;e3e, R~\6Tgt 22~ March 2004 1 | W-0~I|~~I M~A~ u~~nrmi M-o~~ Acoustic Echo
.Cancel I'ati on Equi pped with How i ng Suppressor and Doubl e- Tal k Det ect or

FI ELD OF THE | NVENTI ON The invention relates to acoustic echo cancell ation
as'5 applied to full-dupl ex speakerphones and teIeconfereﬂphn@n§yﬁbgns.
BACKGROUND OF THE | NVENTI ON To date, nost of the speakerphones operate
based on a hal f-duplex node, i.e., at any given tinme the speech of 10 one
of the two parties at the two sides ﬁf the tel ephone line (i.e., the
near-end and the far-end) can pass through to the other side. A detector on
t he tel ephone set senses the in-com ng and out-goi ng soun nat es
the line in one of the two possible 15 directions. This aﬂmHMWﬂw@mmm Zeates
an annoyi ng choppi ng of the speech signals when the near-en and_1af- nd
parties talk at the same time. This problemis more serious if 4%l ar
technique is adopted for a teleconferencing system 20 Fyl| -dupl ex
operation of speakerphones and tel econferencing. systensjh%ﬂﬂﬂ@W“ﬂﬁmmzed by
usi ng adaptive filtering techniques. An adaptive filter i de

t he .acoustics of the roomand obtain a replica of the acoust r@abi*si gnal
echoes which are com ng 25~ fromthe | oudspeaker and picked-up by the

m crophone. ~ 22d March 2004 2 The acoustical echoes generated in a nornal
size office roomusually span over a couple of hundreds of mlliseconds,
and increases to several hundred mlliseconds in |larger size roons. This

demands the use 5 of adaptive filters with a few thousand taps to get an
accurate nodel of thept ' St LGS, Th .t he.probl em of, acoustic echo
cancellation is in Q@cgﬁtfiﬁﬁé{q@pr\p@ﬂ tf% - B‘éﬂp Withters. such
adaptive filters ar %Eﬂ&%mmﬁorf QeaublenfalfoDetestoral - ti ne
environment. It has been noted that this problemis overcone by bl ock
processi ng of .the signal sanples in the frequency domain. See generally,

Ferrara, E. RFIELP;QF THE|l ENYRNTEIOHn of LMS adaptive filters", |EEE Trans.

Acoust., Speech, gnd Signal 15 Processing, vol. ASSP-28, pp. 474-475, Aug.
1980, and CIa%E? éPVﬁqu

8n gelplagto Arpustic efhe acangelhatied approach
to ting and fapgldrey donebn rephizatugnet FlRpdarbirphshgital filters”,

| EEE Trans. ogefgggﬁ%£%En§eggcgy%%gmgignal Processi ng, vol. ASSP-31, pp.
1073 . _

BACKGROUND OF THE INVENTION
To date, most of the speakerphones operate based on a
half-duplex mode, i.e., at any given time the speech of
10 one of the two parties at the two sides of the telephone
' line (i.e., the near-end and the far-end) can pass
through to the other side. A detector on the telephone
set senses the in-coming and out-going sounds and
activates the 1line in one of the two possible
1% directions. This arrangement creates an annbying
chopping of the speech signals when the near-end and
far-end parties talk at the same time. This problem is
more serious if a similar technique is adopted for a
teleconferencing system.

20 Full-duplex operation of speakerphones and
teleconferencing. systems can be realigzed by using
adaptive filtering techniques. An adapti&e filter is
used to model the acoustics of the room and obtain a
replica of the acoustical signal echoes which are coming

25 from the loudspeaker and picked-up by the microphone.



201083, 1983. However, the frequency dommin inplenentation of adaptive
filters as originally proposed in the cited papers introduces sone
excessive delay at the filter output which becones unacceptable as filter

I ength increases. This problem has been resolved 25 by inth@queingygxone
partitioning on the convolution sumof the original filter and rearrangi ng
the sum as an aggregate of smaller convolutions. See generally, Asharif, M
R, and F. Amano, "Acoustic echo-cangeller using the FBAF al gorithni', |EEE
~Transactions on 30 Communications, vol. COM42, pp. 3090-3094, 1994, Soo,

- J. S, ang K K. Pa ~Multidel ay bl ock frequency domain adaptive filter",
| EEE Tr ans.eA%%ﬁ%fggg‘B%e%ﬁ{‘ﬁﬁﬁ %gﬁﬁﬁPtﬁ?o&Bsg.?O%'Bﬂ aiap.-agliep. 373- 376,
| 990, andr®eRraughbahly” Sgpham avermetahodsodple aroef fhend@rédy 35fconst rai ned

frequencymgpii8c8H8aRt i ve  fal ter” t. : 26 (Jun. 1996).
22"d Mar ch.€904 3 Alatghou ?\ﬁ%he?enﬁ%%%{% su%ges: egégg utikélﬁn?’ée educe the '
del ay of Bh f?%ﬁﬂ@ﬂﬁyl’ag]ﬁ%%o%’gﬁ‘? Ve + eThist depandsatbeanse her

probl em dfheadaptiivengistenst withCANRIG&hAIahd WPy - tdNgefONfCE Of this

probl em h n identified by the inventor of the present invention -
see Far ha%éc-: Eggﬁj"e‘%@?f B?% éﬁ]d’?’% SCNF 98 ¢i Th¥sk nphenkRehlieBn of

partiti onef BrovktinSeshaptcancelillatdrosi' ,id Bt théntea S £4€d oty 86€SSi ng,

vol . 44, $8rv288R42 : herein incorporated by reference 10 in
its enti ret? whe eglétgpltggéugéggtgga'that the bl ock Iength has to be shorter

than the partition length. In addition to the nodelling of room acoustics,

th tr ElBei ' d df
Sygcesst ut ?ﬁpf‘%’;ngfn?’a??%n oA s B lBr Y OBEY R
S

_suppr.essi 6f 3fF bre TRV FoRReRtt hdts hasheemanokedsthauthis a positive

f eedback mhpbhemayishvaraymé nbp boopkt hatoddidlivdeson tRMASPEAKE!
m crophong,ang clybiid gircul el gphone line, This feed? ck causes an
oscillation Pnet hellgys'(teg% a%ge%&ﬁggbmggm\?épy | out®EndISRRES iﬁ'noi se which
di srupts FREX@SAmumi-cdion. “ Fastatiaplementeft idne ot oLsS i adephdveancel | i ng

systens agiuerkhat hewls nqrh%sS.uP%%%g%d,Onggegﬁﬁ,acguati 63! "t?'?]ho of the.
rggm i's rr?,QeI led rt‘)?y the AEC adaptive filter. thotgh truei A eory, this
25°assunpt FEREES 1H8r S APy ~28r r BBt 147 4pridSti AT ThE9HPobked i s t hat
the how i Gdamky 6taht,08CeR! earken) aeqwsetf.i Qﬁ arhiﬁtx%hangﬁduﬂﬁiw 519”9
novenent s i r he intensit the howl.ing grows very fast. It
i s usuall ?'p%lr%).?:guPtB%%Sgt%%gaéﬁ%ﬁ%cgi(ﬁnéar“bfre@mézﬂgé%'b°§0F1uni ckly
react and3d@RSiveefdigitab SKisttensjoes IEGEanToaoont ol | abbesstiate. To
resolve tbipecenobliemsighsr | BYSBLLQIGYIGRALS bl e gpd fgsh_mechani sm
C

’

t%t can'Lal diately stop the how ing’  This nmechanismfits very nicely as
afi i nt egr p]ggart He propd&¥F¥¢equentie3s GBREVANEYDI efORRAN on of the
AEC. 23ing Lmeqita200h 4 of adaptive filters as originally

proposed in the cited papers introduces some excessive

= delay at the filter output which becomes unacceptable as

filter length increases. This problem has been resolved

" 25 by introducing some partitioning on the convolution sum

. of the original filter and rearranging the sum as an

aggregate of smaller convolutions. See generally,

Asharif, M. R., and F. Amano, “Acoustic echo-canceller

using the FBAF algorithm", IEEE Transactions on

30 Communications, vol. COM-42, pp. 3090-3094, 1994, Soo,

J. S., and K.K. Pang, "Multidelay block frequency domain

adaptive filter", IEEE Trans. Acoust. Speech and Signal

Process., vol. ASSP-38, pp. 373-37e6, 1990, and

McLaughlin, “System and methods for an efficiently

35 constrained frequency-domain adaptive filter”
No. 5,526,426 (Jun. 1996).

, US Pat.



_some chance o

€

.and suggests ffective way of introducing a nul
‘howl i ng oc(%:%'}%&% s

The second 'probl emis double-talk. The error signal in the AEC set-up is

~t'he transmt signal. This transmt signal is used to adapt the coefficients

of the AEC to its environnent. Wien there is no near-end (or local) 5
speech (or any other sound) and the AEC coefficients approagmireddosopti num
val ues, the transmt signal approaches. zero. This assures a snall
perturbation of the AEC coefficients around their optimal values after

their adaptation. However, .this does3not renmain the 10 case when there is

.sone near-end speech. The near-end speech results in a large transmt

(error) siAdtdouglithedd) &tgfg‘%% e I he, AEC.coefficients,
as the, .t ré%qlsm tCJ gi %rﬁaal tﬂrﬁ%ugh the "a g'tp%l \?Z’eﬁrflec%glniq:fsomgﬁ Satl Q: sturbs the
S.

AEC 15 co 4 efl i Sre@eensy Armaine mdantdieat foltene, undwcel | ed

echoes. Teressm veanditlsepr optePlele sheHbd gabagk ihie sg%tq{regoubl e-tal k
in the AEG i_Nni_m

n_appyopyiate _action to mnimzé the disturbance of
the AEC coeffi c‘fﬁﬁes‘?"zﬂ’ ~£{fﬂ‘ﬁ’ﬁg dgﬁﬁl 8OUEPR REr tBdS Pusdrlew hame avail abl e
ecRo- canc digamd depdridiieds byplthef ineentoheo fickpt airedent GaR&MtIVICE a
doubl e-talk sé@t eakrhah§CBARLGSENYSEY gENSS h etead .. ' Method and
apparatus for echg cg.ngel i nggwin?rﬁ ,dngl e-&%%yi i %?r'ﬁnietfyﬁ?lelﬁg Pat. No.
5, 535, 104TPLfRentgion \pfabartdtigned Oplaglke. MR dedamtiisre in an echo
cancel | er 'filtds-aPat . IRBE #r894.8 SAGrlalarprd 989 i n@ndybul ulgaua gy al, "Echo

cancel | er" 3 5,463,618 (Oct. .1995). Thi's strategy works wel |
only when %%iéysezpﬁa 'ncl\)p %t s%%%?f i ﬁﬁ%?lvaﬂ‘ﬁf’rgﬂraf:e?’h Yed“r?cf%‘???ﬂuri ng the
dd@bl e- t alin phks cenbidetyhuvhere ddapisitswpgedtédetARE enef Hidants i s
required. Jldh@drH4Sehd s d i1y the case There is always
O e e S T R Y o e e B e 35

including during the double-tal k period. Freezing the 22" March 2004 5
AEC coef f iTm eadaitiohngodemdl qrdcdih ity OF 2BBRHORELALS icA b}tl{eg[re conprom se

: i r i‘od, but use a

solution is. to, continue adaptation duri.r
smal | er coafrrper o?r‘lggseﬁc’g?eﬁ-r??g@“‘gs “Ells‘gh

~

ng double-talk perio
§B"’gff3b'%‘l‘oﬁl.e cereHidered éid on we 5
propose a SOksd forx euccnss Dul dohpbenagt aoidh et aAlc peysesss and
controlling the step-size of the adaptation nechani smof the AEC during
t gse periods. SUMMARY OF THE INVENTION In this invention we have devel oped
a real - t'i 'S FNRl PUPLR utS cTRRRresFEiQN obf drnes koo Usiv i rex e

cancel | at it sydbis GRlldOsEo IO 2 PIDAIW AlAAlPRALESST N
t echni ques, 19 gg?-up wth an efficient echo cancellati.on system To
deronstrat &% Ut HRnd) & 1P pibsdsctneladesy aa Inwsipreakerw ch can run

in real 19ni¢mephon®amd hypeid eiacudanpit ar 8ehaghbaeny ggyel oeds and
tested. TheAiwposed tion LS. n.a frequency domajn adaptive
filtering techni que.aal'%%y’i %geﬁ%fgég?é?ggg é%vé#‘f/e éc'fyﬁg"y@t“\ \%‘Bdsdﬂ}f‘f nto the
pridbl em of2 hdftithglovde pREpoxRRPYNL inriscakwbigh adisntpgs ofhd he

avai | abl e domaueleyti®nns i fot ety OPRsSed fé.@qu&%cyaéeﬂgkﬁlci olgdrent ati on
i i | at the frequency that

e &85 n 3WE Fhaf: dPtlinheigeiinpressedtware. |t
can be useh¢e théderc@isticabl estentat iths o cho wewEldd Ny seied ens,  as

wel | . AEC adaptive filter.  Although true in theory, this
25 assumption is not completely correct in practice. The
problem is that the howling may start once the room
acoustics are changed due to some movements in the room
and the inténsity of the howling grows very fast. It is
usually difficult for the adaptive filter of the AEC to
30 * quickly react and adapt before the system goes to an
uncontrollable state. To resolve thié problem, this
invention suggests a simple and fast mechanism that can
immediately stop the howling. This mechanism fits very

nicely as an integral part of the proposed frequency
35 domain implementation of the AEC.



The inventi-on al so gives a solution to the double-talk problem A sinple
.mechani'sm for detecting double-talk states is proposed. Furthernore, a

met hod for controlling the step-size of the adaptati on nechani sm 30 which
results in a good. conprom se solution is devised. The proPpsg‘ng%o) HLI on was
experimentally tested and found to be very effective in real- (9
environnents. This solution also is not limted to the devel erd sof twar e.
It can be used in other inplenentatigns of 22"d March 2004 6 echo

cancel ling systens as well: Further scope of applicability of the present
invention will becone apparent fromthe detailed description given

her ei naf t éfhe HrReard preblémulisl deubbeetrallood Thaterher 5 dptal | g

descripti %@nﬂgépggtf_hg @L@Wé"strg\Q&Lﬁ gbﬁsil ng .pr.ef e%ll[ed enbodi ment s
of the invention, are giiven by way o Ion O rious
changes artit R 18 a0F6RstRi alpRtt ﬁéles@%ﬁflm@r@@opﬁ dfhet h!aac rtycent ion will

become appitrenént droheeat ski whed ithetde 1,lemaereaL hdeé,i
desgripti %‘?§ EF DESCRI PTEC]\I OF THE DRAW NGS The pres [ nver?t ion will

becone nor (QRa &St oBEREF o )det™t | ERedéFEt igre bhigients
her.ei nbel owzzma@he thezonpapt ingindr aailengss Whithe atfagéMed byidy of 15

|IIustrat|5)‘5bp(@$,¥h angdagus Nt J ot atiyve f the resent i nventi on,
and wher ei T ESWS anq‘giggus |(':'ujegc 5 & bafionef - dep| cts

the genera &‘%oﬁ??gﬁpsff-éﬁléﬂtén agoand &heHe wnt‘thl hail i ey 5ﬂp@f essi on and

doubl e- t al th@Dr dadagitiation’! G H3wEeREC! %ﬂl@bcg@égerﬁé C%fm{ Y agion of an
e-ta

expgpl e A t‘r} hovx%*1 ? suppreSS| on and dou dete |on '
accordance W T hYRCBr SREFPedSe TORE RGAT GG [PSasTent iTBe DSARtEd 4 depicts

. an exanpl espeechp metdisterin uaedldngé etfranamiAEC(bllysh ! akfghd Fig. 3;

‘FIG 5 prepgpds ajhowd su n procedure.in accordance with a
preferred enbodj ment of tHe P%f/tgén{el%n E)rzind &E LRIvaPth Joty AEC

coefficients, as the transmit signal through the
adaptive mechanism greatly disturbs the AEC

15 coefficients. This results in an enhancement of the
uncancelled echoes.

To resolve this problem, one should detect the state of

double-talk in the AEC and take an appropriate action to
minimize the disturbance of the AEC coefficients

20 ' during double-talk periods. Most of the

. available echo-cancelling systems simply freeze the

R adaptation process, once a double-talk state is

recognized. See generally, Ashley et al., *“Method and

apparatus for echo cancelling with double-talk

25 immunity” , US Ppat. No. 5,535,194 (Jul. 1996), Miyamoto

et al, *“Double-talk detection in an echo canceller”, US

Pat. No. 4.894,820 (Jan. 1990), and Furukawa et al,

“*Echo canceller”, US Pat. No. 5,463,618 (Oct. 1995).

This strategy works well only when . there is no

30 significant variation of the echo~-path during the

double-talk period and, thus, no adaptation of the AEC

coefficients is required. In practice this is not

necessarily the case. There is always some chance of

. variation of the echo path at any moment of time,

35 including during the double-talk period. Freezing the



FIG 6 presents double-talk detection procedure and its application in
.control'ling the adaptation algorithm step-size in accordance with a
preferred enbodi nent of the invention. 5 . DETAILED DESCRI PTI ON OF THE
| NVENTI ON The exenpl ary enbodi nents of the invention clai pdmafcH 7004
appended cl ains may be nore fully appreciated by reference to the foll ow ng
description of preferred enbodi ments. Wthin the drawing figures, it should
be 0 understood that |ike elenments ase identified by |ike reference
* nunbers. Fig. 1 shows a general acoustic echo cancellation set-up in the
cont ext G¥EQ etexOnieients nduaidg haoabIeeeallel @phaite appaiymiadde signal
received fr e . | S rough..a hybrjd circuit 4 and is
broadcastiBt tkﬁ%ﬁ%% ggfagggglégkgﬁ g tlpL%%aq]%otct%I crog'g:nl]n e>e/raed IR Be heard by
anybody iHEHY QiR 1ot He epied 5 Hudcisedai snahker smmpmoniseei t o pi ck- up

any souncstesp+yitéend naideussed M vend themed i oughehgchel@phone |ine
tqa 20 renote site. 1?’I'hilsj?arra ement clearly results. in a feedback of echo

of” the sgeecn of the® e PEPES™ I APKESEANG: dRIETtals the

m cr ophorgesiedsnond didhbrehl ing ethaes seprsli oo hgHa eradgeat tagdspeaker 1
from ot hgpe SIRARNEsACE EVERLERREN 0 oQm.. 25.To prevent this annoying
echo, an a%lapti ve fi te{r.lézi}zls: ﬂéggn%ogﬁ%aélg%égg%busti cs of the room and
obtain a replica of the acoustical signal echoes which are comng fromthe
| oudspeaksumMarndopi PKEITNRERYTbRE M crophone 5. The acoustical echoes

gener at ed¥i a, noymal rpom 30 usual |y span over a few hundred m||iseconds.
This, in TRrPIYRYRREIIR YR dajte devedepedva Fealeking (softvanet housand |

tEps to gsolutjondtooddle @frdblen QM ReUE i Secho RdndeBiaE6R. 1 f the

-speech si S I the rate .of 8 kil q-sanples/s, ap acoustical
‘echo of 'dgfr?g%i g?i’rl%é%r@ig PER 200 TREF nPFI S @@t?ﬁgsp’éﬁ’??sff'é‘ﬁsl ate to
8000* 0. 2=%eobnigupres. tor come-exanidhan adaptegei¢ieéher wechoat | east

160 tapschfickUHLi6H L9stehi.evers SABlALS i - rgem
acoustics,, Thus, the Trsglbl em of 5 acoustic &%ﬁ%n%%?%}%@%i §9t hat of the
realizati Sﬂeof’r??ﬂ?q MY St | ¥ePFPEFRRsWhiER gaorusy obt evieadd th t he
i 1Pl ement timen cof Parigi maﬁékﬁenﬁl: cehputerbhafast hﬁééxﬁr&eGQﬂBﬂféét i onal Iy
very expepsiyVv is, eir i enentation requires a ver ast
pr ocessorgﬁgr eri%gg%%ievi.r%lea PE&E’B e PRAFFLARI o?’atsﬁél ABB &Fhe
conput at i 6RaAVEDAY demay nokdaphd ved £plitee ihgl technignebe reduced to a great
extent by choosing a parallel processing strategy in the inplenentation of
thefil tersh Anong prior solutions proposed in thelSliterature, realizations
of filterSPfn ¥WETHRRUALYBONAI ¥ Hel e bERAE 1 e ~Fodutdgacduxsf theappr oach.
Thi smet hogrobenf asf Fhuwilehgt.r ansfraem pFbdosad 00sbiEBoh 0aghicgue | ow
cogput at i lexity, , Fig. 2.depictsthe schematic diagramof a
realizati gﬁ@%ﬁgﬁg Aé& uglrlﬁ'gZB'E'ﬁilgaF’;Ft _e%r?g‘éﬁﬂ?ﬁuet.’”fﬁi SQBI otRedi agram
i ncl udesf PFPEPERJ &ndaudnpyi demain usipleanerdfattim hinldt suggektscaants 10. A
received girgBaki¥eNwdy LPS§], converter .6-th tputs a
- converted, si nallhavi.ng)sbl ock Wﬁtéir?gt . ngl %e&é%ﬁvé&t etﬁlesi g%%&aflgﬁgoverl apped
with the pFhadi ooWingg Rcatiml esThiglcorlation istnot Iiwmitedcyodomain at

FFT 8. TheheangéoelBfeaannbeewar-e. i NSRRCH eQnUthélg udd£2agly - BRapgauare
. dg%grm nati og net hod ,and converted back from thefrequency-domain to the
|

t  e- dorrailﬂ‘pﬂff"l‘?é‘t Lofve e bRy enopdd ingnsysdemsn gt pellsi gnals y(n) is

t heni npl emrented with the m crophone signal d(n) to beconethe actual output

sanpl es ofmt.h J and aretransmtied.to the remte site. Fig. 3
depi cts afrrtrl%r g‘%ﬁ% 'baTaloéci YEGT atn %?i't‘gtoll\E%’tB{‘ﬁhngt?Hbiﬁé talk
how i ng35PEPPlessor A 7sippte dvephaniankfdet detect 26gbloaklieataadded. The

various pathtedf the Asfopbibabe di $44%389more?” M GRe£094 dater.
controlling the step-size of the adaptation mechanism

30 which results in a good compromise solution is devised.
The proposed solution was experimentally tested and
found to be very effective in real-world environments.
This solution also is not 1limited to the developed

software. It can be used in other implementations of



9 Fig. 4 shows the hardware set-up which has been used to inplenment the AEC
.and test the invented schenmes. A record player 22 is used to generate
(simulate) the 5 received (renote) signal. This signal is anplified by
anplifier 24 and passed to a |oudspeaker 25 to broadcast Zﬁﬁh&ﬁaﬁkMﬁp
signal in the room Any sound activity in the roomis picked-up

m crophone 26. Both m crophone output and the received (renote) S|gnals are
10 directed to a sound card 27 for dsgitization. The digitized sanpl ed
signals are passed to the AEC software 28 which is run on, for exanple, a
Pentium p ion of the AEC perfornance After
proceSS|ngé?%gigagggﬁgfgéagi %gng tiw%fi the 15 generated out put
sampl es (the error signal sanples in Fig. 1) are delivered to the sound

card 27 foruﬁtsetaécbpea@al Qﬂp]?ﬂ&'é/@iﬁi@ﬁ ofl O Priileritt WiRleigh s the
aker 31 (Il oudspeaker 2) which

transmt sj assed to a secon

is put out‘gggg l?) ?Qﬂ?aqeq%&ﬁomzﬁg?hgegﬁgﬁﬁdc%%??\’@lBﬁ%oBfg%Yﬁ% second
IoudspeakeheﬁélnaftesponHewéoetheltesmmuhm Is¢ gnedevdtodd tieapithesite of the
t el gphone %éggllgge abkact oehiohhe brlg) éﬂ# t Qof tﬁg telgglqpe line is
simul ated by using a speC|§ S mu Teuit 36 Sanstit™ < Si gna

gener at ed anQSthégoefsﬁﬁrﬁﬁdtﬁ@bQGGmGn@ér@ﬁmﬁh¢|ﬂﬁ%ﬁﬂﬁ%ﬂﬁﬁ|iﬂﬁls passed

to the secg ﬂdeh%ﬁ&&@al&% ﬁllus%rfddlw 8dl1 ndsﬁﬂéé%@%féuyeéﬁa&ib@f the
transmt Slﬁ§a| IS a d 23 to he simul at ed .recei ved S|gnal t he out put

of the recB® W&%rFﬂecﬁHﬁ?HFI%Q@a§€°p 09% ¢tP8 shows a
conpl ete bimzkntinegr skl af bbh:eméE@p@mi:e@mnSJoSttﬁxdﬁe tdK i sk pixi atlge parts: the
baghc acou o] C i echo how i ng suppressor 17, and
thgbdoubleg a|E§§§t§§ 5 ﬁﬁbga+%§sge§§% géPfs -are di scussed separately

bel ow. 22d March 2004 10 The basic acoustic echo canceller is

| mpl enent egdri¥r! ELRWBETORE ORATHE! PRARENEEEqUENCY domain LMS (PFBLMS)
~algorithm as proposed . by the inventor 1 n FarhangBoroujen , " Anal ysis

and effici &Re PF&P@H@nPQFF8519“oW1$&rPPFPBﬁeBOB?OE%llXEP %%EﬁFQQdfllters

‘| EEE Tr ans frSugthle Betagisdngeseliptibf, gmpenZBéﬁezﬁﬁsloNoandleﬂé The
differencea%%gm%%ﬁ.thls iJml enent at i.an and t he reV|o sly re ort
0

i mpl enent afcons Por YR pEBAVE A% o i ¢ Ii'ihat TR hePHr V7 us°
|nﬁﬁenentaﬂﬂdﬂ§ﬂﬂ@?¥§mtﬂniﬁcI@m@thhut axnd nolte Jparittiatiiore |efigthe M were
assuned toﬁlg@stelgﬁ-_ SFHERNnHIMEY &ina 3}?1 e;,f erred enbodi nent of this invention
di scl ose that L should be sélecte er than M Al though L = Mreduces
t he convergence rate of the PFBLMS algorlthn13|gn|f|cantly, 15 a sel ection
of L < Mread.t 9 ighars idiplitRidtdld @tHddanka] 1ledWefe tihugdj ust ment t han
where L - M when the unconstrained FBLMS algorithmis used for adaptation
of the AEC coefficients. The use of an unconstrai ned FBLMS al gorithm for
the proposddGAER idepiotkrl tive bgerssaht canf Pgurat bohi efean egahplieme
realizati o tRELAEGt SIHRA ke ut on ty of the
AE%ﬁslgnlflcantl | ower t hat ﬁ%g ga?dkggsggﬂPejggi a%ﬁgq%8%§?$alned

FBL algoﬂqﬁﬁﬁ to be used. To denonstrate the efficiency of the
proposed AEC 25 techni que, a program was devel oped and tested for a

real -tine i e atjon of. the AEC. posi ng, and devel opi appropri ate
FFT al Igori It ar?aé??’jr%%ugb‘:é g%’f‘?’v'\%]rexoagéﬁ%agh naf p%P\/&E}(@E‘% pgncgl : er

runni-ng at HEGdWxtmaMQWEsﬁg suppré&ssionnapér donbleetapit deteatidnh provi ded

according t, nt invent i A.211 e adaptive
echo canceﬁlor rdﬁﬁﬁ%g(%% qﬁﬂggg%bll eéé edofeng%nggghpfé%lgg

equi val ent inventk@ho coverage of 1000*(2112/8000) - 264 mlliseconds. This
is a fairly long echo coverage. 35 ~ Current comrerci al AEC systens have a

cover age of Iess than or equal to 200 milliseconds.
25 . 4 depicts an example set-up embodiment used to test

the AEC illustrated in Fig. 3;

FIG. S5 presents a howling suppression procedure in
accordance with a preferred embodiment of the invention;
and



22"d Ma~Ch 2004 11 Using a Pentium 166MHz machi ne, as an exanple platform
.t'he echo cancel |l er uses only about 40% of the central processing unit (CPU)
run time. This exanple clearly denonstrates that the proposed technique is
indeed a 5 viable solution to the acoustic echo cancel | i ng2pnektierosiow i ng
is a conmmon problemwhich is usually observed in audio systens. It may

ari se because of the presence of a potential positive feedback in the |oop
consi sting of the | oudspeaker "1, acomstical echo path in the room the QL0
.~ mcrophone 5 and the tel ephone line hybrid circuit 4. Once the gain

around t s | GORRAAIES dAR-d4Bt AlGA AN RUdIEY And rgarency the
AEC begins to, oscjllate at that frequency with a grow ngl anpl i tude. The

syst em qUIRBIFHEAR 4T eFPNEERd 1d8Gndt A AAJRSAT LR P lepmitdupt s t he
comuni cattieprs Fae t her socordhheel aigh anprdfedeecdl dnbads@idd ajd¢ ng si gnal
forces th&&i{&y&tfggponents (such as anplifiers and the | oudspeakers) to
their.saturatton régionh. This, in turn, results in a non-linear behavior of
the circuit. This non-linear 20 behavior of the circuit, on the other hand,

digr upt t@@rm@%,ﬁbﬁw Nbéﬁi'fﬂﬁ‘Efﬁ%'ﬁ'gfoﬁeSi gn has been based on a
e who S

l'inear behavior of e system Thi I Sruption worsens the how ing

si t uati onTBRdeKERRBLAFY epbedigients 19f cthe dpvegatient cdaimesbwinng state
once 25 ~thé appehledlfelaind hiyehhatbeedrhbay appeidiatdet agyion of the
how i ng S%?Eg gnd pr.oper.re di)fs to sgféa the howl ing before it reaches an
unaccept abt 6 T&Vet i v&PY rﬁ‘b PURRI FEICIRI 1 BF | R EREREAt i on of any
acoust i ¢ eshediments) i nHithinethe3@aoring diisfures heitf regeng ybdonai n

g0l erent ghagfsEhgIe kAR i TIIdIRRLS AL oaadopEion Qfy 2 veLy ef fective
de ho y

:splution to _provi I Ng suppression. W 1 ng usua dccut§€at one

'si ngl e frEglereyce nwpbesSer, the use of FFT bl ocks that appear in the

di scussed AEC 35 structure results in a separation of various frequency
22d MarchF200411 conponentsag]; t he Ltlnderl in si{gnal s.in different :
frequency bPns- ST HreFENEE 3D 2RONEHG EShOt FancoblybleRtERtedRily, as it
resul ts ibna tbasi sbetextr owfof tdieeigfmteraniargy dmd oneawd-fheef requency
bins - na - en i (o] i the h i,ng frequency.
The bl ooke FoPaPas T halr T nathe shaiRr Betdvetl boh S A8t hing 3 A
cbipared L&ngi Basseghtbrodghsanbybrid| adiscuht fowndnts seppadsasbn, Fig. 3
adds one extbaghFd Dbaakpd8kefhe 9H! RUICBL1T PSoEEhéSet DE E5H0LLO Signal

bet ween the_si.gnal picked up hy the m crophone, d(n), and the output e(n)
of the P/ Eegﬂﬂl t%‘?yli@‘.gyﬂ"?t% Hﬁ%?"?'ngAsE‘dﬁFQQQBPevvaslﬂ‘S?tPﬁcFUded, t he

AEC out putheoubdmbést hsedi tbephokeupeangesodna) aebivetigs 1d, thd, as shown

in Fig 2,080 s Ly, | ar t he i qplyenent ati ons_pr.oposed in the
previ ous ESbI i (S:%l%fo%%%\f&m ﬁ]ﬂ%%rré:hg%%r e%%%srq%r}elpnﬁlém& egﬁ'%n Wt Bl ock | ength
aR@ parti ¥EBRtPerite- i . Chis harzengement ofleamly axesuléd above. See

general | y febahatkf ofMecRo, 02N€hE. sPEREA, o'fAEﬁesiiaﬁoE&hgiEé”PEkggw using the
_FBAF 20 al gor thnt', | EEE gansactl ons on Communi cations, vor. 42, pp.

©-3090- 3094 FP100AmSeE or ferself . RS phRg, MIEHARRRIAY Sbl 68kNPEequency

‘domai n addpififerehtlib¢e’ tHEEoddNsonAagUronSARE 1 GhdsSegralk Rr ocess.

an ot 1o Eam, BEDeE! Fathl bRINISAE: B AR dekpd B Lore Us Par. No.
5,526,426 (Jun. 1996). Fig. 5 shows an exanple procedure proposed in this
SO T I ) SO RIS THfCBNLOE O
0 model the acoustics of the room and obtain a
replica of the acoustical signal echoes which are coning
from the loudspeaker 1 and picked-up by the microphone
5. The acoustical echoes generated in a normal room
30 usually span over a few hundred milliseconds. This, in
turn, demands the use of an adaptive filter with a few
thousand taps to get a good model of the room acoustics.
. For instance, if the speech signals are sampled at the

rate of 8 kilo-samples/s, an acoustical echo of duration



30 (error) 'signal after processing every block of signal s sanples are
.estimated and the frequency bin with the largest energy is identified 33 as
Pb. If Pbis found to have a relatively |arge energy, say, greater than a
threshold level T~, it is assuned that how ing has 35 occyprigghrah 2004 S
frequency (bin) 35. The transmt 22"d March 2004 13 signal at this
frequency bin is thep attenuated by a prescribed factor, say ~~ 37. The
conversion of the frequency domai n sagples to tinmne- domain is then per f or med
using an inverse FFT (I FFT) 18. The tinme 5 , dommin sanples generated in
this way ar@0fhe midtlpigeqandshsnvilli ghknsdatel eso | f800@* i =100 t he

| argest eneL@yphasnot EXCeS{yCexip1baan! %Ia%'p%el@easfﬁl%lb"mlmtgtt he

| ar gest eneagé over a prescrlbed nunber of bl ocks, say K 34, and its

present ene tes1 PRt LARP exSeeETMIFPEs P hAFNIGNS | asa§omplete | s
-assuned t habdlem\lhngg dfaxhec awyarethadudthiats f r emuw,cytt(éal proBbemTBE transmt

I8 HhenloBakbag enRy BhAcEPIAORANAL SMAL o Re0BRTSERLRER fRC1 0T, SO

~2 3 Then, conversion o requency mai n sanpl €s %zat i me- 8ona|n is
execut ed 15VEryl EPmg]1@dapkdvei £i lEewsi-n Thephajounr prohéem/ Bith theput

(transnit 5'191@@.&&1%%1% ofCidaly AGRHerRat A1 y-Ofid REROWhie)JapHPPr €SSi 0N
schene has shown t it is robuSt to the selection of the thieshold |evel

T~ and Tz aﬁ&’mé’l%ttlé’“ﬁ}elyat {EREML | AEPOBSiYet or s @hadhg Ly, ashgigeneral

gui del i ne, dmpaleirafa thorabadquived 0 at hieeyt | Fastt hprb@e&e%tr sicgpal ener gy
bin OI n the _a s.enc.e of how.i and a val L{_Haqof Tré out twothird of T~ was
det &r'ni ned EFWSTRRF . eﬁ/"p P @1?9 J¥ed for p~ and -2
are about 0.25 and 0.5, 25 respecti veI y. These al so have been det erm ned

through numeggus, Wa ﬁi E‘Bfn%ﬁeﬂ'& E%agg}egég% %@%ﬂl sm

di scussed above was |nc e 1 npfenent e em and tested under

fairly harsiFyHine |’iﬁﬂ‘%c‘5t4) Yt geato i tadndy chagsd nep ag@earadilial obser ved

that the sum@s@mq\or&eﬂaw@ wehl dRder iaplemen€htions. okne t%perl ment s
vier e perforrrtedlln a 3-by-5 neter_room ang %ontal ned hard fur.nit
(wooden desks:— aimbst enpPty BooREARFve§C Y doﬁ‘ﬁnpﬁfgpgf’edund‘é‘rp "f1 oor,

and ¥ard vvallstmlcml i rlrgal”ilaet35n§cmﬁ3t fidkteeshdmpatheneasunethdyn t he
roomwas abiin200 2" 0 4 in the
m ha¢ %e'@{ Cth@OR8st Oéﬂcléés%ef%zl d%ppzptﬁe 1 C;Tg%ﬁ(};n

roomdurlngtheteststocanethe ech e 26 and
| oudspeaker BSthed cusesefashdFpradey Fﬁaaﬁfpé'mer{fb‘a‘)r @digHE S %0 t he AEC
was oper ati ngehiléige M 6WORDMPALALAGNEAS Hnf dTOMSE, t OFigCe ot oy Ruds peaker
25 - this, of, course, corr ondst t he i num | oo |n an is the best
case for for%t?‘?‘ngscfth%ﬁ‘%’f/%? ‘ﬁ’r%‘) ’f?)ma° ?F?’)s(%%ﬁ Ifh‘f')t EQdsamsti d
circa0t si mthtsr 13d¢tart ehechnbdgueaas a'dpusteﬂdck adiagrhm [velwled of -6
dB. Despite % h it I s¢ases, o hee

SUppr esbi on FELTary o nardy " AREY Ade el R Ehe net TR e

system The FeSFfhgieubpr é93| orh sefeeived soigprksxifén isovinsrrtockars at
nPre than onehér egeeneynveresrt ughat N@utputs a converted signal

having block 1length L. The converter signal is
25 overlapped with the previous M input samples and
converted into a frequency-domain at FFT 8. The

transformed samples are inspected using a least -mean
square determination method and converted back from the
frequency-domain to the time-domain using an inverse FFT
30 9. The time-domain output signals y(n) is then
implemented with the microphone signal d(n) to become
the actual output samples of the AEC e(n) and are
transmitted to the remote site. Fig. 3 depicts a more
complete block diagram of the AEC to which the howling
35 suppressor 17, and double-talk detector 20 blocks are
added. The various parts of the AEC will be discussed



15 schene suppresses only one frequency bin at a tinme. If howing occurs at
.nore than one frequency, the enbodi ed nmechani sm suppresses one of them at
any given tine. Because of its extrenely fast reaction, the nmechani sm
easily reacts to the howing in other frequency bins and %Q“d%b‘? e§;es them
before they grow to an uncontrollable state,. that is, before thelr
correspondi ng anplitudes beconme so |large that the AEC enters into a
non-linear state. Although, simultangous attenuation of multiple frequency
bins is also possible, attenuating one 25 frequency bin at a tine
sufficiently works well. Thus, attenuation of nultiple frequency bins is
not very k¥%e¥cal. However, if attenuation of nultiple frequency bins is -
necessary, inclusion of this nodification to the howing suppressor is
straightforward. For instance, 30 one can atfenuate all frequency bins

havi ng asSti at ethRrHheFduree $RERUR. Whheh H3F eehitSehvediti on sol ves
t he probl tnpDbémdwowd ithe AECi and Spest akheol inventeDnpahéhes. W thin t he
structure e RPE gQrithm 4 v i NV Lon i.s not 35 limted
o the PRECKEE; BLA e Tt0RE hofonantarrerate 25LHuaRa" 0% 1o my

al 80 adopreedivedyénerdtedchioned.. Fhisaignal o awpl Uskedrb¥FT 15 to

convert _tQ@[E:PiJEP& ﬁrml.&?at&,&l L QUGB sPRERER 25N6HaGEoddEadt anst or ned
sanpl es i Ofﬂlﬂﬁ’f—exam ne various frequency, bins as 5
enta

he freguenc
di scussed 50{-;%981)2?&0? ag P8NTBPManyABY FARNY AQEEREGY biRs by the
how i ng sther eseam 1i’s igidleskagar by ard aderephoneck2ehe ouspth si gnal
sanpl es f _ e - Ln back tine-domai n_using an - inverse
FET (I FFT&g%ggﬁ‘ﬂééegégﬁgféegggﬂ:ﬁet %ﬁe%‘(e;eflhfrgTE b oa%i uséfg%%?sbu?r%anpl es of
"the howl | dgregppdedumr a Boain - caird 21 e(ﬁdrondigiahzah‘.b@mtantThed necessary
bl ock for di&@E?Eé?U%%ﬁgfé&téPﬁggis A Ye éé’é%%“th@%g@{&é!k%ér&r oposal s

suggest the’use o r estimators at the receive and transmt_si gnal
si des and28orifHiGhsoks 1Y 0P detfet | exEMPLe dodbl Rentgiyn spareongke

gener al |y coldpriag®t 096t ok, evlaualddnilde EHLABOBerFotmadeiro cancel ler”, US
Pat. No. 4.894,820. Furukawa et al (US Pat. No. 5, 463,618) discussed sone

difficulties which exist with the schene disclosed in Myanoto et al (US 20
Pat. No. Afget ®2Oresisdngr dhesed signalsr erednrnddnigotto Fhg-Farukhea et al

matshod, h?;‘@?:\é%rafteids SUHANST ¥8np Pel MERREUrral NSRgdd1 F SO %@é gpsecond

adaptive filter run at "a decinated rate in parallel wth the original
adapti ve fillfrerll) B gleleirredpr? cblte oficundcrasds23 £9rspigiéaland nore

ef fecti ve t0ldild 1y t@ohverPion| emmple daitpher taidnaPA CRIGRNiAr @éhleem to the
met hods of__M yanpt o_et and Fur uk(g\/\@ et al is hﬂt Qoth 1(gf t hem suspend
the adapt At t T e ptPv@FFF9%r *8f & h%ecﬁééo QRAGPAR<Abubte- . t al k

state i s r(@eogispeakerTI?)s whsich [rsolputmoudisnicde adimthiendechlile reomo response

c ges wWhgp d t i S e i this,d 1t onr.provides a
breﬁ?{ler way of ﬁgﬁéﬁl ﬁé&t‘ﬁe@ dtgﬁlttﬁ égf"al _stglnt'%gtgog'tl r%ﬁ%%ﬁn%ﬁg%% sgtlep-si ze of
t he adapt iGArngspandsftq kbe regedvedr eagnadsat cthEcempties sdtebiods bot h | ow

. level m safjditeTephodle thaecadaphbverfbbtesr anre tHyankin e idcaaheat h

tvariati on%_‘hdeur' gge.gﬁgpllee_ff‘rlxg pl%ri(s)gl%illated by using a special
simulator circuit 30. The transmit siénai generated at

25 the output of the sound card with no attenuation is
passed to the second loudspeaker 31. A filtered and
attenuated version of the transmit signal is added 23 to
the simulated received signal at the output of the

" record player 22, as the hybrid circuit leakage.

30 Fig. 3 shows a complete block diagram of the AEC and
consists of three separate parts: the basic acoustic
echo canceller (Fig. 2), the echo howling suppressor 17,
and the double-talk detector 20. These three parts are
discussed separately below.



Fig. 6 shows an exanple procedure that this enbodi ment 5 discloses for
.fesolving the probl em of doubl e-tal k. The output power of the AEC, i.e.,

the power of the transmt signal, is estinated by a short-time averagi ng of
the squared val ues of the signal sarrpl es. The estimted p@zvtarMag1 26l 1 ed
Pt ~~, |s conpared with a threshold ~:10 level, Tt-~a-~.. h rmated
.power,: Ptrans. is smaller than Tt,.ans. 41. it is assurred that the AECis
not in the double-talk state and, thgs, the algorithm step-size, ~, 21, is
set equal to ~,~ 42, which is a relatively large step-size. If the

" estimated power IS Iarger fhan Ttrans. 15 41, it is assunmed that the AEC is
in the ddWif ePRSIR ACAUSHIG, eOhes, CRReehl8br iithniBpipmented w1, is set
Squg: tofler],lbwﬁﬁfhg \Mhd:fpakx&%:icﬁi@cllﬁ/ﬁquéﬁﬂiﬂdcﬁﬁmt&ﬁ@ (E#BIQGs t he |

oubl e-t tect or._works bas n ap.estimate of the t t signa
power, it ﬁ;ﬁv\tﬁg“n 7 28 TRESG %da% oubPE_ t APKSREeF e Wer#atﬂba‘h%raptl ve
filter peﬂqrmijetma AEC ha$Anefl ysdisv @mge ¢ foffict itdnd: almpifdneniterct smbo at the
trgansmt | f%mlﬂfé,%( 7Llli§r9§n|i'nt—n-}_ ?1]?15&1@'“ o#b (s _when the AEC

h ation

is . |mt|aI| e begin of ‘communi'c Bhen the AEC
circuit bEgml tBrPGéﬁ{SFflylt h@laco‘h%t i EEI- 281862868 ,t Movw.00M9hi s results

in a sel epé oralqaffea;e%{aél betaRse Z&Hid Z)mpqaﬂealtawlsanvsﬁaene&eOf the AEC
at the begqi nnl execution stages This clearly is undesirab

For t unat b¥ obFERPEERIea MR e R NS i ffed TRE | e%@’?ﬁ‘ést he
st ep- si zeabjc’tt@mE@sattttatte imr gbe \padavd cufs ~ﬁplfexrerttfaa:ldns*.|aheseconds of

cpgmMuni cqgig&aq(é{&ﬁigr g,]ecgul\&g &ﬁ/}\hkggtggi § %Q hewég dspeaker 1

and the adaptive (durin erio adaplvefllter
S22 will bea%%“’%%ﬂf iePerey Ehet eﬁaaﬁd conﬁ@ﬁ"eﬁerastthq hepmﬁfﬁtaﬁd 22"d

Mar ch _ZOOémISchhﬁéx@t 62 WikChefdrtidn didBisd R t0fT, dé&‘xk%f‘dtﬁék
det ecti on. t) {éé( t he thod of Furukavva et al_ (US_ Pat. . 5,463,618), the

proposed o afsi?a& e&cttdrrols ndH tHhanedy Ln= aa’dlrceiq}’r%ﬁs skkendary
adapti ve ¢ohvergerideisraté of ﬁuehPBBnnJ;ealgormmh%m@ﬁlfw&@tlﬁ,I ts

€ Begeigral, Lk ARG R el

techni que i s nuc He preV|oust T
results |ha%erl3mgm)dm)§@dpeisfmcéhaht wimence d Ibe—ar}palwbmn ftbe t he

af or errentuﬁesdsd%%éat Fﬁﬂ.mgnmabtra%hﬁdlgr awkaYgol-hahabBEL EGHCERL Of the
pr esent to a variety of preferred

lication pay be readily a
enbodi men 8 %@?lfb‘?%ﬁf{‘ﬁb%%tﬁs dlr'tg‘?: ‘B%et?%éF‘ePﬁC°R€ESPEIPﬁ§I EBL{’[ﬁe scope of
t he i nvenalgoriehnr ebedthe piRepossdanEcappl feahtioftosbaubdsbathihmi ted solely

Dygt e DOEGEELAT 47 01 L8, 0LA0TR, (3% M B ERYabe, ALTRLEOG O

cancelllng acoustic &c
eeps the computat10nal complexity of the AEC

significantly lower that what would be achieved if the

constrained FBLMS algorithm was to be used.

To demonstrate the efficiency of the proposed AEC
25 technique, a program was developed and tested for a
| real-time implementation of the AEC. By choosing and
developing appropriate FFT algorithms and C-language
software, a 2112 tap adaptive echo canceller running at
8 kilo-samples/s on a Pentium personal computer was
30 provided according to a preferred embodiment of the
invention. A 2112 tape adaptive echo cancellor running

at the sampling rate of 8 kilo-samples/s is equivalent

to an echo coverage of 1000*%(2112/8000) = 264
milliseconds. This is a fairly long echo coverage.
35 " Current commercial AEC systems have a coverage of less

than or equal to 200 milliseconds.



receiving an signal in a tinme-domain having a block |ength smal l er than a
.ﬁartitFOn | ength; converting the received signal fromthe tine-domain to a
frequency-domain signal in a frequency-donmain; filtering the
frequency-donmain signal into partitioned sections; convergyrga&82004
frequency-domein signal into an aggregate sum of the partitioned sections;
converting the frequency-donmain signal in the frequency-domain to an output
signal in the tinme-domain; transmttihg the output signal to a renote

| ocat i on; separating t he frequency-domai n signal into frequency conponents

| ocat ed |%wad§ %ﬁﬁﬂ(ﬁ f{ e bi ns; |dent|ﬁy one of the plurality
ff 3 a ﬁjﬂt}eé‘t D AR ST Tahfas™hg t he
?reqlrjgﬁgs%mmwa;ﬁg:herf mswennyl)do&mxbut s4q%|abfl ehet etbrtirdihe oneI of
the pluralg xtdé:éHsi‘x{c_fO-&'ﬁ{‘Ey %bﬂﬁ Qﬁuf :{ét fé%gf ewgﬁg&% 'caf [y St gna
ol eve

energy exceeds the Tirst thres e met r¥]. wherein
the first danHHareevEhats the | pESPossduterhnigue al$allnéesﬂ an estimat ed
| arsgest  sivginidlerRNGit M dd1thBeadbte8se &EndWMd¥L1ing Ioblen.

Howling is a common problem which is usually observed in
audio systems. It may arise because of the presence of
a potential positive feedback in the loop consisting of
the loudspeaker 1, acoustical echo path in the room, the
-, 10 ' microphone 5 and the telephone line hybrid circuit 4.
= Once the gain around this loop becomes larger that one
at any particular frequency the AEC begins to oscillate
at that frequency with a growing amplitude. The system
quickly makes a very loud sound which completely
15 disrupts the communication. Furthermore, the 1large
amplitude of the oscillating signal forces the circuit
components (such as amplifiers and the loudspeakers) to
their saturation region. This, in turn, results in a
non-linear behavior of the circuit. This non-linear
20 behavior of the circuit, on the other hand, disrupt the
operation of the basic AEC whose design has been based
on a linear behavior of the whole system. This
disruption worsens the howling situation and makes it
- even more difficult to get out of a howling state once
25 " it starts. Thus, it is emphasized that an early
detection of the howling state and proper remedies to
stop.the howling before it reaches an unacceptable level
is very important for a successful implementation of any
acoustic echo cancelling systen.
30 Fortunately, the frequency domain implementation chosen
in our embodiments allow adoption of a very effective
solution to provide howling suppression. Howling
usually occurs at one single frequency. Moreover, the
use of FFT blocks that appear in the discussed AEC

35 structure results in a separation of various frequency



22"d March 2004 . 3. The nethod of claim 1, wherein the first factor is
.about 0.25. 4. The nethod of claim1, further conprising attenuating the
frequency conponents of the frequency-domain signal |ocated at the one of

the plurality of frequency bins by a second factor when tBe«lyargesgossi gnal
energy exceeds a second threshold level. 5. The nethod of claim4, wherein
the first threshold level is at |east about 2 tinmes a value of an estinmated
| argest signal energy bin in the absgnce of howing and the second
threshold I evel is about two-thirds of the first threshold |level. 6. The
met hod of claim4, wherein the first factor is about 0.25 and the second
factor | Sompenenyss of. khget Hoderdy idancsliongad sacdist Ad f&erentconpri si ng:

receivi n@r@&t@W'bir{b a tipe Ct%@ééh&@Vbﬁgt@v@l%k ¢aN0theaMpd er than a
partitio en t% converting the reci ved signal g he tlrre domaln to a
frequencgi &(‘fﬁ% $t Y 25 Y heRh é dbﬂaf"nc°f‘fsllf Pltrg HvE ©
f requency:lmom!gnasl! gnalrg:ynﬁn pnet of | dne df 1Isspi e TS bntmv—err.@n!eg.ﬁ,he .

f EeaUenCY o Rl luth@) hih"h0:801 200 NRLR U1ty Rddddnded secti ons;

The blocks related to howling suppression are
highlighted in Fig. 3. As compared to Fig. 2 which does
not include the howling suppression, Fig. 3 adds one
extra FFT block 18. The output of the AEC is the error
1§¢0 signal between the signal picked up bylthe microphone,
d(n), and the output e(n) of the P/S converter 19. If
the howling suppressor was not included, the AEC output
would be the difference between d(n) and e(n), 11, 13,
. as shown in Fig. 2. This is very similar to the
implementations proposed in the previous publications
with some differences in the election of block length
and partition length, i.e., the selection of IL<M, as

noted above. See generally, Asharif, M. R., and F.

15

Amano, “Acoustic echo-canceller using the FBAF

20 algorithm", IEEE Transactions on Communications, vol.
COM-42, pp. 3090-3094, 1994, Soo, J. S., and K.K. Pang,
“Multidelay block frequency domain adaptive filter",
IEEE Trans. Acoust. Speech and Signal Process., Vol.
ASSP-38, pp. 373-376, 1990, and McLaughlin, “System and

25 methods for an efficiently constrained frequency-domain
- adaptive filter", US Pat. No. 5,526,426 (Jun. 1996).

Fig. S5 shows an example procedure proposed in this
embodiment of the invention for howling suppression.
The energies of various frequency bins of the transmit
30 (error) signal after processing every block of signals
samples are estimated and the frequency bin with the
largest energy is identified 33 as P;. If P,; is found to
have a relatively large energy, say, greater than a
threshold level T, it is assumed that howling has

35 occurred at this frequency (bin) 35. The transmit



22nd March 2004 . converting the frequency-domain signal in the
frequency-domain to an output signal in the tinme-domain; transnmtting the
output signal to a renote |ocation; converting the output signal fromthe
time-domain to a transformed output signal in a frequencyzgawgwﬁzol{
separating the transforned signal into frequency conponents cated in a
plurality of frequency bins; identifying one of the plurality of frequency
bins having a | argest signal energy;i3attenuating the frequency conponents
of the transforned signal |ocated at the one of the plurality of frequency
bi ns when {he Iar est signal energy exceeds a threshold |evel; and
converti ngiomnalt A n&%#%ﬁr%%ﬂm’ﬁ Rdm tire Fh@ﬁuéﬁ@m by a

retransfopﬂﬁdcﬁﬂbaatf@dyaﬂ i gay hg tage do@ﬁénc°§"§AFF§§h§giL?§eﬁ23fﬁl';ng
glcggit : gngfﬁg‘%ﬁﬁ%r’g cﬁ%%nar g%?e‘li‘?i?'%n F@ngt cERPRAN nglg hethepei vedg
si gnal frperfaemednarsionni ant drevdrssqUEBRTY - ((Iammn 58 gnalThe &ime : g
seati ong; OoTeh cald ik | BenbRScEaCIUPTRINEPILY B0 nd ToReBAL o comof
t he part|ﬁpgﬁ§§mg§cﬁpgngl) samples. If the b1n with the largest
energy is not excessive, but has remained as the bin
with the largest energy over a prescribed number of
blocks, say K 34, and its present energy estimate
10 exceeds a prescribed level, say Tz,-it is ‘assumed that
) howling has occurred at that frequency (bin) 36. The
' transmit signal at this frequency bin is then attenuated
by a prescribed factor, say B, 38. Then, conversion of
the frequency domain samples to time-domain is executed
15 at IFFT 18. The time domain samples are the P/S 19
output (transmit signal) samples.

Actual implementation of the howling suppression scheme
has shown that it is robust to the selection of the
threshold 1level Ty and T, and also to the attenuating
20 factors B, and B,. As a general guideline, a value of T,
about two to three times the largest signal energy bins
in the absence of howling and a value of T, about two-
o third of T, was determined to work well. Typical values
that are suggested for ﬁ1 and B, are about 0.25 and 0.5,

25 respectively. These also have been determlned through
numerous experimental tests.

The howling suppression mechanism discussed above was
included in the implemented AEC system and tested under
fairly harsh (difficult to handle) conditions. It was

30 generally observed that the suppression worked very well
under all conditions. The experiments were performed in
a 3-by-5 meter room and contained hard furniture
(wooden desks, almost empty bookshelves, and computers),
uncarpeted floor, and hard walls and ceiling. The
35

acoustical echo path measured in the room was about 200



21 22"d MdrCh 2004 converting the frequency-domain signal in the
_frequency-domain to an out put signal in the tine-domain; transmtting the
output signal to a renote |ocation; estimting a power |evel of the output
signal by a short-time averaging of a squared value of thePaatdiH 200aed
sections of the frequency-domain signal; conparing the power |evel to an
echo threshold level ; setting an algorithmstep-size to a first step size
when the power |evel falls bel ow thel4echo threshold | evel; and setting the
.algorithmstep-size to a second step size when the power |evel exceeds the
echo threshold |evel, wherein the second step size is smaller than the
first ste%l£#}89099d?he heerbe BPVed atin e rigamslurdagpiths hgssetting the
al gori t hntoochhagei the sichp Patthds or Bhsé i thal mierspREnEOFRLARLGAt i on Wi th

' ' ho cancel | ation device, .conpri sing: input
ﬁe;ﬁgn$gr§?g§§Pégﬁség gﬁgﬂgéfén CY ¢ he- Uit 3584 ndma Sﬁgégeﬁéﬁgth smal | er

t han a paﬂiF?PBﬁonényhﬁie;taﬁsABanasneanxatdngponmpetmmg;bbﬁoheceived
signal froag tdgstd®s AP ¢ @agé wp]%mlﬁél al .in the

= t . .
frequency-donmi n; partition neans ltering Trequ ﬁ?y-agnaln si gnal
i nto part FPPER&d EEEFPSHQHdS to the maximum loop gain and is the

best case for forcing the system into a howling state.
Further, the hybrid circuit simulator 30 attenuation was
adjusted to a fairly low level of -6 dB. Despite these
10 * very harsh conditions, in all cases the howling

e suppression mechanism acted quickly and prevented the
B howling in the system.

The howling suppression scheme also works when howling
occurs at more than one frequency, even though the
scheme suppresses only one frequency bin at a time. If
howling occurs at more than one frequency, the embodied
mechanism suppresses one of them at any given time.

Because of its extremely fast reaction, the mechanism

15

easily reacts to the howling in other frequency bins and
20 suppresses them before they grow to an uncontrollable
stateﬁ,that is, before their corresponding anplitudes
become so large that the AEC enters into a non-linear
state. Although, simultaneous attenuation of multiple
frequency bins is also possible, attenuating one
frequency bin at a time sufficiently works well. Thus,
attenuation of multiple frequency bins is not very
critical. However, if attenuation of multiple frequency
bins is necessary, inclusion of this modification to the
howling suppreséor is straightforward. For instance,

one can attenuate all frequency bins having associated
energies greater than T,.

25

30

Therefore, this invention solves the problem of howling.
It is a special solution compatible within the structure
of the PFBIMS algorithm. However, the invention is not
35 limited to the PFBIMS algorithm. Other implementations



22 '22"d March 2004 a sunmation nmeans for converging the frequency-donain
Signal "into an aggregate sumof the partitioned sections; inverse
transfornmer nmeans for converting the frequency-domain signal in the
frequency-domain to an output signal in the time-domain;, oupiHRMAS for
transmtting the output signal to a renote |ocation; and isolation neans
for separating the frequency-domain signal into frequency conponents

| ocated in a plurality of frequency1 i ns; determ nation nmeans for

i dentifying one of the plurality of Trequency bins having a | argest signal
energy; and first adjustnent peans for attepuating the frequency conponents
of the freG@@h8§§80ﬁﬁPHtsFBﬁa}“Y%BE?%dF%ﬁh¥¥@P%ne T RO FralPPey of

frequency loams Une aahii FFT fiscttos wbanest| ahgedutgygnasampeegytexaeceds t he
first th . Th j | at.i ' f claim
10, “wher e LR pompn,  SRgBRELTERE EEAREBDREL SO TR F O

val ue of
an esti nmat dragienest dpwain, erexafine n variaws afrequensy Hol#s ngs 12. The

acogsti ¢ el | abble ,deyiffoph Wt dRddhidhelsd NahPe d# 1 ¢hd actor is
about 0.25._ 13. The acoustic echo cancel | ati on device of claim 10, further
conpri si ng frequency bins by the howling suppressor 17, if

necessary, and convert back the output signal samples

from the frequency-domain back to time-domain using an

inverse FFT (IFFT) 18. These samples will then be the

10 actual output samples of the howling suppressor,

Double-talk detection is an important and necessary
block for successful operation of any AEC system. The
previous proposals suggest the use of power estimators
at the receive and transmit signal sides and comparisons
15 for detecting the double-talk state. See dgenerally,
Miyamoto et al, “Double-talk detection in an echo
canceller”, ©US Pat. No. 4.894,820. Furukawa et al (US
Pat. No. 5,463,618) discussed some difficulties which

exist with the scheme disclosed in Miyamoto et al (US

20 Pat. No. 4.894,820) and proposed an improved method.

The Furukawa et al method, however, is expensive to
) implement, since it requires a second adaptive filter
run at a decimated rate in parallel with the original
adaptive filter. The present application discloses a

simpler and more effective solution to the problem of
double talk.

25

A common problem to the methods of Miyamoto et al and

Furukawa et al is that both of them suspend the

adaptation of the adaptive filter of the AEC once a

30 double-talk state is recognized. This is a problem,

since sometimes the echo response changes when double-
talk exists. An embodiment of this invention provides
a better way of handling the double-talk states by
reducing the step-size of the adaptive filter of the



second adj ustnent neans for attenuating the frequency conmponents of the
_frequency-domain signal |located at the one of the plurality of frequency
bins by a .:.
energy exceeds a second threshold level and remain to be bjrepaidh Mokh t he
| argest energy over a prescribed nunber of blocks. 14. The acoustic echo
cancel | ation device of claim 13) wherein the first threshold level is at
| east about 2 tines a value of .an esygmated | argest signal energy bin in
t he absence of howling and the second threshold | evel is about two thirds
of the f|1§%%thr shold | evel . 15. The acoustic echo cancell ati on devi ce of

claim13

23 22"d MirCh 2004 second factor when the | argest signal

1 ei FRtfechablest hetBr 1py dpyel missdingtmeatsedomtief actor is

about 0. 5.addptidne acaliskbirC a&fdﬁ%ﬁaaﬁehégablforé&&yl $ELNC YHY 1o ids | NPUL

nmeans far 4@chh
than a partiti

|n a time-domain having a block length smaller
d% *Ehﬁﬁ% é% ﬁ% means for converting the received

signal fromthe tine- donaln to a frequency-domain signal in the

fr equency-singni 8; sk hhoBxIRADS. [Pockbiel kAl 16,1 J Sl n s onal
|n59 partitjoned sections; means for conver 9

fr equency- LT gy Iierﬂq}"a‘ﬁ‘%&@teegapélsf‘rmnpSfdwml@atalk4 ofmkek sections;

' .1._"‘:'10
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35

output power of the AEC, i.e., the power -of the transmit
signal, is estimated by a short-time averagind of the
squared values of the signal samples. The estimated

power 40,

level, T
than T

trans.

called P ans. is compared with a threshold

trans. - 1f the estimated power, P, ., is smaller

41, it is assumed that the AEC is not in the

double-talk state and, thus, the algorithm step-size, pu

21, is set equal to K, 42, which is a relatively large

step-size. If the estimated power is larger than T

trans.

41, it is assumed that the AEC is in the double-talk
state and, thus, the algorithm step-size, p 21, is set

equal to

K, 43, which is a relatively small step-size.

Since the double-talk detector works based on an

estimate

of the transmit signal power, it may wrongly

assume a double-talk state when the adaptive filter part
of the AEC has not converged and the

reflected echo at the transmit line is excessively

large.

This situation occurs when the AEC is

. initialized, i.e., at the beginning of communication
when the AEC circuit begins to identify the acoustical

echoes of the room. This results in a selection of a

small step-size (#£,) , and slow convergence of the AEC at
the beginning execution stages. This clearly is
undesirable. Fortunately, the problem can easily be
alleviated by leaving the step-size of the AEC at the
- larger value of i, for the initial seconds of

communication and then injecting a white noise signal to

the loudspeaker 1 and the adaptive filter 2 (during that

period)

so that the adaptive filter 2 will be

sufficiently exited and converge fast. The AEC can



i nverse transforner nmeans for converting the frequency-domain signal in the
frequency-donmain to an output signal in the time-donain; output neans for

transmtting the output signal to a renote | ocation; 24 22a March 2004

additional transfornmer nmeans for converting the output sigmamafdroroghe tinme

domain to a transformed output signal in the frequency-donmain; isolation

means for separating the transforned signal into frequency conponents

|l ocated in a plurality of frequency bjins; determ nation neans for

identifying one of the plurality of frequency bins having a | argest signal

energy, adjustment neans for attenuating the frequency conponents of the

t ransf or nkdtergie switchadatta hatsnaraamalherpder AL t4eWrleretiency bins

when the Jatdesion.gnal energy exceeds a threshold | evel; and additional
i nverse transforner neans for converting the transforned signal fromthe

frequency-domain to a retransforned output signal in the tine-domain. 17.
An acoust Ualékbo tRacahéttiodn afeviFmaukaerpr eti rpt i(m:mt PakansNéor receiving

?eﬁg?ﬂa'tbgage 518 dics mige e Fofite A MSTROAL 4087 RoBTT L "
t i Be- donmaineedo aa hﬂdqmawmpld@mmqmdargnaﬁapﬁlvhefﬁi@quenc?hdenaih
is much simpler to implement. Despite its simplicity
practical tests have shown that it works very well.
This technique is much simpler than the previously
reported methods and still results in very good
)10 performance.

It should be apparent from the aforementioned
description and attached drawings that the concept of
the present application may be readily applied to a
variety of preferred embodiments including those

15 disclosed herein. Accordingly, the .scope of the
invention described in the instant application should be
limited solely by the appended claims.



partition neans for filtering the frequency-domain signal into partitioned
_sections; summation neans for converging the frequency-domain signal into
an aggregate sumof the partitioned $&ctions; inverse transformer nmeans for
converting the frequency-domain signal in the frequency- deyeiMardP260a out put
si gnal GlaiM%ie time-domai n; SUBSrI TUTF ~N~~ 25 22"d March 2004 out put
means for transmtting the output signal to a renote | ocation; appraisal

nmeans for esjimtj 2 e t ‘si.gnal by a short tine
aver agi ng ofi'a sqﬁgﬁee oggﬁ‘\ﬁéeariggmﬁhgg%%ér%?&?ﬁ%&ﬁéﬁ%ns of the frequency

[ [ ; ' I th | evel to an echo
thr eshol d | SFEPMIEhAN e IBarioTman i AR Bgl FRIeS(BE & 26 to a
first step_size when the power |evel falls below the echo threshold |evel,
and forpfygt'(?‘i legngthie al gorithm step-size to a second step size when the

power | evel exceeds the echo threshold | evel, wherein the second step size

i s smaller témvertirg fher siceived sigriat érond the flthe-dotealntth & ketige hiat i on
device of claim17) further conprising initialization neans for setting the

al gori té]gmél(?nbffﬂa dehéy-d%h%;si ze for an initial termof communication with
a renote site. SUBSi" ~~ ~t~i~E3
filtering the frequency-domain signal into partitioned sections;
converging the frequency-domain signal into an aggregate sum of the
partitioned sections;
converting the frequency-domain signal in the frequency-domain to an
output signal in the time-domain;
transmitting the output signal to a remote location;
separating the frequency-domain signal into frequency components located
in a plurality of frequency bins;
identifying one of the plurality of frequency bins having a largest signal
energy; and
attenuating the frequency components of the frequency-domain signal

located at the one of the plurality of frequency bins by a first factor when a largest

signal energy exceeds the first threshold level.
2. The method of claim 1, wherein the first threshold level is at least

about 2 times a value of an estimated largest signal energy bin in the absence of

howling.
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7. A method for cancelling acoustic echo, comprising:
receiving an signal in a time-domain having a block length smaller than a
partition length;
converting the received signal from the time-domain to a frequency-domain
signal in a frequency-domain;
filtering the frequency-domain signal into partitioned sections;

converging the frequency-domain signal into an aggregate sum of the

partitioned sections;
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1=1} oP1l Slo%ébér)af gy ¥4 &nStbimed signal into frequency components located in a

plurality of frequency bins;

identifying one of the plurality of frequency bins having a largest signal
energy;

attenuating the frequency components of the transformed signal located at
the one of the plurality of frequency bins when the largest signal energy exceeds a
threshold level; and

converting the transformed signal from the frequency-domain to a

retransformed output signal in the time-domain.

8. A method for cancelling acoustic echo, comprising:

receiving an signal in a time-domain having a block length smaller than a
partition length;

converting the received signal from the time-domain to a frequency-domain
signal in a frequency-domain;

filtering the frequency-domain signal into partitioned sections;

converging the frequency-domain signal into an aggregate sum of the

partitioned sections;
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to a frequency-domain signal in the frequency-domain;

partition means for filtering the frequency-domain signal into partitioned

sections;
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frequency-domain to an output signal in the time-domain;
output means for transmitting the output signal to a remote location; and
isolation means for separating the frequency-domain signal into frequency

components located in a plurality of frequency bins;

determination means for identifying one of the plurality of frequency bins

having a largest signal energy; and
first adjustment means for attenuating the frequency components of the
frequency-domain signal located at the one of the plurality of frequency bins by a

first factor when a largest signal energy exceeds the first threshold level.

11.  The acoustic echo cancellation device of claim 10, wherein the first
threshold level is at least about 2 times a value of an estimated largest signal

energy bin in the absence of howling.

12.  The acoustic echo cancellation device of claim 10, wherein the first

factor is about 0.25.

13.  The acoustic echo cancellation device of claim 10, further comprising
second adjustment means for attenuating the frequency components of the

frequency-domain signal located at the one of the plurality of frequency bins by a
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14.  The acoustic echo cancellation device of claim 13, wherein the first
threshold level is at least about 2 times a value of an estimated largest signal

energy bin in the absence of howling and the second threshold level is about two-

thirds of the first threshold level.

15. The acoustic echo cancellation device of claim 13, wherein the first

factor is about 0.25 and the second factor is about 0.5.

16.  An acoustic echo cancellation device, comprising:

input means for receiving a signal in a time-domain having a block length
smaller than a partition length;

transformer means for converting the received signal from the time-domain
to a frequency-domain signal in the frequency-domain;

partition rﬁeans for filtering the frequency-domain signal into partitioned
sections;

summation means for converging the frequency-domain signal into an
aggregate sum of the partitioned sections;

inverse transformer means for converting the frequency-domain signal in the
frequency-domain to an output signal in the time-domain;

output means for transmitting the output signal to a remote location;
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domain to a transformed output signal in the frequency-domain;

isolation means for separating the transformed signal into frequency
components located in a plurality of frequency bins;

determination means for identifying one of the plurality of frequency bins
having a largest signal energy;

adjustment means for attenuating the frequency components of the

transformed signal located at the one of the plurality of frequency bins when the

N

largest signal energy exceeds a threshold level; and
additional inverse transformer means for converting the transformed signal

from the frequency-domain to a retransformed outpuf signal in the time-domain.

17.  An acoustic echo cancellation device, comprising:

input means for receiving a signal in a time-domain having a block length
smaller than a partition length;

transformer means for converting the received signal from the time-domain
to a frequency-domain signal in the frequency-domain;

partition means for filtering the frequency-domain signal into partitioned
sections;

summation means for converging the frequency-domain signal into an
aggregate sum of the partitioned sections;

inverse transformer means for converting the frequency-domain signal in the

frequency-domain to an output signal in the time-domain;
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domain signal;
relation means for comparing the power level to an echo threshold level; and
response means for setting an algorithm step-size to a first step size when
the power level falls below the echo threshold level, and for  setting the algorithm

step-size to a second step size when the power level exceeds the echo threshold

level, wherein the second step size is smaller than the first step size.

18.  The acoustic echo cancellation device of claim 17, further comprising
initialization means for setting the algorithm to the first step size for an initial term of

communication with a remote site.
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