and
G 729. This is because the LPC coefficients are available at the decoder
and do not need not to be calculated. 15 In one aspect, the invention
provi des an echo cancel l er having an adaptive filter with first and second
i nputs for receiving, respectively, an incom ng signal, and an .outgoi ng
signal which may include an echo conponeht deriving fromthe incom ng
signal, and neans for adjusting, repetitively, and in accordance with an
i nput signal, coefficients of the filter to tend to |l essen the echo
conmponent iiAcdhiReQlida0iag cdhdndhg thBitatd sichs witlats ddpgoiadjsigel; rvhepdn issid
arranged for appﬁyi ng whitening filtering to the incom ng signal for
filtering Wiltaring 1f1¢hlg¢§rwhﬂqn&g- exanpl e, the neans for adjusting may include
a whitening filter arranged for receiving the incom ng signal and applying
whitening to the incomng signal before application to the filter. 25 The
neans for atjrustaidige,mhy Wisainis appliedvei hhtinergniad apgnial ebeforet fltesingf by said
whi t eni n segnent.s of the input signal before application to the first
i nput of tr?élaﬁﬁéepmt?/fe filter. In another aspect, the invention provides a
nmet hod of at |east partially cancelling an echo 30 conmponent in an
out goi ng signal, the echo conponent deriving froman incomng signal, by
use of an asteptdntseofitht trgrt Hewel ewtyd Wiitegedh befateappliratiandpdbe ggifnal deri ved
by filtering the WD 02/093774 PCT/ SGOL/ 00093 -7 incom ng signal, and
conbining the filtered signal with the outgoing signal; wherein said
filtering i Reddigias wwvet@eieptinvEaiongiareik also pheviddd 4 methong fosechpphietatian inhe
incomng signal before filtering hy said .5 adl%glti ve filter. .
?O a communications system gavmg incoming co unications sighals and outgoing
communications signals wherein the outgoing communications signals include an echo
signal derived from the incoming communications signals, and wherein the incoming

communications signals comprise a series of digital data samples, the method including:

15 generating weighting filter coefficients based on linear predictive coding coefficients
calculated from a block comprising a plurality of sequential samples of the incoming

communications signals;

filtering the incoming communications signals through a weighting filter utilising said

20 weighting filter coefficients to produce a weighted incoming communications signals;

generating estimated echo signals by filtering the incoming communications signals
through an adaptive transversal filter, the adaptive transversal filter using adaptive filter
coefficients; and

25

subtracting said estimated echo signals from said outgoing communications signals to

produce error signals;

wherein said adaptive filter coefficients are determined for each sample in said block on

30 the basis of said weighted incoming communications signals and said error signals.



Segnents of the input signal nay be whitened before application to the
filter. According to the present invention, there is also provided a nethod
for echo warembization in 10 a comruni cati ons system havi RgTISGOONI0NE)
comuni cations signals and outgoing comrunications signals wherein the

out goi ng communi cations signals include an echo signal derived fromthe

i ncom ng comruni cations signals, and wherein the incomng conmunications
signals conprise a series of digital data sanples, the method including: 15
generating weighting filter coefficients &ased on |linear predictive coding
coefficients calculated froma block conprising a plurality of sequential
sanpl es of the incom ng conmmunications signals; filtering the inconing
communi cat s r%k&@%\?enhbﬁ G 6idah tah NGné i deh@lict! bl 1§8d 1 a SRinBnurdations
wei ghting fi tBr Coefficrents to produce a wei ghted incom ng conmmuni cations
signals; ggstemahiving ésbimisg edmeviicatpupnsigealppnd jdutgning gompBIniGations pignals

comuni cations signals .through an.adaptive.transversal filiter.

adapt i ve t MEHEYBr 5|oufgq1qgepoxag1urt}6:ag@gp$g§1ﬁ!s fl}cplfd;eran 8%2{1‘ f llg%:l%ﬂe(g rgeﬁﬁ%fnz%le
subt r act | Ngn&fhile Clumilakieslihs Nl gnalds vheRi U thauigel agurotitiune aighsios
signals to prodtuce error signals; wherein said adaptive filter

coef f i ci entonarise deecrgsmilgégital data saroples dhptcdoicancelpiingludig on 30 the basi s
of said weighted incom ng comruni cations signals and said error signals. WO
02/ 093774 PCT/ SGOL/ 00093 g The present invention further provides an
echo canceld weigh@fig ARer doBffiie® geRuIAtoafor gaseratinesye ghtep/fitter dorffmntgbased on
comuni cations signals and outgoi.n com cgti on% sciéﬁgnal s. .wherej nlrthef
out goi ng cdHPAN DEGHTASCOSigneqedliFiplp (FR P HAG 00T CHBPTIRY % PSRhE

| ncom ng. ¢ QEIUNGALIANS: of Bl SmiKbneli 8idnd igndiicomt ng. communi cat 1 on

signals 5 conprise & series of digital data sanples, the echo canceller
includibg: a weighting filter coefficient generator for generating

wei ghti ng fe{ L/%iefgﬁltiﬁg %fltfe% ﬁ)lr%ﬂ%e%intg)%ﬁee gncglg]ling communications signals using said weighting

filter coefficients to produce weighted incoming communications signals;

an adaptive transversal filter for generating estimated echo signals by filtering the

15 incoming communications signals using adaptive filter coefficients; and

a signal combiner for subtracting said estimated echo signals from said outgoing

communications signals to produce error signals;

20 wherein said adaptive filter coefficients are determined for each sample in said block on

the basis of said weighted incoming communications signals and said error signals.

In one form of the invention a plurality of adaptive transversal filters are provided, each
generating respective estimated echo signals that are subtracted from said outgoing
25 communications signals, the plurality of adaptive transversal filters each using different

adaptive filter coefficients.

The invention is further described by way of "example only with reference to the
accompanying drawings in which :
30

Figure 1 is a block diagram of an LMS echo canceller;



| i near predictive coding coefficients calculated froma bl ock conprising a
plurality of sequential sanples of the incom ng communications signals; 10
a wei ghtiwg okiobz7es for filtering the incom ng comruni cati ®CI/SGoYn@P3 usi ng
said weighting filter coefficients to produce wei ghted i ncom ng

conmuni cations signals; an adaptive transversal filter for generating
estimated echo signals by filtering the 15 incom ng conmuni cations signals
usi ng adaptive filter coefficients; and a_ signal conbiner for subtracting
said estimated echo signals fromsaid out%oi ng conmmuni cations signals to
produce error signals; 20 wherein said adaptive filter coefficients are
determ ned for each sanple in said block on the basis of said weighted

i ncom ng conmuni cations signals and said error signals. In one formof the
invention a plurali of adaptive transversal fi I ers rovi ded, each
generating Elégfﬁé’clﬁla\%o &elipgramed aadidS §?I@f§1ﬂ§el¥eﬁé’l‘fﬂ‘eﬂr§ "gﬁfﬁf‘g‘ﬁct ed fromsaid
outgoi ng 25, communi cations signals, the plurality of adaptive transversal
filters each using different adaptive filter coefficients. The invention

i s further FWgser3 heeprbyentuipnodf speechanpieforonl y with reference to the
acconpanyi ng drawings in which : 30 Figure 1 is a block diagramof an LMS
echo canteller; WD 02/ 093774 PCT/ SG01/ 00093 -9 Figure 2 is a block diagram

of an LM5 eghq e%ﬂ‘%@ﬂrle&&ta‘f‘l‘oﬁ?oﬂp%edﬁ‘sip%@cﬂhﬂﬁnd1tEt:x§mJI e IS representations
of speech wa ]%orm Figure 4 i's representations of speech spectrum and

its envel ope; Figure 5 illustrates exenplary weighting factors Y2 0.7y2 =

const st o el itk ee e pRidhibe BAS AT 71 §9NRaGAEE! | o1

10 Figure 6 is a block diagram of an echo canceller constructed in accordance with the

invention;
Figure 7 is a block diagram of an equivalent structure of the echo canceller of Figure 2;

15 Figure 8 is a block diagram of an equivalent structure of the echo canceller of Figure 2

with multi-weighting filters;

Figure 9 diagrammatically illustrates procedures for using G.723.1 LPC coefficient to
calculate a whitened far-end speech;

20
Figure 10 diagrammatically illustrates procedures for calculating LPC coefficient and to

whiten the far-end speech;

Figure 11 is an exemplary spectrum comparison, after 128 ms; and

25

Figure 12 is an exemplary comparison, after 3072 ms;

Figures 6, 7 and 8 illustrate implementations of an 'echo cancellation system in accordance
with embodiments of the invention. Figures 6 and 7 are structures for short-tail lengths

30 while Figure 8 shows a structure for long tail-length applications.



invention; Figure 7 is a block diagramof an equivalent structure of the
echo canceller of Figure 2; 15 Figure 8 is a bl ock diagram of an equi val ent
st ruct ur ewofo2ibs7echo cancel ler of Figure 2 wth multi-weCghsGongoos | ters;

Figure 9 diagrammatically illustrates procedures for using G 723.1 LPC
coefficient to calculate a whitened far-end speech; 20 Figure 10
diagrammatically illustrates procedures for calculating LPC coefficient and

to whiten the far-end speech; Figure 11 )ij; an exenpl ary spectrum
conparison, after 128 ms; and 25 Figure 12 is an exenplary conpari son,
after 3072 nms; Figures 6, 7 and 8 illustrate inplenentations of an'echo
cancel l ation systemin accordance wth enbodi nents of the invention. .

Fi gures 6 aRased car hesneigytafrtbe spentrughenvelapgial 4 wsgethsigngo witghtiag gpgiiering)
shows a strycture. for..l il=l t I:cat | : : : :
PCT/ SCO1/ 00BeFIE T@P%%%“g{é%c%% T S%ﬁ%rég% é‘zg@h@%@ dsd% c%‘?ﬁ%@%@’l@%@é’fs@al '

speech si gngdendyveia@biidrigmGitipld evighdhg addpivefilteg may dppisedth thitéheadhrypaech
signal for coefficient adaptation. Since the spgech signal . is .
pseudo- st at §egHERYIn erdpt oAcaieye bglitiWyteamgmiiests i thetail ée%awd%%é@a gdgptive
whi ten each g . R, .t i : teni f i f
the tail o) oREERoNE FIREONERIHciLR 26APe! QIARILE A Bi T JOALEN Mok 89O
be cal cul at egfficiens] FoediE(rapdiictions ifotie ndpc(dd®Qs acbBEftypd antederFthe LEC

applications, f. the decoder js.a LPC-type vocoder, .t.he.LPC coefficients
are at hand®OfhdcIFRts g %g‘ﬁn‘ﬁé%ciegé%\? nteﬁesgegm‘ﬁi’ag‘f‘ga%‘wgeﬁf ! Girlcpggcmms' Ou
coef ficientge Mer hBSd TbNEbn NEPC LR cARO AdpGeitiRS, eRde L okffRid@NSan theese
LPC coefficients can be calculated using the Levinson-Durbin method.

Dynami ¢ wei efheulatgd fusingeths heyingpa-Rubdin 16 igSrqightinge fiters may be are

coef fi cignt cso'mposed using the LPC coefficients.

After weighting the input signal, the decorrelated far-end signal as well as a non-whitened
error signal may be used to update the transversal filter coefficients. Once the adaptive
transversal filter coefficients are obtained, the echo signal may be estimated by passing the
15 original far-end signal to the transversal filter, such as is described by Equations 3, 12 and

18.
Broadly, the following steps are performed:

20 Determination of Weighting Filter Coefficients

1. Buffer N, samples (e.g. 60) of far-end signal to make up one frame Nj,, samples
(e.g. 180) which consists of current block and two previous blocks. If an LPC vocoder is
used in LEC, the block size for caIcuIat'ing whitening filter coefficients is chosen according

25 to vocoder’s subframe size, i.e. 60 samples for G.723.1 and 40 samples for G.729.

2. The Levinson-Durbin method is applied to calculate LPC coefficients. For LEC
and LPC decoder applications, the LPC coefﬁcier‘fts are not calculated from the decoded
speech but directly decoded from the bit-stream (Equation 14).

30
3. Calculate and update weighting filter coefficients (Equation 15).



After weighting the input signal, the decorrelated far-end signal as well
as a non-whitened error signal may be used to update the transversal
filter cowDfizobim s. Once the adaptive transversal filtercassiha@vents are
obt ai ned, the echo signal may be estimated by passing the 15 ori ginal
far-end signal to the transversal filter, such as is described by Equations
3, 12 and 18. Broadly, the followi ng steps are perforned: 20 Determ nation
of Weighting Filter Coefficients 1. Buffer Nsub sanples (e.g. 60) of
far-end signal to nmake up one frame N,, - llsanmples (e.g. 180) which
consists of current block and two previous blocks. If an LPC vocoder is
used in LEC, the block size for calculating whitening filter coefficients

is chosen according 25 to vocoder's subfranme size, i.e. 60 sanples for
G 723.1 and 40 sanples for G 729. 2. The Levi nson- Dur bIQ thog plied
to cal cul athel B@vemenfiprsdenrosedral stepr 1-hrige (then dercgtesr lé?glg 5% qc 1ihﬁe

LPC coefficient.s are pot cal cul ated fromthe decoded speech but di rect |y
decoded fr dHYYHES ng Stream (Equation 14). 30 3. Calcul ate and update
wei ghting filter coefficients (Equation 15). WD 02/093774 PCT/ SGO1/ 00093
-1l The aboverrentl oned pro edur al are then repeated bl ock by
bl ock for tWrdatingebhiangversaaalier Goeuig gt nsversal Fil ter
Coefficients and Fllterl ng 4. Filter the far-end signal by this weighting
filter. The output of this weighting filter is used to update transversal
filter coefdici enitter thcﬁaraetndmgﬂhY)ay t1ie V&lghﬁpgéﬂ'@r fThet@ﬁp‘@dﬁffhlﬁdﬁ’%gh@gLfﬂi%g
wei ghted far-end signal an nal (Equations 16 and
21). 6. Estlf H#IdOUR atEFﬁBSVB?a? F 1jter, CrolgﬁI 1etnﬁs (9?’1?%‘?%% “far-end signal
(Equation 18). 15 7. Subtract the estimted echo and send to far-end
(Equation 21). . . . . .

10 5. Update filter coefficients using weighted far-end signal and non-weighted error

signal (Equations 16 and 21).
6. Estimate the echo by filtering the original far-end signal (Equation 18).
15 7. Subtract the estimated echo and send to far-end (Equation 21).

The procedural steps 4-7 are repeated on a sample by sample basis.

20 Embodiment

Suitable echo cancellation structures are shown in Figures 6 and 8, respectively, for short-
tail and long-tail echo path applications. The equivalent structure of Figure 6 is shown in
Figure 7. In Figure 8, multiple weighting filters are used for far-end speech. Since speech

25 signal is not stationary, it is preferred to weight the far-end speech signals segmentally.

Referring to Figure 6, an echo cancellation circuit 100 is illustrated in block diagram form.
The echo cancellation circuit 100 is provided to ;'educe or eliminate echo signals which
arise at a near-end interface 120. A decoder 110 is provided to receive a far-end bit
30 stream, and decode the bit stream to produce a far-end signal y(n) on a first

communications channel 112 which is coupled to the near-end interface 120. The decoder



The procedural steps 4-7 are repeated on a sanple by sanple basis. 20
Enbodi nent Suitabl e echo cancellation structures are shown in Figures 6 and
8, respecwpbweloy3774 or short- tail and long-tail echo path apoplScGoavécons. The
equi val ent structure of Figure 6 is shown in Figure 7. In Figure 8,
multiple weighting filters are used for far-end speech. Since speech 25
signal is not stationary, it is preferred to weight the far-end speech
signals segnmentally. Referring to Figure 6, an echo cancellation circuit
100 is illustrated in bl ock diagramforml2-The echo cancell ation circuit
100 is provided to reduce or elimnate echo signals which arise at a
near-end interface 120. A decoder 110 is provided to receive a far-end bit

30 stream gRGnaeeoderitd cbibosdnt @dm liRappredistes aodiag (BAC) soorigl oy@na)libﬁn a
first comunications channel 112 which i's coupled to the

e

i nterface mﬁﬁh@m@@mﬁom@wm@mvxﬂ@rﬁsmiﬁb ga@ear E%éfeﬁ%izzo and
conprise a co e FheOfhedrR@d
ke, *The ¥ PUPUEtulhi D PRTReAPEE Haild S SACLRS G (OBORE b
near - end i nherhasel22qo mladfaraundou@rpmunmatzonss spiten. provi decisfedr herggwbave. a

near-end signal x(n) fromthe_ nea nterface 120 to a
comuni cat i lgn@ @Vgtf)éﬁmaﬁ@eﬂ pad (esh gfcg: HEHEeET & ]tﬁw%ra% m%grf;a%gg gR €™ and

the |ike dea%?e qs]%orﬁ&(f @1& II'HFHIJ’H ?g% - &0 sighiiey;hias ablacan:; an(h@hs&gmap(i(rt)l on
of the incomn r-end signa to appear as _an echg signal r(n)
t oget her wi tbgethdsrewnhahxe wyac-esd gngaal x((lhc,m the qwm@ltdQEplﬁccmznglAc%?S&m@q of thgp

estimat e of reflected sj fr

near - end out G‘Ete‘ﬂjéligﬁﬁl el ggflﬁﬁ%g alél?sfra%%gg{-%}l% %g@&%ﬁ@ﬁ?h atsgé‘éqa?)gg%ea
signal u(n) 1%0%@@@@“51 cwpgfsbﬂag gjmui’glnalaﬁ(m@ 08 alﬁbcoh@mn'@om‘g&zzmﬂmcatlons
conpensated out put si I's passed to

encodln circu 14Q
transm $8i othaneeltlRa. f C@ﬁﬁ)eé@?ﬁﬁ%?ﬂtﬁ‘ﬁtﬁl%ﬁk 1SSRF§ e(gntP eRCQ\%Pé GEFHEY ¢ ip’t Lﬁf %5
is coupled to rece SN s svéiBh. from the first
conmuni cat |t5ﬂ]§m&§% dr?ntgltﬁy%ﬁ eﬁq‘ﬁe o&tﬁicut of yt he weighting filter 162 is
coupled to provide 15 input to an adapt| ve transversal filter 164. The

out put of ada&%{gﬁmg Yer” To2 ?sl c]:){qlolgc? 10 38&i\& the far-end signal y(o) from the first

communications channel 112. The output of the weighting filter 162 is coupled to provide
15 input to an adaptive transversal filter 164. The output of adaptive transversal filter 164 is
coupled to the input of an inverse weighting filter 166, which generates the estimated
reflection signal -r(n) that is provided to the signal adder 130. A weighting filter
coefficient update processor 160 is coupled to receive output from the decoder 110 for
generating updated weighting filter coefficients, which are then passed to the weighting

20 filter 162 and inverse weighting filter 166.

Figure 8 is a block diagram of another embodiment of echo cancellation circuitry
according to the present invention, which is adapted for long tail echo path applications. In
particular, for long tail echo path applications, it is preferred to apply echo cancellation

25  over several consecutive segments. Accordingly, a plurality of adaptive transversal filters
164 and signal adders 130 are provided sequentially in the transmission path from the
near-end interface 120 to the encoder 150. The far end signal y(n) and the output of the
weighting filter 162 are provided to the respective "adaptive filters 164 through buffer delay
components 170.

30

Symbols



coupled to the input of an inverse weighting filter 166, which generates
the estinmated reflection signal -r(n) that is provided to the signal adder
130. A wewoheiopgy74ilter coefficient update processor 160 PCI/SGoupioes to
recei ve output fromthe decoder 110 for generating updated wei ghting
filter coefficients, which are then passed to the weighting 20 filter 162
and inverse weighting filter 166. Figure 8 is a bl ock diagram of another
enbodi ment of echo cancellation circuitry according to the present

i nvention, which is adapted for |ong tarl3echo path applications. In
particular, for long tail echo path applications, it is preferred to apply
echo cancell ation 25 over several consecutive segnents. Accordingly, a
plurality of adaptive transversal filters 164 and signal adders 130 are
provi ded sequentially in the transm ssion path fromthe near-end interface
120 to the wdolsised imthe follgwina aresugmaansgd g3 ©O4RYSt he out put of the

wei ghting filter 162 are provided to the respective adaptive filters 164

t hrough buffer delay conponents 170. 30 Synbols WO 02/ 093774

PCT/ SGOL/ 00093 p-fieThéexsiiimaple used in the foll owing are summarised as

follows: n-time _index in sanple 5 N-tail length in sanple Nb-block or
subf r aned | engt h NVl lenghg s@Plengt h Nb- Number of blocks in N-tail |ength,
NN, “MFWBiqﬁgbﬂgkg}%hﬁﬁmkgguwgngth 10 Adaptive Weighting Filter A
filter of the kind use or perceptual filtering is used.

Npm-frame length
Ny-Number of blocks in N-tail length, N/Ngm
N,~weighting filter tap length
10
Adaptive Weighting Filter

A filter of the kind used for perceptual filtering is used.

15 Due to non-stationary effects, the long tail length is divided into segments and each
segment is applied with its own weighting filter. Figures 9 and 10 show the operation of

weighting filters.

LPC Vocoder Based Applications
20
In this application, it is assumed that there is a decoder such as of the types known as ITU-
T G.723.1 or G.729, these being LPC-type vocoders. This provides reconstructed LPC
coefficients that are ready to use, and so there is no need to calculate them from the linear
PCM signal. In this case, the subframe size N, is as same as the vocoder. One example is
25 shown in Figure 9. In the Figure, only the current frame decoding procedure is shown. The
N,, historical signal samples of y(n) are used to calculate y'(n) at the very beginning of the
frame. N, is the order of weighting FIR filter. For next frame decoding, the same

procedure is used.

30 In the Figure, the first sample falling in each block is denoted by »(0). In each block, the

different y(0) may have different values. From the bit stream, the four subframe’s LPC



15 Due to non-stationary effects, the long tail length is divided into
segnents and each segnent is applied with its own weighting filter.

Fi gures 9werd/odfy7show t he operation of weighting filtersPCrRGoYowosier
Based Applications 20 In this application, it is assuned that there is a
decoder such as of the types known as ITU T G 723.1 or G 729, these being
LPC-type vocoders. This provides reconstructed LPC coefficients that are
ready to use, and so there is no need to calculate themfromthe |inear
PCMsignal. In this case, the subframe sil4e Nb is as sanme as the vocoder.
One exanple is 25 shown in Figure 9. In the Figure, only the current frane
decodi ng procedure is shown.. The Nw historical signal sanples of y(n) are

used to calgi ke bY chRllafid. The wearitinpqlien M (BDisofaldulted heandingbasedtdnethe
order of weighting FIRfilter. For next frane decod| ngl, t rocedure

he sane
i s used. 3@pphcablred(@) Jlapwing farend pigael yeartproash A1) viglds lee‘é(e#ghﬁaétﬂ@agi n).
denoted by y(0). In each block, the different y(0) nay have different
values. Fromthe bit stream the four subframe's LPC WO 02/ 093774
PCT/ SGOL/ 0QGRABLPCl¥oéddel epplientibe cal cul ated. The weighting filter Wz) is
cal cul ated accordingly, based on the applicable A(z). Passing far-end
si gnal y5( n) through Wz) yields the weighted signals y'(n). Non-LPC
Vocoder AppliCati pp CS?JRQ aﬁpl%ﬁbﬁ,p&:{e pire _c@ﬁﬂl:ieﬁ@édr@ Ralcul€ed Béng ??;Lkﬁhm S

are cal cul ated using evinson- Durbin method. For each of the
sanpl es it DwbmegeihoddFoweaghdxttbe tNhesampilaghit iishteatired éo upddiefthe wicightiog fiteer e

are several s to date the ighting filter coeff]Gi i i ng
one bl ock I°8\§ﬁ%éﬁ’?&§a;i§ﬁed agn%evg#fvggrﬁ tBI“g’g ﬁgeattgev% lgﬁénsg gll}ltgptﬁ%efgl%ﬁtg' QHSCE.
One 10 exapRgeoreOblopl bk Weall dnd Glromirend bidolldsewdlD as loheFirguives bldck! Dnee

Nb sanples are used to calculate LPC coefficients. A wi ndow ng
10 example to update W(z) is shown in Figure 10.

In Figure 10, three N; samples are used to calculate LPC coefficients. A windowing

technique can be used for threé N, samples before computing the LPC coefficients. The

delay due to the buffering effect is 2*N; samples. For AEC applications, this extra delay
15 does not greatly affect the audio signals.

Adaptive Transversal Filter

The equivalent structure of Figure 6 is shown in Figure 7. These represent the same

20 topology. The coefficients updating is performed as follows.

(4 1) = by (n) + 2ps.2(n).y'(n — K) P, () (16)
Y(m) = y(3) () = 3 wE)y(n ) 17
F(n) = y'(m)* b, (M) * w'(n) = y(m)* h, (n) (18)
P,(n)=(1-a)P,(n-D+a.y'(n)? (19)
:"25 u(n) = x(n) +r(n) - r(n) (20)
e(n) =r(n)—7#(n) 2D

where w'(n) is the impulse response of the inverse weighting filter 1//(z). It is assumed
that w(n)*w'(n) = 8(r). If truncated at 2p for impulse responses, w(n)*w'(n) is almost

identical to &(n).



techni que can be used for three Nb sanpl es before conputing the LPC
coefficients. The delay due to the buffering effect is 2*Nb sanpl es. For
AEC appl iweatieogs74this extra delay 15 does not greatly afrCasGoih@oaudi o
signals. Adaptive Transversal Filter The equival ent structure of Figure 6
is showmn in Figure 7. These represent the sane 20 topology. The
coefficients updating is perforned as foIIows hk (n + 1) = hk (n) + 2
y.e(n).y' (n - k) / PY (n) (16) MNw1y' (n) =y(n) * wn) _ wk)y(n - k)
(17) k=0 P(n) =y" (n) * hk (n) * V\f(n)"lé'y(n) * hk (n) (18) Py (n) = (1-
a)PP (n -1) +a.y'(n)z (19) 25 u (n) = x(n) +r (n) - r(n) (20) e(n) =r(n)
- P(n) (21) where w (n) is the inpulse response of the inverse weighting
filter 1IWz). It is assumed that w(n)*w (n) 5(n). If truncated at 2p
for inpulse responses, wW(n)*w (n) is al npst

]d nt cal 5{%% WO .. .
02/ 093774 FI@'E@@ZIHIA 36098 coeflip@nisArEgRaatrd Wil ik f ) uper ﬁl?ecP us SoHIGISRI ed
Wi t h Ahk(n+1 {}%’iﬁ{) a\%ﬁﬁ“ﬁ%%‘ﬁas. te §/w<{}k“vﬁl)°h ehiRsifEK R hih lehergy

actually igh energy frequency
conponent s ﬁa;uhmy &ckrapoﬂdmst @rfien ghanByhitdiisg. Bmhqar ihe guoneduiesis considered dd beo

be 5 best described as an daptlve vvel ht.i n i ther
whi t eni ny. Eegudescaped 8s P%a IRV YRR q &hq%"h {nfﬁ%g f a?ga% 81 gnal

is whitenedyp e{ehea§ BREHEH Ohalne q&eéﬁd csr@ﬁt Sis aBitWRA i@ dhdycdricatispesth
spectrum enve urther described in the fol Iovvl)fg 10, For, the

structure sdaxaﬁﬁmems Iﬁrgmh&d bydtsugpdechi prEciymagnyeiRpge a8 r qasgribadn@ the
wei ghting following

10 For the structure shown in Figure 8, the updating is as above except that the weighting
(whitening) filter is divided into N, segments. Consequently, the notations are modified
somewhat. The main idea of this structure is to weight the time-varying far-end signals

segmentally in order to achieve better whitening effects.

15 In the Figure, in segment i(i=0, ..., Nd — 1), the signals or equations are modified as

follows:
Nyl
H,(2) = Z Py, (M2 € (22)
If define
20 W.(z)=W,, (z)z"(i_l)N” ,i21 (23)

and the impulse response of #i(z) is wi(n), the weighted far-end signals is given by

V) = Y~ iV, wy () = 3w, (my(n—iN, — k) (24)
k=0

Coefficients updating is performed by
25 P, (1) = By () + 2pe(n)y; (= k)1 B, (1) (25)

The normalisation power is updated by

P,(n)=(1-a)P,(n-1)+a.y, (n)* (26)



(whitening) filter is divided into Nd segnents. Consequently, the notations
are nodified sonewhat. The main idea of this structure is to weight the
ti me-var ywogz2fgs7send signals segnentally in order to achipeTsGoenioes

whitening effects. 15 In the Figure, in segnment i(i=0, ..., Nd - 1), the
signals or equations are nodified as follows: Nb -1 H, (z) = hk+, Ny
(n)z-(k+iNb) . (22) k=01 If define 20 W (z) = W-1(z)z-(r-2)No, i > 1

(23) and the inpul se response of W(z) is wi(n), the weighted far-end
signals is given by Nw -1 y' (n) = y(n =16Nb) * w, (n) =] w, (n)y(n - iNo
- k) (24) k=0 Coefficients updating is perfornmed by ~5 hk+iNy (n + 1) =
hk+, No (n) + 2 pe(n) y; (n - k) I P,, (n) (25) The nornalisation power is
updated by P,(n) = (1-(x)PP(n-1)+a.yo(n)2 (26) WO 02/ 093774 PCT/ SGOL/ 00093
-16 The error signals_ is given by the sane E uation 21. Adaptive

Tr ansver sal The ¢rrassignglstis give Y $ha j3msetiwgtion2ln LMS, the correction part of
the transversal filter coefficients is the elenent of a gradient vector.
Referring to Figure 1 or 6, the gradient vector is conputed based on the
cost - functA@aptiee TvbEyenshl Kileri Goefifisients Bpdbti(en) 3" = [r (n) - y(n) * hk (n)]2
= {r (n)S- [y(n) * w(n)] * Lhk (n) * w(n)]}2

In LMS, the correction part of the transversal filter coefficients is the element of a gradient
vector. Referring to Figure 1 or 6, the gradient vector is computed based on the cost-

function or MSE, which is given by
le(a)* =)~ () * R (F = frm) =y * w(m]* [ o) * w

10 = {r(n) — [y () * wim [* B ()} @7)
where hi'(n) is defined by

B (n) = By (n)* w'(n) = iw’(i)hk_,.(n)  k=0,..., N-1 (28)

If we define the vectors as

15 h(n) = [y (), By (1), «.r B (1), s By (DT (29)
() =[ye (1, 31 () s 7 (D s Y (O] (30)
h'(n) = [h[’) (n), b (), ..., by (n), ..., hy_, (n)]T, and (3D
ORI OBH OIS AORINS7HC] |F (32)
the vector representation of Equation 1 becomes
20 h(n+1)=h(n)+pv, /P (n)=h(n)+2pe (mym)/ P,(n) (33)

where V), = 2e(n)y(n), which is the gradient vector and calculated by using partial

derivative of MSE of Equation 27.

The direction of Vj, gives the direction of steepest ascent, the magnitude gives the value of
]
25 the gradient at the point h(x). The LMS algorithm adjusts h(») by a fraction of the gradient

in the above equation.

On the other hand, in this invention, as described by Equation 16, the gradient vector is



10 = {r(n) - [y(n) * w(n)]* hk (n)}2 (27) where hk'(n) is defined by N6 hk
(n) =hk (n) *w(n) w(i)hk-J (n) , k=0 ..., N-1(28) i=oIf we
define t hwowewotrs as 15 h(n) = [ho (n), h1l(n), ..., hk (®CI/SGoypooaN-1(n)] T
, (29) Y(n) =[yo (n), y1 (n), ..., Yk (n), ... .YN1 (n)]T, (30) h'(n)

{ho (n), hi (n), ..., hk (n), ..., hN(n)T, and (31) y'(n) = LYo (n), y1l
(n, ..., yk (n), ..., YNI(Nn)]T , (32) the vector representation of

Equation | becones 20 h(n + 1) = h(n) + p¥Y 1, I PP (n) = h(n) + 2 pe (n

(n) / PY (n) (33) where Vh = 2e(n)y(n),” Mhich is the gradi(e)nt vecfor(a)né
cal cul ated by using partial derivative of MSE of Equation 27. The
direction of Vh gives the direction of steepest ascent, the nagnitude gives
t he val ue of 25vt hesagmadzent) at the point h(n). The LMS al gori t hn{(3dj ust s
h(n) by a fractiofi of the gradient in the above equation. On the other
hand, in this invention, as described by Equation 16, the gradi ent vector
is V\002/093774 PCT/SGOl/O a% -17 (r)l, = 2e(n)y' (n - k) (34) The
coeffici ent Shegostliienis 88 W9RIPA + 1) = h(n) + V.: / P1, (n) = h(n) +

2pe(n)y' (n) / P3 £ Thb 3, £Aueh)-00ud(8 /B as Equatio@s)6. The
gradi ent vect or {‘/P{m)i 13g‘))ver'ﬁg"l or X )eg ,@?)% (h)tytéd;@ f%g}aspeecﬂ spec?rsgl
envel ope< In Equations 16 and 28, the correction part of the transversal
filter coefficients is weighted by

This equation is the same as Equation'16.

The gradient vector Vj is a version of V, weighted by a speech spectral envelope. In
Equations 16 and 28, the correction part of the transversal filter coefficients is weighted by
10 w'(n) or by, inverse weighting filter 1/#(Z). The weighted coefficients are allowed to put
more weight in formant parts and less weight in valleys of spectrum. This is a type of

adaptive weighting.

As an example of the performance comparison, the system shown in a spectrum
15 comparison was made between use of the method of the invention and that of Figure 1.

The results are shown in Figures 11 and 12 respectively.

In Figures 11 and 12, the curves are the spectra of e(n). The dotted lines represent the
spectra of e(n) by using the method of Figure 1, and the solid lines represent the spectrum
20  of e(n) by using this invention. An improvement in the echo-cancellation performance by

several dBs is achieved by the invention.

The invention is generally applicable in the field of telecommunications, audio
conferencing and the Internet, and generally wherever echo cancellation is used. It may be
25 applied to both line echo cancellation (LEC) and acoustic echo cancellation (AEC). It is
particularly useful in linear prediction coder (LPC) type applications. The greatest
advantages of the present invention are obtained in,implementation and performance of the
echo canceller when it is combined with a speech codec. These advantages are obtained
due to the fact that the performance of the echo canceller is improved (e.g., speed of
30 convergence, noise floor level reached, etc.) when it uses some elements from the speech

codec system. When these two are combined, the requirements for practical
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of the prespplicdtiouent inothisceseobaaiusesperell icafice mentelond tnggthee rfily BanRe&oof
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When these two are conbined, the requirenments for practical WO 02/093774
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exanpl o el PR e RS By e el b o B B e e
Voi ce- over -grRenRAdyi ay iofrsample diiy,sarnclais enot dntendesl ®pee cinstdedeclimitegiepibey ed
together with an echo. 5 .canceller to .achieve full-duplex operation. Video
and t el Borrwnggeengeiing ip ?ﬂpﬁ’é‘ﬁedaﬁ?@%' where this technol ogy can be
applied. The foregoing detail ed description of inplenentations of the
present invention has been



presented by way of exanple only, and is not intended to be considered
limting to the 10 invention as defined in the appended clainms. WO
02/ 093774WB@2/HSZOL/ 00093 -19- CLAIMS: 1. An echo cancel | eCTisso/n@9an
adaptive filter with first and second inputs for receiving, respectively,
an incom ng signal, and an outgoing signal which may include an 5 echo
conponent deriving fromthe i ncom ng signal, and neans for adjusting,
repetitively, and in accordance with an input signal, coefficients of the
filter to tend to |l essen the echo conpoﬁé t in the outgoing signal,
wherein the means for adjusting is arranged for applying whitening
filtering to the incomng signal for filtering by the filter. 10 2. An echo
cancel l er a$IeAd%ed in claim 1 wherein the neans for adj usting includes a
whitening filter arranged for receiving the incom ng signal and applying
whitening to the incom ng signal before application to the filter. 3.
echo cancel ller asi\.mleehdmdndeﬂieﬁlhavlﬁglarﬂ\/ﬁ@d;ﬁiv@ filRg SRANSrst %daéycb'ﬁ% {1}%11@?

e |nput

15 multiple wejghting ad t|ve filters, for whitening segnents o
si gnal bef of ¥, |TFS¢P5?W %9 1pgRaming signal, ﬁ@dnan ofitgoing sigrad tvilvieh My iedudedan A

et hod ofs abicrasipnanl dah SEACEL LidmAN BENio,component i an outgaing

signal, the echo conponent der|V|n
adaptive fi Iamdam aczordaocmmih@d mpntqmar ab&falehtsl dfeheditst @nahd daelfekééﬁ(ih@)éc}ho

filtering the 0 §g11g nal onbi ng the filtered signal with
out goi ng_si GHAPOr SR &Y B /Y 8}”@ ngnl CHg? éP‘E?d‘é§°r affistiasisrgranged forapplyod as

claimed in ohikding AMBEAEIIHS ReoW ﬁ?ﬁdﬂ@oﬂfﬁte?iﬁg bgrqgefi el N ncom ng 25

signal before filtering by said adaptive fil mef hod as clai med in
claim4 wherein segnents of the input S|gnal are whitened before

appl i catponyto t t chg cancellatjion in a
cgﬁ’r’runl égt : % s segtefgirﬁ %%{;:Flrllé as clalmeggl crl i Wherein ale means for adjusting includes a

whitening filter ananged for receiving the incoming signal and applying whitening to the

incoming signal before application to the filter.

3. An echo canceller as claimed in claim 1 wherein the means for adjusting has
15 multiple weighting adaptive filters, for whitening segments of the input signal before

application to the first input of the adaptive filter.

4, A method of at least partially cancelling an echo component in an outgoihg signal,
the echo component deriving from an incoming signal, by use of an adaptive filter
20 connected to generate a filtered signal derived by filtering the incoming signal, and

combining the filtered signal with the outgoing signal, wherein said filtering includes

whitening.

5. A method as claimed in claim 4 wherein the whitening is applied to the incoming

25  signal before filtering by said adaptive filter

6. A method as claimed in claim 4 wherein segments of the input signal are whitened

before application to the filter.

30 7. A method for echo cancellation in a communications system having incoming

communications signals and outgoing communications signals wherein the outgoing



communi cati ons signals and out goi ng conmuni cati ons signals wherein the

out goi ng WO 02/ 093774 PCT/ SGOL/ 00093 -20 conmuni cations signals include an
echo si gmalb odeei7ved fromthe incom ng comrunications sigmarsGoanasher ein
the incom ng communi cations signals conprise a series of digital data
sanpl es, the nethod including: 5 generating weighting filter coefficients
based on linear predictive coding coefficients calculated froma bl ock
conprising a plurality of sequenti al sarrgl es of the incom ng

communi cations signals; filtering the inéBm ng comuni cations signals
through a weighting filter utilising said 10 weighting filter coefficients
to produce a weighted i ncom ng comruni cations signals; generating

esti mated echonsiighahs Bignhisl tiacludg the echeowrigngl cdermedi clatrmortbe silgerahing

t hrough an adapti.ve, transver,;%; filter, the adaptive transversal filt.er

usi ng adaptoeyENYTiFatigns siggalss prg sheein g?‘?dmf?amg@bgwlﬁﬁm%rﬁi %gréaisi FHEPEE &cho

st gnal s T agisal chigul0Rl b RATMBLEAIdIATShgNal s to  produce error

signals; wherein s aptive filter coefficients are determ ned for each
sanple in said block on 20 the basis of said weighted incom ng

conmmuni cati ons si gnal.s, .and_.sai d ror, siagnals. .. 1 - ¢l al ]
claim?7, ngp%riaﬁng WS f@erofo%ﬁg&lﬁsv%a%g ‘?é’r?s%}g?aggfrg&llcpt%grcgém rgéeg?%\?%l ed,
each gener ahithidETRAC bl MBclesbinfHEifg eplhenlisy @iakgudnlial sangles whtthadhamihgom
sai d outgoi ng conmmuni cations signals, the plurality of adaptive transversal
filters eaclemmsicaiiongsigntlfer ent adaptive filter coefficients. 9. An echo
cancel ler for use in a comuni cati ons system havi ng i nhcom ng

comuni cations signals and out goi ng conmuni cati ons signals wherein the

out goi ng  cRImsringi thatinomsingi @nahsnitatiohs dignals thoiughsi greaghtiver filverdutilisomg s4id

i ncom n(I:; 30 comunj cations. si gnal Sd’ and V\A?l?rdei n the i ncourpl'.gla osommur is_cati on
si gnal s %Oﬁﬁlggtgl ilter coefficients™to produce a weighted incoming communt 12 ;

generating estimated echo signals by filtering the incoming communications signals
through an adaptive transversal filter, the adaptive transversal filter using adaptive filter
coefficients; and

15
subtracting said estimated echo signals from said outgoing communications signals to

produce error signals;

wherein said adaptive filter coefficients are determined for each sample in said block on

20 the basis of said weighted incoming communications signals and said error signals.

8. A method as claimed in claim 7, wherein a plurality of adaptive transversal filters
are provided, each generating respective estimated echo signals that are subtracted from
said outgoing communications signals, the plurality of adaptive transversal filters each

25 using different adaptive filter coefficients.

9. An echo canceller for use in a communications system having incoming
communications signals and outgoing communi‘(':ations signals wherein the outgoing
communications signals include an echo signal derived from the incoming
30 communications signals, and wherein the incoming communication signals comprise a

series of digital data samples, the echo canceller including:



series of digital data sanples, the echo canceller including: WO 02/093774
PCT/ SGO1/ 00093 -21 a weighting filter coefficient generator for generating
wei ght i ngwbiokwes77€oef fi ci ents based on |inear predictivePCadGoy00093
coefficients calculated froma block conprising a plurality of sequential
sanpl es of the incom ng comunications signals; 5 a weighting filter for
filtering the incomng comuni cations signhals using said weighting filter
coefficients to produce wei ghted i ncom na comuni cations signals; an
adaptive transversal filter for generatih§-esti mated echo S|gnals by
filtering the 10 incom ng comunications signals using adaptive filter
coefficients; and a signal conbiner for subtracting said estinmated echo
signals fromsaid outgoing comrunications signals to produce error
signals; 15 wherein_said adaptive filter coeffici.e e de

each sanpl @ Weigiiediliarsoritisint emerdiars ogg@*eraggﬁgdw%g Ti 598 ’rﬁ‘??&nbase

communi cat n%@gﬁ @:egi&ﬁ'vé &aggsae%& ﬂt@rCfdema&al fomLd. bl&'?c @&Bﬁ’ns‘%ﬁ@%%lh%‘h SF

clainmed in includirng a plurality of aptive transversal ters
each gener atquegtinleappddsiof ¢heeiptomugedmanmocagbymsipsels;hat are, in use, 20
subtracted from sai d outgoi ng comruni cations signals, wherein the plurality
of adaptive transversal filters each use different adaptive filter

coef fi ci entaSweighting filter for filtering the incoming communications signals using said weighting

filter coefficients to produce weighted incoming communications signals;

an adaptive transversal filter for generating estimated echo signals by filtering the

10  incoming communications signals using adaptive filter coefficients; and

a signal combiner for subtracting said estimated echo signals from said outgoing

communications signals to produce error signals;

15 wherein said adaptive filter coefficients are determined for each sample in said block on

the basis of said weighted incoming communications signals and said error signals.

10.  An echo canceller as claimed in claim 9, including a plurality of adaptive
transversal filters each generating respective estimated echo signals that are, in use,
20 subtracted from said outgoing communications signals, wherein the plurality of adaptive

transversal filters each use different adaptive filter coefficients.



