. the interface circui

8 Novenber 2005 ECHO CANCELLER AND A METHOD OF CANCELLI NG ECHO Thi s

I nvention relates to an echo canceller and a nethod of cancelling echo. 5
An adaptive filter nmay be used to cancel echo such as in comrunications
systens. In an adaptive filter, characteristics of SHREVeNPYEPOHre
adaptively nodified so that an .output signal, generated froman applied

I nput signal by action of the filter to filter. the input signal, is
conformed so as to tend to bear a particular relationship to the input
signal, in accordance wth a control in]oht-. I n comuni cati ons systens, for

exanpl e, an echo signal may arise at 10 interface circuitry which receives
i ncomi ng signal on an inconing path of a four wire link due to part of the
i ncom ng signal REHNQ CANCRIMER ANDr A METHRDODF GANCELENGEGH0i ng
- part of the four wre link, rather than, as is intended, the whole of that
signal being directed to atwo wire link to which the interface circuitry
i s connect . . ' j £SE ' | ' signal from
g i o e o O P e AR S T he our
wire link, to appear as a delayed "echo" signal. In this application, the

input of the filter_may be connected to receive the incom signal apd the
output ¥s %@ﬁ@fé&ee‘éil“tfdn%)’ EﬁB?qda'@t ‘Eﬁ“"%ﬁcgﬁ Spgh aj %C%@HHB‘G?Q%‘St ﬁgpeé‘&sei G’em} he
out gol ng degﬁf#re hPQ{nchcteﬁmcgrgﬁﬁ(;eﬁﬁé{]&'é'aﬂ%tiveffﬁoa}f@drs%%&r a@@%ﬁﬁﬁﬁ@ﬁal?n
out goi ng sighal’, Tor transm ssion on the outgoi’ng signal path, ich”is
the resul tgeatrasacbfromcin appliztl inpret sipnaddty ationtod the ififter td fidter theeinpOt siggalals

fromthe interface circuitry. The resultant .outgoing signal is used to

ad] USt T heEOPFTER SOHP ABRLIOs eF agerip Ut IFIHICET D BerBrd sl Inassproes

filters may,bg H5e6 ihﬁu@ﬁﬂ:&g“ 9 gaa{aﬂé LSAAORS SUAPIA AN eBhS SRS b Grise at
ec up ns 25

acoustic 0 occurrrhg in fu ex “‘communi cat | syst ens. L
Gener al0 y,infenfaas cackptiwidch rdcebres irfdonting sigoalfdn an meoming path @fetfour weteylink
updat ed to effect dating of .the fjlter, charagterjstics sp that effective
echo canceuedPirgat @fg@ﬁrlgf:%g Sﬂﬂﬁgﬁﬁmgtrﬁ@" E"’lt?‘& 35‘&0'*61%&#%8%41?%& {'}’c%“ BPIgtol%g
communi Caty ans th ¢ ORI ds!iY irltEh RAOME Wit 1061 thhi\8o0d MRing directed
cancel | at iﬂon, et%l% er1r aﬁél%%sr Lgltaﬂs)lt ’I\/bz;nISquar'e) or 30 NLI\/Bg(Nor.ﬁ’la iilseé:dc
LMS) et had a svausee: linknio Wichathe intarfeed ¢iequitry pi certriegteias Toneastdsignaliie thus
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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



-2 conventional echo cancellation structure in block diagramform As shown
in the figure, a first comunications channel 10 carries a far-end signal
y(n) to a near-end interface 30, and a second connunlcatlons channel 20
carries a near-end signal x(n) back to the far-end G&FNPREPEAMRNi cati ons
system In view of inperfect coupling at the near-end interface 30, 5 the
second comuni cations channel 20 also carries an echo signal r(n), which is
undesi rabl e. Accordingly, an adaptive filter 40 and signal adder 50 are
included to effect at |east partial cancellation of the echo signal r(n).
The signal adder 50 is coupled into the -second conmuni cati ons channel 20,
and adds the signal fromthe near-end interface 30 with a signal fromthe
adaptive filter 40 which is an estimate of the echo signal which is 10

desired dRvBRiGRNeEd GfcellRnAthbite Hlﬂ%l& Hr?igﬁmgﬂﬁfln addehowd iR thel fire &C0ONd

communi cations channel 20 is represented by t(n). The blocks I ndicat ed with
dott ed |finsbeommeproetiont clamnel 1® paties arfpoaed signainy(n) deda hear-dndrinfenfgca 30j ne

e R e T B
coef fi ci&%e tuhﬂﬁtl?ﬁ%d e;the'n{ el NgwHrGmp g&%&rdohgﬁugggt ngﬁi&%rlagwhgﬁﬁ ;o,+ ,

equations. Adaptive f coefficients updatin
p. e(rd) . yvhe secckr)d [coRymur(icatjon§ 1¢hapBeBOr elsbkéamearem bl fsjignaiarr(n)oewmichi ents

in time index and filter tap k, end eu()

when ¢ neiner iR, Agcqrtigl ai Reniye Bt pad Sieid sE S0 sig inphickd e Bhe

of fare ﬁﬁsﬁbﬂﬂﬂl canbe!felfioh of @hé’@dl‘logy 2l r(nf.N)rheE sighat addeP 50 (9covbledtigte/ {H2) Z

(2) where ais the power nornalised parameter, chosen according to the

si ze of setovd. caBmUhisateets ma %Q;rmldsacgisatlhmssg@l Viom [hye nearfemy inteyfang '30hk

(n) _E r}h'x g ?g%gpfrom t)he adaptwe filter 40 which is an estimate of the echo signal which is

10 desired to be cancelled. The output from the signal adder 50 on the second

communications channel 20 is represented 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 I, the transversal filter coefficient updating and filtering are

desctibed by the following equations.

Adaptive filter coefficients updating:
h(n+1)=h,(n)+2pe(n)y(n-k)/ F,(n) . (1)

20 where hy(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 o is the power normalised parameter, chosen according to the size of NLMS.

25

The estimated echo signal is given by
N-t

F(n) = p(n)* by (n) = 3 b (m)y(n—k) &)

where }{n) is far-end signal and N is the length of the filter.

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



where y(n) is far-end signal "and H's the I'ength of the filter. (3) 30
Finally the echo cancelled signal u(n) is given by 8 Novenber 2005 -3 u(n)
=x(n)+r(n) -P(n) (4) where x(n) is the near-end spe h ang Szloﬁ% is the
echo fromthe echo path plus the additive noise. If BPEOF near - end
tal k, u(n) becones 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 NLMsS algorithmis same for both LEC and AEC. A control nodul e
for double talking detection and freezg.control may be enpl oyed, but are
not described here, since 10 this nmay be. of conventional form These
conventional filter al gorithm; can be found, for exanple, in Sinon Haykin,
"Adaptive Filt r Th (3 d Edition, Prentice Hall, 1996. ?‘g Texas
I nst rument s, ’Rcoﬁg'f cr(@:'ﬁo ncel l ati on-Al gorit hm and | rrpl ement&ti on on
t he TMS3 I t:
pr e- whi t%ﬁ%ﬁg(@flﬂ% arehgggéés&pgaﬁgg%h is %ﬁolfﬁ |agrgws?l oranc’!ldlmvc
Fi gure Znoise If thee isystrean-emd- thﬁwufrs)cbeeﬁlmbe(m) givgmbyt hm is used to calculate
whitening filt coeff.i |ents The decorrel ated far-end and residual
signals are ugéﬂﬁ’c{”ﬂlpd Be the 20 transversal filter coefficient&using
NLI\/IS ﬂet hod. Adaptlve filter coefficients are updated as follow ng. hk (n +
(n) + 2. (n).y"(n - k) I P, (n) where the nodified far end, echo
\T( E)n@l( S TI Fn%r §gﬁm§ ﬁseﬁEt@ uﬁaéte %@&%v@bﬁal’\ﬁhe’f c}zseff&&htsfoy QHb) next ¥igle

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 ﬁltex: algorithms can be found, for example, in Simon Haykin,

“Adaptive Filter Theory”, Third Edition, Prentice Hall, 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.
h(n+l)=h(m)+2pe'(n).y'(n-k)/F, () ©)
where the modified far-end, echo signals, error signals are calculated by
N -1
V() =y *win) = 3 wk)p(n-k) (M
k=0
N -t : )
25 r'(my=r(m)*win)= Y wik)r(n-k) (8)
k=0
e'(n) = r'(n)~#(r) " ©)

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

using the Levinson-Durbin algorithm,



A-0 e (n) =r"'(n) - r (n) (6) (7) (8 (9 where w(n) is the FIRfilter
coefficients which is estimated in intervals of about 16 ms using the

Levi nson-Durbin algorithm 8 Novenber 2005 -4 The po%ﬁ&)is estjtmted using.
the nodified far-end signal which is given by P,, (nP™="f ?a§§§£? (n -1)
+a.y'(n)2 (10) 5 The nodified estimted echo signal is given by N1 r (n) =
y'(n) * hk (n) = Z hk (n)y'(n - k) k-0 For transversal filtering, the
estimation of echo is given by: N1 r"(n) =y(n) * hk (11) _ Z, hk (n)y(n -
k) k-0 10 as in equation (3). (12) The echo cancelled signal is given by
u(n) = x(n)+r(n)-f(n) (13) 15 In Figure-£; the two filters H(z) have sane
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

updat ed coefficients are passed to the |left-hand side as shown in Figure 2,

and the | eft-hand
The power is estimated using the modified far-end signal which is given by

P(n)=(1-a)P,(n-1)+a.y'(n)? (10)

5 The modified estimated echo signal is given by

N-b
Fmy=y(m)* b (n) =D h(n)y'(n-k) (1)
k=0

For transversal filtering, the estimation of echo is given by:
Nl
F(n) = y(n)* () = 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 Frenze! 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 A(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



adaptive filter takes y(n) as its input to estimate the echo. Finally, u(n)
Is sent to the far- 20 end. This technique is described, for exanple, in
Rudi Frenzel and Marcus E. Henecks, "Using Pre-Witening and_Step Size
Control to Inprove the Perfornmance of the LMS Al gori thil?VfBF ®%ustic Echo
Conmpensation", |EEE International Synposiumon Crcuits and 25 Systens,
Vol 4, pp 1930-1932, New York, 1992. In speech coding, a perceptual

wei ghting technique may be used. In this system a tine- varying short-term
prediction filterA(z) is used to produce_synthesised speech. Updating of
this filter's coefficients is done on a frane-by-frane basis. A frame of
speech sanples (120 8 Novenber 2005 -5 5 to 240 sanples) is buffered and,
usi ng conv. i on Levi nson-Durbin recursion, .a set of short-term LPC
Goel {1 oi Bridd FEmRsRAT BTt Eh o G VERUEth Lexmp el i TBesiopnarset A6

ori gi nal s15pERER (5O rco@z%@iewﬂsic%a;&iu@aa@ )y rbufﬁ&%’kﬁ:%&&?&ﬁﬁ?l_ﬁfﬁﬁy‘be( Liffer WeE
applications). The speech or audio signal's synthesis Tilter 1s given by I
1 1- Afrgindl-speed (fyrzAEC(apg)icativasporatconsirscted epeshb  for IAGepMcaton) f Tl ent s

and p is the LPC filter, order.. exanple is illustrated in Figure 3 and

Fi gure 4°P°R§ ?Fr%“c{%‘) RIS %’“gﬁéﬁgﬂt%&mm and Figure 4 shows the speech

spectrum and itsj envel opey The diagramin Figure 3 is graduated according
-iﬂﬁ—t-lae—\fertical axi s and nunber or sanples (I)the

to I¥near anWﬁe =
hori zont al ax#5.4Fhe llﬂzﬁjzggr-am in Figure 4 has a vertical axis graduated
according to magnitude fg decibels (dB) and a horizontal axis

corresponding to frequency in Hertz. A reduction in anplitude of peaks is

possi bl evhare gl is fecdhrtspae LPGhsdeslicihatp add pyis she EBEVEri coterl Apesxemples
- wei ghti to-( Ni engr fd.lter. . This is not fpr per tu 15
wei gnt 1 NRu P e R lRR R4, File shiPh & sheoll S e HTRUR icPs
filter ithe Eppeahispectrurd 4hd iits eﬁﬁtﬁdﬁ)é. OTE®Rigfdde in FiR@rd 811§ gRidudied WRLSHINNG
filter. The formant wejghting filter has a

linear amplitude in the vertical axis and number or samples 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: | , |
1-3 a0z

_1-A(z7y) - = (15)

_I—A(z/y,} l—zp:a(i)z“y;

im]

W(z)

where v, and y; are bandwidth expansion factors between 0 and 1. Typical values are
20 ¥;=0.7, y2 = 0.9. One example of the whiteniﬁg filter frequency response is shown in
Figure 5. To simplify this auto-recursive ﬁmving average (ARMA) filter with FIR filter, its
impulse response is calculated and truncated with N, samples. The inputs response is
denoted by Au(n), n=0,..., N, ~ 1}, where N, is thf:'length of the weighting filter. A typical
value might be 2p,
25
A perceptua] weighting technique is described in A.M. Kondoz, “Digital Speech-Coding
for Low Bit Rate Communications Systems", John Wiley & Sons, 1995.



transfer function: P 1-La(i)z-'yi 1-A(zly,) _ ;e, 1V(z}=1-A(z/yx) P I
-2:a(i)z-'y; (15) where y, and 72 are bandw dth expansi on factors bet ween 0
and 1. Typical values are 20y' =0.7, y2 = 0.9. One exa f t he
whitening filter frequency response is shown in Frgur‘eN@’e 8r ﬁplrfy this
aut o-recursive noving average (ARVA) filter wwth FIRfilter, its inpulse
response is calculated-and truncated with N. sanples. The |nputs response
denoted by h,,.(n), n=o, N, - 1), where X is the length of the .
meighting filter. A typrcal' value m ght be 2p. 25 A perceptual weighting
technique is described in-AM Kondoz, "ggital Speech-Coding for Low Bit
Rat e Commruni cati ons Systens", John VVIey & Sons, 1995. 8 Novenber 2005 -6
For conventional echo oancellatlon as described with refrence to Figure 1,
it is difficultoto track the echo-path and copverge if the echo tail 1 ngdl
AR, a8 crerbed .

i's long and the FoTFePveEPhRl-Fohp ans coifagre 1, it is
pr e- whi t eai gigficulo tiadld the Edhoiptili SAE ciriverge GPHEUHG M leh o%l e ifget! 1N
rg trror

S e Y i o e e R feimn i paryte
Lf%;ﬂ IgizggSImM ni m Ssﬁe@l%ﬁi;liﬁ}%ﬁ?;imﬂu?gal ent twr m srﬂ_gh vvhr | e a( ng or
eapcei al |y ma&hﬁlfa@rm% O3 which ﬁa&awmmmwma Qifmilhos'e
avallabt o MR € e RivirT OBGERRe RENY MEE &0 0 o s B8 signa
' sent 1o the far-end user. '
_ - IhmpumuudnwﬂwdnnwwxmnynnnmbﬁwLPCvuuﬂﬂm:nLEannuunmm_
10 - suchuthouknoqu?Bldem Thilrsbeamathemecdﬁmum
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In one aspect, the invention provides an echo canceller for use in a communications
zppmmmmwmmgm-mdammdanw@dmwmhmymludeu
umocumpmmmtauumdihmnmmihumdsqmﬂ.ﬂucxho:zmuuuxndu&nganeam_

15 estimator for generating an estimated echo signal, and a signal subtracting means for
* subtracting the estimated echo signal from said rear-end signal to generste a compensatad
near-end signal including an echo emor signal component, wherein said echo estimator
includes o weighting filter arranged to produce a whitened far-end signal by weighted
filtering of the incoming far-end signal, and 2 weighting filter coefficient processor which
20 'dmnsmmhm“mmmﬂgwmmwms
t nmﬁﬁ:mmmr&:nwﬂ iwnmmaﬂhrﬁnnaﬂusnunmung:ﬁw«md‘mgndLihetmhn extimator
ﬁnﬁur:ndu&mg:nladqmnmzunuvusn.ﬁhurhmnng.uhpﬁve:xnﬂ&:umsdbunuuwﬂ
unmﬂnmtusadtmnandihumdsmnﬂamdsudenursgmﬂ:ummmuutsmdm&QMw=
utnmnzﬂﬂfﬂurbmngupauﬁmanaggmnnzsudrsnnmmﬂlzhosupnlbyfﬂummgsmd
25 far-end signal using said adaptive coefficients.
' lnammhunupun,dnne:spnmndq!aemmmmnu:nonsqqnmnnsumﬂmhmg.
u:aunddﬂuuﬂm;uousuwvﬁmﬂxgmmnms1mmynngsupmk!hmncampummad
mw&uﬁmwbywwdnmmmﬁmelmﬂm
ﬁmemdampmldnn:&um incomung sigmals received &vam'ofsud communications
30 channel; and

an echo cancellation processor couplad 1o the encode/decode processor for

gencrating estimated echo signal data end subtracting the estimated echo signal datz from
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I n one aspect, the invention provides an echo canceller for use it a
conmuni cations apparatus having an incomng far-end signal and a near-end
signal which may include an echo conponent derived Fromthe for-and,
signal, d a echo canceller innihding an echo . 15 estqﬁﬁ%ﬁpef%w5genmadug an
estimated echo signal, and a signal subtracting neans for subtracting the
estimated echo signal ‘fromsaid reai nend signal to germane a conpensated
‘near-end signal including an who error agog conponent, wherein said echo -
estimator includes a weighting filter arranged to produce a whitened
far-end signal by weighted filtering of tfe inccxriiug firmed signal, and
a weighting fiber coefficient processor which 20 .deteaaoi nes coefficients
for the weighting filta according to linear predictive coding eoeffieints
derived dynanically fromthe |ncon1ng far-'end signal, the echo aatcnetor

furdter incl nchrrcpdasignati dpwei spcas toobtain sid qommvumgmamw data, the echo

coeffici ents MW to said whitened far-end signal and said
car signal onen sal d adap transversal filter bein operative to

' generate sai d esti mat edl vaumsuw| arpapged |t prodage sdhitened wgepl dasgnby
using said adaptiyg 'ﬁegﬁ&igﬂ Elgﬁﬁ &i&%ﬂiﬁﬁd a
communi cations apparatus 1n dsaﬁg an c ﬁg‘oﬁé%ﬁ%’rogessor

© gener at es Sout goi ng st ghaeightingrHltes moefiisiont procssor whirbsdeyermings mshmz
aansari ssion by wgje W%P ﬁ“&?j% @Fﬂgrggm
signal data fron1|ncon1ng sighal's celve y wa al cannnlunlcatlons
-30 channel ; and athe t|on processor coupled to the encodel decode
processor for generatw f&*lmg ahdplve couificicnty idegmhined

DE EE

eStnlag?t ggdv\gogﬁ;?nal dat a- faggm EM PI W‘@Wb‘nﬁ%s‘}g Noverrber 2005 .7
data, thggecho Couisiabd ermaulm adualﬁu uq:ﬁfvalmvﬂagel
]'Egr pre(r)]gucszleg\r/l\gitenggﬂ_ ar-end si ﬂnal dat aﬁe?a el ﬁptﬁa}ﬁ'&&g{mn%é% sai d
weghting-filter cﬁg&dawmh@gmrﬁnjﬂnmmﬁn ned said weighti ng .
| | In another aspect, thers is provided an echo compensation processor for use in &
communications Systerm in which outgoing signal dats for transmission by way of a
15 cmmnmncanonsehmdmpmesnw-md signal data x{n) and an echo component 1(n)
" derived from far-end signal dara y(n) reccived by way of said communications channel, the
echio compensation processar being coupled 10 receive s2id far-end signal data y(n) and
" generate an estimated echo camponent v(n) which is subtracted from the outgoing signal
data so 23 to obtain compensated near-end signal data w(n), the echo cancellation processor
20 iinding: ' | :
a wrighting filter W(z) arranged to produce whitened far-end signal dawa y(n) by
weighted Sltering of 5aid far-end signal data using weighting filter coelBeients w{n);
- 2 weighting filter coefficient processar whish determines said weighting filter
wﬁdmnwuﬁngwhmpﬁﬁcﬁwmdhgwﬁﬁmdeﬁvedﬁom&ﬁr-md'
25 signal dats; and
an adaptive transversal filter H(z) having adaptive meﬁﬁnmts h{n) datmnmed
according to said whitened far-end signal data and an echo rror component e(n) obtained
from said compensated near-and sigual dats, said adaptive ransverssl Slter being operative
to gencrate said estimaed echo component by filtering said far-end signal dmumg said
30 adapnvecocﬂ'clms,
~ said whitened far-end signal date y'(n) is generatcd according to y'(n) =
¥a)*wi(n);

Eapfi AMENDED SHEET



fitter coefficients according to linear predictive coding coefficients
derived from the far-end signal data, an adaptive transversal filter

havi ng adaptive coefficients daterm ned according to, said mhl ned tar-end
signal data and an echo error conponent 10 obtained & NeyRnLg; 4§ gorrpensat ed
near-end signal data, said adaptive transversal Shea being operative to
generate said estimated echo signal data by filtering said far-end signa
data using said adaptive coefficients. In another aspect ‘there is provided

i n echo conpensation processor for use in a comrunications systemin which-
out goi ng signal data for transm ssion by #a of a 15 comuni cati ons damred
conpri ses near-end signal data x(n) and an echo conponent r(n) derived from:
far-end signal data y(n) received by way of said comunications chanter,

the who conpensation processor being coupled to receive said far-end

si g?al ?agaf\/\Natnﬂ gﬁr@@dﬁmgﬂgﬁ&tﬂqﬂd@m‘mﬂdf@nﬂn@ﬁ@t}m&d

subtracte romthe outgoi.ng. si ﬁ ﬁ npensat e

near -cud signal data &fig)'dﬂ%g 3@ ﬁﬁ? c‘%o i ncluding: a

velonting T11ar Wa) el ool ape Ky sbekdn) o o ol gnal dat e (D) by
i fi i i usi i i i

coefficients w(u); a wei gh??ﬁg ?P"?‘E#g'giefﬁ@?ent processor which

determ nes said wei ghﬁh@ﬂ.ﬂct&eh&miﬁdﬁemmdl ng to ] mew pred| ctive

coding coefficignts gderi v gﬁ?l“g
adapti ve transvm h Wh%gg%ﬁ ve co Iclents E% n)

determi ned cancetizdemin ammwmmmm

o oot S et eu@m e G o
- said adaptive sversa er- bel ng oper at| to gener ate sald estinated

echo conpondske Sgnalidetivad o COmIngROMIPCHIoRs:§ignals; and;whersip e incaming: i ve
Sﬁﬁb'rh.e'ng t?ﬁﬁi"%ﬁ"‘;‘(n *w(nx G Mﬂﬁﬁ%ﬁgﬁ%ﬂ”wwr e
cients based ov Jinear predictive coding coefficients
calcmlated&bm ablock :mnmgaphmmyofsequmml sanq:lesofﬂ:eincoming
- commmnnmonssngnals.
_ filtering the incoming commmmications signals through a weighting filter utilising
. 15 said weighting filter coefficients to produce 2 weighted incoming commmuications signals;
- generating estimated echo signals by fltering the incoming cormmunications signals
mmmmemmﬂmmanwmmﬁmwﬁh
| coefficients; and :
subumgsmdesmedechomgnakﬁmnsa:domgmngcommmmmals
20 1o produce error sipnals;
' wherein said adaptive flter coefficients are determined for each sample in said block
' onthebasisofsaidwdgbwdinoomﬁ:gcomuﬁiuﬁmsqimkmdsﬁdmpﬂa
The present invention ﬁmherprowdmanmmnellerﬁrusemlcommmm
system having incoming communications signals and outgoing communications signals
25 wherein the outgoing commumications sipnals include an echo signal derived from the
incoming communications signals, and wherein the incoming cormmunication signals
comprise a serics of dlgmldm:amplas,thzmho canceller including:
a weighting fiher coefficient generator for generating weighting flter cocflicients
. based on linear prediciive coding coefficienss calculated from a block comprising &
30 plurality of sequential samples of the incoming eommunications sigasls;
awghhngﬁllerforﬁltﬂmgthemmng communications signals usmgsmd
wel ghung filter coefficients to praduce weighted incoming communications signals;
an adaptive transversa! filter for, generating estimated ccho signals by filtering the

o
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8 Novenber 2005 -8 said estimated echo signal is generated according to
f(n) wy(n7" h(n); and said adaptive coeffieitats h(n) are detained
according to hk(n ttl) = NO+ K c(n)$(n-c)/P, (n) ).Py(n-1) +
ay(a)m5 -whereas, k are integers. and K, a are const@ﬁ?ém%ﬁé%%gdlng to the
present invention. there is also provided a nethod for echo cancellation
I.Ln a communi cations system having i ncom ng conmuni cati ons signals and

out goi ng conmmuni cati ons -si gnal s whetter. the outgoing comunications signals
include an who sjgnal derived fiotn the incom ng conmunication signals,
~and wherein the inog 10 wruni cati ons S|gngls conprise a series of digital
data sanples, the method including: gemerafingweighting filter
coefficients based no linear predictive coding coefficients calculated
froma bl ock eottoprising a plurallty of sequential sanples of the incom ng

cor m Vni cat i docoming corhmunitatione signals mﬂwmml gnal s through
a vvelghtlngflltg m 65 Sﬁ! WEIEE{ iJter coeI cient ’
produce a wei ght H SW F‘ﬂi?ﬁé‘él %Q h’Bm

" echo si gnal s clammunicatienssigngls toprosdluss grurisignklsy ough as adaptive transver sal

coet i ent s, andBE PRLSRSAE ey che el f drfibid f pch skl i blonk

out goi ng 60nmﬂmhﬂsﬁm¢wsbﬁlmﬁﬂgWﬂm¢ahm&s@Mnm el n

sai d adaptive f|| ﬁ g%@rm ned | e

bl ock on the ba5| S 'o sal I ncom n ﬁwgmgﬁ‘%@‘f‘

said error sa@nmmm nvent | on fI uter .provides an echo

cancel l er for use}-.-i' % & | nconi ng

eanmuar i eadoes g al s ang out hg eon |cat|ons é"glnal s 25 wherein the
m;scm

out goi ng commré&s FENF Zis gibinck preahiendg t he

i ncom ng jgot ar nt npfsg}dpg i he I ncom ng eor nmmi cati on
signals ionprise_a serjes of digi taI dat a sanples, the echo canceller

i ncl udi ng: Fagurchsrqmsmms fspeecbspecﬁmmdﬁm P

Figure: 5 illustrates exemplary weighting factors y2 = 0.7y2= 0.9 and p = 10;
Fmreﬁxsablockdmmmofmechonmﬂawnsmcted in accordance with the
invemtion; :
15 ' Flgure7mabhckdngmmofmeqmvalmsnuctureofdwechocm1=rof
Figure 6;
Fxgumsﬁ:bhck&agmofmnquwﬂmmofﬂwechocmnerof
Figure 6 with muli-weighting filters;
F:gure9d1muallysllumpme&mesfnrusm56723 1 LPC coefficient
20 1o calculate a whitsned far-end speech; .
Figure 10 diagrammarically suusm pmcedum for calcwlating LPC eocmczmt
and 1o whiten the far-end speech;
Figure 11 is an exemplary spectrum comparison, after 128 ms; and
Figure 12 is.an exemplary comparison, after 3072 ms. .
25 Figures 6, 7 and 8 illusuzic implementations of an echo cancelfation systam in
accordance with cmbodirpents of the invention. Figures 6 and 7 are stractures for short-tai}
lengths while Figure 8 shows a structure for leng tail-length applications.

Eapfi AMENDED SHEET




a weighting fiber coefficiegt generator for. generating weighting filter
coefficients based on L'nar predictive coding wafficienxs, calcul ated from
a block conprising a 30 plurality of sequential sanples of the i ncom ng
communi cations signals; a weighting filter for filterd\RyePRE % Roni ng
comuni cations signals using said weighting filter coefficients to produce
wei ghted i ncomi ng communi cati ens signals; an adaptive transversal filter
for.generadng estimated echo signals by filtering the Hoof AMENDED SHEET 8
Novenber 2005 -9 incom ng comuni cations signals using adaptive filter
coeffcians; and a signal conbiner for ealttactlng said estimted echo
signals fromsaid outgoing eomrunicm ons signals to produce error signals;
wherein said adaptive .her coefficients ate datam ued for each sanple in

sai d bl ocBasét onithd B@er@ﬁ%ﬁ'&h@ﬁpe‘éﬁhﬁ e ¥ Gbfiahy; peecuﬂsl@ﬁalmmg;mn@g%ﬁeﬁmg)
signals and said error, signals The invention is Luther described by way of

exanpl e ofiltgring tithapnhed tp éhq put sigpal pcaptheien pslapiatipn.chincerithgspeech signah is

bl ock di f f.an
Ve scho- PRl BeblE s Gl RNER ool B Tpd? o8 oL LB HIEREAT el
speech waseghientiigvfder 4o amewmwtm&mag Rffsge it tﬂﬁmtﬂﬂ ﬂmgtlﬁlsﬂ d§ IThB&dapftigur e
5 |IIustrates eocanplary weiighting factors y2 09 an 10; Figure
6is a b|we4ghapagﬁkt¢ﬁ @Peféﬁleé@h@a@agwalceliat%rﬁ@m de,rteea nrmlamrcaéme(lvﬁ h

the | nvealiin el o BHECuhEaRD P eaglP Ol IRl YALEN, B! HBLUT©

of tic echo cancell'er ure ure s a grmm ’o
equi val entoefficenseroft lidnd aad hus manm@leksary f caldulgel M&Jtﬁﬂi\ﬁgtﬂitcﬁubéﬁﬁclen&e Ong

filters e i,agr ally illustrates pr c res using 0.723.1
LPC eoem:tgﬁ erzgﬂafl% {51 nam Q’@ PR SBPHGARIORN d cocfficents dan b
calculated using the Levinson-Durbin method. Dynamic wezghtmg filters may be are

10 composed 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 Ny, samples (e.g. 60) of far-end signal to make up one frame Mg, 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 'calculat‘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 coefficients are not calculated from the decoded
speech but directly decoded from the bit-stream (Equation 14).
30
| 3. Calculate and update weighting fiiter coefficients (Equation 15).



Figure 10 diagrammadoal Iy illustrates peocedwes for cal culating LPC
coefficient and to whiten the !sr-end speech; Figure i | is an exanplary
spectrum eonpaasoo, after 128 ns; and Figure 12 is an,a uplary_conparison,
alter 3072 ma. 25 Figures 6, 7 and 8 illustrate inpi@d$¥FmF%%@X%f as who
cancel l ation systemin accordance with enbodi nents of the invention.
Figures 6 and 7 are suttctures for short-aril Ilengths while Figure 8 shows
a structure for long tail-1lenph applications. Eapf; AMENDED SHEET 8
Novenber 2005 -10 Based on the energy-.qf -t he spectrum envel ope of a speech
signal, weighting (whitening) filtering is applied to the input signal for
coefficient adaptation. Since the speech signal is pseudo-stationary,
mul ti pl e weighting adaptive filters may be used to whiten each speech
segnent in order to achieve better whitening effects if the tail length is

| ong. Thehaddpidmiéntlond®i potédigalfl stbpen-T aed fthai efjeatddnyldek balldodkatad tifer om
| i near prediction coding (LPC) coefficients. For LEC applications, if the

decoder insomingrignalpe vocoder, the LPC coefficients are at hand and it is
not necessary to calculate whitening filter coefficients. On the other
hand for non LPC-type codec applications, these LPC coefficients can be

cal cus atﬁgd&!ﬁigﬂﬂ"ﬂr&%vl&@ﬂ PRRP ChufiRidnts widFlerifdynam ¢ wei ghting filters may
be are conposed uSing the coefficients. After weighting the input
signal, the decorrelated far-end signal as well as a non-whitened error

si gnal y be_used to update the .transyers fihter efd . ci ; t he
adapt i ygg traﬁ@'\%ﬂ?a@"ﬁeggtﬂ@?’a%@’e%ﬁ E’F‘gﬁ&gg g:ktgr ' (;llt?[ea?ur% @ Jf{dﬁ% "2‘1’3%%‘“5%93’?1% may
- be estinghesl RyupRa&sthdviha fitler esdfatials (Eanatadi B gnal to the transversal
filter, such as is described by Equations -3, 12 and 18. Broadly, the

“followng steps are perforned: 20 Determ nation of Weighting Filter

ff4ci . f I far- ' :
one 14arfe. 7r Tpedtys Bt SR ERe Rl S By Rpf AT RHRE TR T,
pr evi oussignad CRGuatibhis 86 ahdPZl)ocoder is

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



used in LEC, the block size for calculating whitening filter coefficients

I s chosen according 25 to vocoder's subframe size, i.e. 60 sanples for

G 723.1 and 40 sanples for G 729. 2. The Levinson-Durbin nethod is applied.
to calculate LPC coefficients. For LEC and LPC decod&Nowgpiber €¥6i ons, the
LPC coefficients are not calculated fromthe decoded speech but directly
decoded fromthe bit-stream (Equation 14). 30 3. Cal cul ate and update

wei ghting filter coefficients -(Equation 15). 8 Novenber 2005 - Il The
abovenenti oned procedural steps 1-3 are then repeated bl ock by bl ock for
the incomng signal. 5 Updating of Trangyersal Filter Coefficients and
Filtering 4. Filter the far-end signal by this weighting filter. The out put
of this weighting filter is used to update transversal filter coefficients

Sanal and 0may, Sottpridd¥cfohbicds £ G ALY RURE (MEEOVGHe! B pRlke
the echo DEheffirkt @nmgnichgorsrdhghmall 12 arovedd i igpal to(telHedriend id8)face 129, And

Subtract the estinmated echo and send to far-end (Equation _21). The

pr ocedur alaisPEpEt 427 igadsq ppwided tas passigg iy neamsgnds sigpple xasliem the near-end
Enbodi nent; ] I hg.cancelsl at i . re ,sh 1.0+ F, gur and
8, res pecinln\%af%l %/e?qugr %(g hglF t mtce gidl @gﬁr}g{apgtﬁggﬁgaﬁﬁgggﬁo 6§t ﬁmg%% ﬁl cgtﬁglgﬁég‘%’l’he
equi valSentimptdanct wismafches gud ¢hebliks whivhwmayroccht guthe eardend ntgtfaee 820 can

mul tiple weighting.filters are used for far:-end speech. Since speech 25
si gnal i s AYE B¢ '%giﬁ,ﬁe il{ﬂcqnyngrtgm S8 T BhEPRYE P efhy @@ch{_n)
signal s segumpt ity theRRELERD BYndio(H) L @th_ﬂnlﬂ? thé‘cﬁlﬁ'ﬁgw, &h leQim&k o Yhd

100 is illustrated in block dirfagram 'he echo canceél'lTation circuit
100 is pr aflagted signal désigenergted ahd seliectedeldm the geat-aidwitplt usang = sigaal alder

~end i f 120. A d 110, | i ded t . far-end bit
30" st ot S0 PHEEsH A tobBHed Shokh ieb R Poct SeoRr SHEPIYS srarpicaonn o
first j0copmamEr #31.0The c6RABARLtelIAMIsihal & SR RdcBdtaBeiRaRYy B 150 for

interface 120. The decoder
transmission to the far-end communications system.

A weighting filter 162 is coupled to receive the far-end signal y(n) from the first
communications channel 112. The output of the weighting filter 162 is coupled 1o provide
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

filter 162 and inverse weighting filter 166.

Figure 8 is a block diagram of another embodiment of echo cancellation circuitry
according to the present inven_ﬁon, which is adapted for long tail echo path applications. In
particular, for long tail echo path applications, it is preferred to apply echo cancellation
over several consecutive segments. Accordingly, a plurality of adaptive transversat 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 respecti ve.:adaptive filters 164 through buffer delay
components 170. -

Symbols




8 Novenber 2005 -12 110 nmay conprise a conponent of a linear predictive
coding (LPC) vocoder or the like. The first conmunications channel 112
provi des an input to the near-end interface 120, and an output 122 is al so
provi ded for passing a near-end signal x(n) from the $RAEMERFPnt er f ace
120 to the far-end communi cati ons system As discussed herei nabove, 5

i npedance m smatches and the |ike which nmay occur at the near-end interface
120 can cause a portion of the incomng far-end signal y(n) to appear as an
echo signal r(n) together with the nedB-end signal x(n) on the output 122.
Accordingly, an estimate of the reflected signal is generated and
subtracted fromthe near-end output using a signal adder 130 to produce a
conpensat ed out put signal u(n) on a second outgoi ng comruni cations 10
channel 132. The conpensated output signal is passed to encoding circuitry
140, 150THOfymbdlansed nhmlloitd e sannended anfolloixsat i ons system A

wei ghting fi'lter 162 is coupled to receive the far-end signal y(n) fromthe
first communications channel 112. The out put of the weighting filter 162
is coupled to roviricgig 15 input to an adaptive transversal filter 164. The
out put of adaptiVe ﬁ?&?ﬁéﬁgg filter 164 is coupled to the input of an

[ nver?e wei ghpi@g léﬂg!tﬁg{s&ﬁgﬁe whi ch generates the estimated reflection
signal -r(n) that is provided to the signal adder 130. A weighting filter
coef ficient upedtecknroobfanelength i s coupled to receive output fromthe
decoder 110 f enerating updated weighting filter coefficients, which
are then pass&‘"‘tﬁ%“f%l&n%%i ghting 20 filter 162 and inverse weighting
~filter 166. Fhgm8nieriof biocks BEK-tail AESNINzanot her enbodi ment of echo
cancel lation circuitry according to the present invention, which is

adapt ed for |bagveightingBiher tpmleng@ppl i cations. In particular, for long tail
echo Qat h applications, it is preferred to apply echo cancellation 25 over
sevetll consecutive segnents. Accordingly, a plurality of adaptive

t ransver gahptfiel Welchting ®4itegnd si gnal adders 130 are provided sequentially in
the transm ssion path fromthe near-end interface 120 to the encoder 150.
The far end signal y(n) and the output of the weighting filter 162 are

provi ded iy { he ARG Ghidr BEiRAHM Tilekin Gt §sek64 L hr ough bui fer del ay

conponen
15 Due to non-stationary effects, the long tail length is divided intc 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
M., 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 3(0) may have different values. From the bit stream, the four subframe’s LPC



30 Synbols 8 November 2005 - 13 The synbols used in the follow ng are
summari sed as follows: n-tine index in sanple 5 N-tail |length |n sanp| e

N, 5- bl ock or subframe length NN,,,-frame | ength Nb-Number of bl ocks in .
N-tail length, N'Nf, Nwweighting filter tap Iengthafﬁwﬂﬂgﬂ@P Vi ghti ng
Filter Afilter of the ki nd used for perceptual filtering is used. 15 Due
to non-stationary effects, the long tail length is divided into segnents
and each segnent 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 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

th tQ | t
case. t ndufsREE b g Aleligfillg B IR 5 8 Bl ReRidTomoet ok i
shown in aEpHmwe 2(z)) Pasking fir-@idrstanabiiny tHrb@g}pW{f)?nélda‘; flﬁrf&e@ﬁﬁ@gilgﬁgls prexedure

is showmn. The N. historical signal sanples n) are used to cal culate
y'(n) at the very beginning of ' the frame. N,, is the order of weighting

FIRTilt I r di ng, the same rocedure is used. 30 In the
. ?‘{]on f}’c %&dgr Jgpn@ éﬁQFSR 9 p

Fi gure, I'rst “sanp I'ng in each block is denoted by y(0). In each
bl ock,5 t he di fferent y(O) may have different values. Fromthe bit stream
the four _subfrage' s LPC
In a non-LPC type application, the LPC coefﬁcxents are calculated using the Levinson-
Durbin method. For each of the N}, samples it is required to update the weighting filter
coefficients. There are several ways to update the weighting filter coefficients. One is
using one block look ahead and one current block as well as one previous block. One

10  example to update #{z) is shown in Figure 10.

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

technique can be used for thre¢ &, samples before computing the LPC coefficients. The

delay due to the buffering effect is 2*¥, 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.

Be(n+1)=h(n)+2pe(n).y'(n-k)/ P, (n) (16)
N, -1
Yy = p(n)* win) = 3 wik)y(n—k) a7
k=g
F(n) = y'(n)* by (m)* w!(n) = y(n)* b, (n) (18
P,(my= (l—a)P,(n*l)'fa.y'(n)’ (19)
25 u(n) = x(n}+r(n)-r(n) (20
e(n) =r(n)-F(m) 21

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



8 Novenber 2005 -14 filter can be cal culated. The weighting filter Wz) is
cal cul ated accordi ngly, based on the applicable A(z). Passing far-end
signal y(n) through Wz) yields the weighted signals y' (n). - LPC Vocoder
Application 5 In a non-LPC type application, the LF(:%%&#%PEP%ﬁ?S are
cal cul ated using the Levinson- Durbin nmethod. For each of the Nb sanples it
is required to update the weighting filter coefficients. There are several
ways to update the weighting filter coefficients. One is wusing one bl ock
| ook ahead and one current block as well® -as one previ ous block. One 10
exanple to update Wz) is shown in Figure 10. In Figure 10, three Nb
sanpl es are used to calculate LPC coefficients. A window ng technique can
be used for thred Nb sanpl es before conputing the LPC coefficients. The
delay due to the buffering effect is 2*Np sanmpl es. For AEC applications,
this exthaEww léwhweﬂf zwétltsgrfeapfia}echmtéc@hkﬂh@)axpepéh%ptjﬁwllé co%ﬁ@;ﬁmta/e
Transver u f. Ei 0 i ure
ﬁ;‘f) Do ese%th qn )?sqﬁéédﬁy O%ﬁ d‘%& 7y wﬁc h%s{s?s FHAOKBH ! dheFd

7. Thes coe AT S updating i

per f or weﬁlecpﬁn&plcbﬁmnexhk(rmha thhn wttitenirrp) By s, ethe)prcfceeﬂre 1sl@)oné1d&ed t()r'l)e (16)

i(n) w( n) A-0 r(n) * hk
t| v' () b_estjémcnvbcq;@sgq)sﬁ@mgye wpqghtmg,)tec;n{q}mgﬂhcr (l}muyljutqqing, Pﬂ)xatloe'xll;g is 25
o s iRt o) rdflect ) el bl SleAl 57 MnaHRT S| (0) cdeek of

t hat  w( rgpeffiviertit rire wélgmtewn@aitﬁdpa;tchapeét@ml ¢nvelope, aedpeing edescrlienl) Iy ﬂ)e is
al nost iﬂenti cal to 6(n).
ollowing.

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;
N‘—‘ ,
H(z) =Y by, (m)z &) (22)
k=0
If define
20 W(2)=W_(2)z7¢"  ix1 | 23)

and the impulse response of W{z) is w,(n), the weighted far-end signals is given by

. N.-1
yi(n)y=y(n—iN,)* w,(n) = D w,(m)p(n—iN, - k) (24)

k=0

Coefficients updating is performed by
25 By gy, (+1) = by (1) +2pe(m)y}(n - K)/ P, (1) (25)

The normalisation power is updated by

P(n)=(-a)P (n-1)+ q.y; O (26)



8 Novenber 2005 - 15 In Equation 16, the coefficients are updated with
Ahk(n+l) upon the previous coefficients hk(n). This Mk(n+l) is actually
wei ghted by |/w(z) which enphasises the high energy frequenc conponents
rather than whitening. By this, the procedure i s cons? Y8YePef &° 5 best
descri bed as an adaptive meightlng techni que rather than mhltenlng.
Equation 16 is interpreted as indicated that the far-end signal is

whi tened and the correction of coefficients are weighted by its speech
spectrum envel ope, as further described in the follow ng. 10 For the
structure shown in Figure 8, the updati-nip4is as above except that the

wei ghting (whitening) filter is divided into Nd segnents. Consequently,
the notations are nodified somewhat. The nmain idea of this structure is to
wei ght the tine-varying far-end signals segmentally in order to achieve

better whitening effects. 15 Ikn the Figure, in segnent i(i=0, ..., Nd - 1),
the si gnar&e@rroeqlgaulmmgwan by fhedhafriedifjuation £bl | ows: N, -1 H, (Z) =h..,,,,
(n)z-("""" k.o If define 20 >z;(z)=W-1(~)Z i211 (22) (23) and the inpul se

response of FV(z) is w,(n), the weighted far-end signals is given by N'-1

Yi (G) =A¥aBtive ThiRkversatFiltdd)Coeftivients UpBdtid) - 1Nk - k)  Tk.o (24)
Coeffl(;l ents updating 1s perfornmed by

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()* = [r(n) ~ y() * B (D] = {r ()~ [y(n) * wCd]* [l (1) * w ()}
10 ~fm =D RO | @7
where hy/(n) is defined by

ho(n)y=h (n)*w(n)= Zv:w’(i)hk_,(n) , k=0,..,N-1 (28)

iw)

If we define the vectors as

15 w(m) =k (), B (), s B (), ., B (DT . (29)
y() =[yo(n) (), ooy )y oy o (] (30)
h'(n) = [B (), B)(n), ..., B (), ..., iy ()], and G
') =[(n), Y, ey (), ooy Vi (D] €Y
the vector representation of Equation 1 becomes
20 h(n+1)=h(n)+puV, /P (n)=h(n) + 2pe(m)y(n)/ F,(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{n). The LMS algorithm adjusts b(x) 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



25hk. w, (n+1) =hk. u+, (n) +2pe(n)y (n-k)/ Pk, (n) (25) The normalisation power is
updated by P,,(n) _ (I-a)Pk,(n-1)+a.y,(n)' (26) 8 Novenber 2005 - 16 The
error signals is given by the sane Equation 21. Adaptijve Traﬁf er sal

Filter Coefficients Updating 5 In LMS, the correcti onNB$MPeh c%he
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- function or MSE, which is given by J le(n)l2 =[r(n) -Y(n) * hk (n)]2
= (r(n) - [y(n) *wn)] * (hk (n) * w=TMN])2 10 = (r(n) - [y(n) * w(n)]*
(27) where hk'(n) is defined by Na hk(n)=hk(n)*w n)w (i)hk_, (n),

k=0,.:.,Ni (2S) +-a If we define the vectors as 15 h(n) = rr(ho (n), hi
, ..., hk ' Y,, (29 = (11), v, y > :

(n) YN i (n§$§7ﬁ',=%§63’h&\"}h‘!’(£?)= [h(o %n)?/(lin)‘(n),( .?.,yhk(?)n), GXEN(P)

(nm)f,, and (31) y'(n) =[y (n), vy, "(n, ..., Yk (n), ..., YNi (n)l,

(32) the vector representation of Equation | becones 20 h()2

+1) =h( n) Ae/cByfHcirmehdrap@ped by y(n) I P, , (n) (33) where Vh = 2e(n)y(n), which
is the gradient vector and _cal cul ated by_using, p?rt'i %I derivative _of MSE
of Equation 2700 sch(rdteiVar! BIon bgriedrelmdy @i deton of st eepes?) ascent,
t he magni tude gives the value of 25 the gradient at the point h(n). The
LMS alXgorithm adjusts h(n) by a fraction of the gradient

This equation is the same as Equation'16.

The gradient vector V) 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
w'(n) or by inverse weighting filter 1/W(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
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
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 Intemet, and generally wherever echo cancellation is used. It may be
applied to both line echo cancellation (LEC) and acoustic echo canceilation (AEC). It is
particularly useful in linear- prediction coder (LPC) type applications. The greatest
advantages of the present invention are obtained in;implcnxcntation 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 cancelleris improved (e.g., speed of
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




in the above equation. On the other hand, in this invention, as described
by Equation 16, the gradient vector is 8 Novenber 2005 -17- Oh. = 2e(n)Y (n
- k) (34) The coefficients are updated by h(n+1):h(&é¢D,; l;é ' .
(n) =h(n) +2pe(n)y' (n)/PP(n) (35) 5 This equation is tHNYEMEEAIFEquation 16.
The gradient vector Vhis a version of Oh weighted by a speech spectral

envel ope. In Equations 16 and 28, the correction part of the transversal
filter coefficients is weighted by 10 w (n) or by inverse weighting filter
[1TWZ). The weighted coefficients are allowed to put nore weight in
formant parts and | ess weight in valleyggaf spectrum This is a type of
adaptive weighting. As an exanple of the perfornmance conparison, the system
shown in a spectrum 15 conparison was nmade between use of the nethod of

t he i nvent] Jhat Qfddqure 1 The results are shown in Figures 11
and 12 ré?%@%??@g?§9a%%qﬂpg%?%%ﬁéﬁﬂ%Wdaﬁﬁ?gthe curves are the spectra of
e(n). The dotted lines represent the spectra of e(n) by using the nethod
of Figure 1, and the solid |ines represent the spectrum 20 of e(n) by using
this i nvedismmplp Whereotepeischngioghds epartcwant eanpaeprinie pier ior\risrcevesyiP

sever al 1.5. acghi ..b jnyention. The inyention. | nepal |y

appl i cab%@ﬁ%llﬁﬁf@g f?ﬁéﬁ%so as{a 2'% é@ggrﬁg%\%c%af ?C%)eﬁs"}ma%%?%ye%cBq#g@gﬁ’gllthn&na?ﬁljmt he

| nt er riet ,candulleg ematiadeyfulindupteeopeeatinn. CRidee bhdtdl@bntsemifgareltivorpiyer Rgead’
applied to both |ipe echo cancellation (LEC) and acoustic echo cancell ation

(AEC) . | tWhege thimtechuqipay £4n bzaprliedi n | i near prediction coder (LPC) type
applications. The greatest advantages of the present invention are
obt ai ned in,inplenmentation and performance of the echo canceller when it
i's combi Mk forddoiy deredah deeb@tion Dieaplcatbntitions ®F tikd preabiitaint@tionthis Beent he
fact that the R rformance of the echo canceller is inproved .Q9,, speed of

ved (e
30 convePHSAEED BioMay of | yamplegaly, aadihaet intandey toybsrcqnsidgeeddimiivg tel thaent s
f romyighe iRRAAGR as defined in the appended claims.



codec system Wen these two are conbined, the requirenents for practical 8
Novenber 2005 -18 inplementation (e.g. MPS, nenory) are reduced. An
exanpl e where this technology is particularly appropr%@te i S %

Voi ce-over-1P applications. In this case various speetREB8Et’%3re depl oyed
together with an echo 5 canceller to achieve full-duplex operation. Video
and tel econferencing are-two other areas where this technology can be
appl i ed. -The foregoing detailed description of inplenentations of the
present invention has been presented by way of exanple only, and is not
intended to be considered linmting to theje9l0 invention as defined in the
appended cl ains. 8 Novenber 2005 -19 CLAIN% 1. An echo canceller for use .
in a conmuni cations apparatus Laving an inconing far- end signal and a

net - end signé#éw@ﬁph may include-an echo conponent derived fromthe S
far-end signa e who canceller including an echo estimator for
generating an estimated echo signal, and a signal subtracting neans for

subtracting he e ted nal from sald rear end, sSigna
generate a c t‘%ﬁ"ﬁﬁ‘ﬁ%rﬁ'%‘ (o (ea Vo1 3“%‘53‘
cogent, merﬁd@ﬂ%&ﬁwlmpw(ﬁm&%mw&%ﬂﬁ@%
produce a whjtened far-cad signal by weight ed filtering of the incom ng

Sr-and sign 8191%)‘:3” ﬁﬂ‘ﬁg‘fm evho-estimator, ™

ddr . oni nos %EP n'%inﬂ Bﬂ,ﬁﬁ Sohot | BRRd
predictive eo ttg C|et erive ynam ca y m ft |ncon1dgg?gr end
signal, the ShFIEsR rwfmmmmg near-enda pigpaldnelnding o eshe empt er
havi ng adapt §9ﬁ§5E5* QPEp

f anend- si gna sal earnr si gna corrponent sal gﬁméﬂ
fitter bei nmatmplbm by areighret Shteringof achmwmnsﬁgmudpﬂ and :

Cormm 1 0307 ellinf M oL bt Shdl Sebiied S5LAsthd Bocme e

gener at es olfilteni aegordingntl lindar cpredictiver poding icocificients -derived. dynamically from the -
icoming far-end signal, the echo estimator Further inchuding an adaptive transversal Slter
‘having adaptive coofficients determined acsording to seid whitened farend signal and said
. - eyror signal component, said adaptive transversal filter being operitive to generate said
15 estimated echo signal by fltering said fat—end signal nsing said adaptive coefficients.

2. -Acomtnﬁcaﬁomaépmmsimhding:
| ;nm:odﬂde;odcpmmwhichgmﬁmmgpingdgnﬂsﬁmmhpensmd
near-end signal data for transmission by way of a communications channel and gemerates
20 fur-end ayddwmmmnphmbymydwdmmﬁmm
<hannel; and
muhocmcdhnmmmco\mledwthcmodddmdemmﬁr_
generating cstimaned echo signal data and subtracting the estimated echo signal data from
mmdmpﬂdm»asmobmnmdeompmdm-mdmgnﬂdm.mem
25 cancellation processor including: '
2 weighting filter amranged 10 produce whitened fir-cd signal data by weighied
ﬁhuhumﬁsndﬂuumdmgmﬂdmaumqgwamhﬂngﬁhuwndﬁmum:
a2 weighting filter eocrﬁment processor which determines sxid weighting filter
coefficients according 1o linear pradictive codmg coefficients derived from the
30 far-end signal data; '
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near-eM signal data for transm adoa by way of a eoam unications channel and
generates 20 far-end signal data fromincom ng signals received by way of
said oerrrannrica ent channel; and an echo cancel |l atj on o]l or coupl ed
to the encod&deende processor for generating est i mat’dPve :ﬁﬁgnal dat a
and subtracting the estimated echo signal data firm near-end signal data
so as to obtain said conpensated near-and signal data, the who 25
cauccUstion procenorincluding: a melghlng filter arranged to produce
whitened fa"ad signal data by weighted :BhWt of said fat-end signal data
using weighting filter cocfficiatts; a hting filter eoel | i ment
processor which deter said melghtlng filter coefficients according to

|l i near predictive coding coefficients derived fromthe 30 En-and S|gnal

dat a; Fsaf AI\/ENDED HEET 8 Nove 005 0.an tive tar.si, ve
filter baying ad&p 9@%?’5“%%’%4"%@%" %ﬁﬁ%ﬁﬁ m%%d

far-end signal dat asﬂﬂ%ﬁﬁnﬁ?ﬁ- Signd] YA b s2Bb ahrBe t 6btdifled from
conpensat ed ueartad signal data, sal d adaptlve transversa filter bei ng r
. pcretive to generat@l MM@H‘%H né

far-and agnal "data %% f' ' gﬁ;&
apparatus according 1o clal né@ erein sal cl | | n%r preg?’ct I ve I ng
eoeffiei dhts we decmmmmWQﬁMm ng. signals.

by"sai d. encodeddet : ode processor. 10 4. A corn t actions "apparatus
according to do'= 3, wherein said "ntodel deeode processor is consncted

according ta@. onemmwmwmwwm&mmmﬁmw
appar at us -as_accor t o _clai i ncl ud| n g%
oot vt EnEREPhshiod RS iR ol o shesPin gl BU bl ofototeoss
~del ayed i npypiseedsar. receipt of said ft-end si gnal data and said V\:hl t ened
far-end 1sﬂl gnal data ' ‘
4. Acomumcanmsapparamsmordmztoclann3 whemnsml encoderdeeode
pmcmormconmmdmdmgtomeofmrstmdmﬂsGMIMGm

5 Awmmmmmappmmsasaccordmgmdmlorz,mdudmgaphmhtyﬁ
15 adapnverrmwem! filters mupledinpmudwmrapemvelymdelayadmputs for
mamcfsudfn—mdasnﬂdmmdmdwb:mzdfar—md mgnaldata.

6. Anechoéampcnsaﬁonprocesmfornse‘inacommmiuﬁonsmin

. which outgoing' signal data for transmission by way of a commumications chanmel

20 compnsesnm-mdmsnﬂdmx(n)andmechnoompunmnn)dmvedﬂomfar—md .

ngnﬂdmy(mmhymyofmdmmmmmscbmmechowmymmon

pmcccwrbmgmpledmmmmdfn—mdngnﬂdmy(n)mdgmaemesm

‘echo component r'(n) which is subracted from the outgoing signal data o as to obtain
mmwmpdm&nlmmeﬁnunaﬁm_mmm:

25 a weighting filter W(2) amranged to produce whitened far-cnd signal data y(n) by
weighted filtering of said far-end signal data using weighting filter coefficients
wn),

‘2 weighting filter coefficient proccssor which detsrmines said weighting filter
coefficients according to linear predictive coding coefficients derived from the

30 far-end signal data; and | |
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6. An who conpensation processor for use in a conmmunications systemin
whi ch outgoing” signal data for transm ssion by way of a cc nunications
channel 20 conprises near-cad signal data x(n) ad an et ho oonpwsnt r(n)
derived fromfar-sM signal data y(n) received by way® Jpveseg2005

comuni cations channel, the echo won processor being coupled to receive
said far-sad signal data y(n) and generate an estjnmated echo conponent
r'(n) which is subtracted fromthe outgoing signal data so as to obtain
conpensat ed near-end signal data n(n), the who cancellation processor

i ncluding: a weigbdng filter Wz) arranggg to produce whitened far-cod
‘signal data Y(h) by wei.ghted 5heang of s ?a far-nmd signal data using
weighting filter coefficients w(n); a weighting filter coefficient

processor which det nes said fi,lter coefficients according .
to linear predi ctﬁ/m M@%H@gm&&‘ﬂwﬁmw {n) - dstesimiziedn a

data; and Enpf a A FolidB whftessuahi-endl) Y Eerf! al
Ell er H(z) having agépt ive.cqefficients h(en@%ﬂ%ﬁ%ﬁﬂor I ng oﬁé'gtl d

whi tened far-end si gk3r oht@med fiem, pid sompensstsd pearend sigrad tmmndqﬁi\um

ié‘éfaf?U‘ée[‘iaBSﬁePS?%ﬂgﬁ‘.’?‘est.%%@%QP%@%% CE%%*%W%? oty

Send signdl data usi Mdmmmw@mmmmmau d whi tened
tar-and signal %ér_.(n) |'s generated according to y(a) - y(n)* (n); said
estimated cello signal |s,genaated accarliag.to- I’J (a) y(n) b(n);_aad said

37 1 e e b i a8t
a are constsm>s/ M@ﬁ%%é@%?m Emt i ons -
systeta having i mmemeﬁamh(n}mdmm:mdngw
10 hi(r+1) = Iudo) + X.o(n).5"(a-KVBy(n) |
Pyfm) = (1-2)Py{o) +ay(n)
whaen,km'inwge:s.md!(.ammms.

7. Amhodforenhocancelhuonmncomumcmonssymhmngmomg
15 communications signals and outgoing communications égmﬂs whersin the ourgoing
cmwmnﬂshchdemuhodgnﬂdenvedﬁmthemcmg
mﬁmmwwhmmmmgmmmm@mea
series of digital data samples, the method inchuding: =~
’ gmmn,gwaglmngﬁlmmeﬁumbasedmlmwpad:mwcodmg
20 coeﬁumtscalﬂﬂmdﬁumahlockcnmpnmngaplmahtynfseqmmlsmplsof'
' themcomgmnnmmmsamﬂs,
filtering the incoming commumications agﬂsMawaghmgﬂm
‘uu".lmg said weighting filter cocfficients to produce a weighted incoming
communications signals; '
25 generating cstimated echo signals by filtering the incoming communications
signals through an adaptive transversal filter, the adaptive transversal ilter using
adaptive filtcr coefficients; and s ,
‘. subiracting said estimated echo signals From said outgoing communisations
signals to produce error signals;
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15 ¢ mm cadons signals and out goi ng comruni cati ons signals wherein the

out goi ng communi catms signals iaehaie an who signal derived fromthe

i ncom ng comuni cations signals and wherein the incom ng conmuni cati ons
signals conprise a series of digital data sanples, t%@°%ﬂpﬁﬁﬂm?ncluding:
generating weighting filter coefficients based on | anear predictive coding
coefficients calculated froma block conprising a plurality of sequenti al
sanpl es of the incom ng Conn noieationssignals; Stering the incom ng
caaantm cations signals through a weighting filar wutilising said weighting
filter coefficients to produce a meighted% Incom ng comeatiorts signals;
2$ geneating estimted echo signals by fi %bring the i ncom ng

communi cations signals through an adaptive transversal flur. the adaptive

transversal filter using adaptive_filter coefficients; and subtracting
said estimated ec ho“’g?"ﬁﬁaﬁgég f&@ﬁf’%ﬁ?‘ﬂ' DO JReEmines foromsh saxppiedn saido

prioduce error sg thefisasi? 1V B EDinabirin Uae!, i_n
sai d adaptive f!i‘_llg'?lg?ﬁcoef fi c‘%feﬁ s are determ néodmgor ea(?ﬁ%%glrgrjpsl_%‘ais\éﬁggﬁé
bl ock on the baB&#l%sf said wei ghted i ncom ng conmuni cations signals and
said error signals. 5 8 A nethod-as-clainmed in claim?7, wherein a
plurality of-adaptive transversal fitters' are provided, each generating

respecti §e @sti natmethed sockaimpdinscisite?, wiierein alplomlitecf idaptive SatsweQul SReH0

communi cati gns._ si.gnal s,. the plurality of adapjive transyersal filters each

usi ng i {1 RERO I e BRrRRE FREEYE Pt ocks siggrl b ERrRd vy
use in a CodaldBbRsingrtenryit ANk ayinal, HRC PRty of leCRMdrsQEISalSERER | cdch

aand-. outgoing, communjcagti gns signals whcrcin - the outgoing o

communi cat i ‘BHRE: T?gﬁﬂﬁ?—gﬁg ?ﬁ%ﬁl‘ﬂ *$si gnal derived from the inconing

communi cati ons signals, and wherein the incom ng communication signals
conprise a , : ‘ : '
10 9. An echo canceller for msc in a conunumications system having incoming
-communicatons signals .and- cutgoing commumications signals whercin  the- outgoing -
communications signals inclnde an echo signal derived Fom the incoming
communications signals, and whersin the incoming communication signals comprise &
series of digital data samples, the echo canceller including:

15 a weighting filter coefficient generator for genersting weighting Blter
cocfficients based on linear predictive coding coefficients calculated from a block
comprising 2 plurality of sequential samples of the incoming communications
signals; '

a weighting filter for filtering the incoming communications signals using said

20 weighting filter coefficients to produce weighted incoming commumications signals;

an adaptive transversal filter for generating estimated echo signals by filtering
the incoming cormmunications signals using adaptive filter coefficients; and

a sigoal combiner for subtracting said estimated echo sipnals from said
ontgoing communications signals to produce enror signals; '

25 wherein said adaptive filter cocfficients ars determined for each sample in said
block on the basis of said weighted incoming communications signals and said crror

signals.

10.  An ccho canceller as claimed in claim 9, including a pluredity of adaptive
30 wansversal fihers each generating respective estimated echo signals that are, in use,
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series of digital data sanples, the echo canceller including: 15 a

wei ghting filter coefficient generator for generating weighting filter
coefficients based on |linear predictive coding coefficient h ulated from
a block comprising a plurality of sequenti al sanpleéﬁgwewﬁg%ﬁ oni ng
communi cations signals; a weighting filter for filtering the incom ng
comuni cations signals using said 20 weighting filter coefficients to
produce wei ghted i ncom ng communi cations signals; an adaptive transversa
filter for generating estimted echo signals by filtering the incom ng
communi cati ons signals using adaptive fiL&g[ coefficients; and a signal
conbi ner for subtracting said estimted echo signals fromsaid outgoing
conmuni cations signals to produce error signals; 25 wherein said adaptive

Filter coeffgd 5 o i ned for .each sample jn sajd _block on the
basis of said wel %dh?g% -%é&%&%ﬁ%%ﬁﬁﬁ@ﬁg “a{hﬁPBﬁF'éF}’e?fr@#Pﬁve

si gnal s. 10 tradsveesabfilicraeach dse differesy sdapia filter ebeFfibiefks, | NCl uding a plurality
of adaptive 30 transversal filters each. generating respective estinated
echo signals that are, in use, Enpf AMENDED SHEET 74052D03." 8 Novenber 2005
- 23 subtracted from said outgoing conmuni cati ons signals, wherein the

plurality of adaptive transversal. filters each use different adaptive
filter coefficients. Eevfi AMENDED SHEET J: 4- 05- 2003
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