WO 98/ 47227 PCT/1L98/00179 *159159* DUAL- PROCESSI NG | NTERFERENCE
CANCELLI NG SYSTEM AND METHOD ~~~~~~~—~~~~ ~~~~ BACKGROUND COF THE

| NVENTI ON 10 The present invention rel ates ally to !signal

processi we 98T@More specifically t mm W’Hﬁﬂﬂ%ﬁence canc 8CIIhP/WYEX em and
met hod using a conbi nati on of adapti “adaptive filter processing.
A system usi ng such a conbination of ad#&pwti*ve and non-adaptive filter
processing is 15 referred to herein as a dual -processi ng system

I nterference caRtePROMESSIIGe INTERFERENCEJeARAEQEINE sePPEMCANDORETREEh as
di rectional m crophones and hearing aids. An interference cancelling
systemanplifies a target signal originating froma target source
(information source) 20 while suppressing interfering signals
("interferences") originating frominterference or noi

Interference cancelling systens using adaptive filters QMHWWMMWMNMWMM I n
the art. An adaptive filter is a filter which can change i}fg§-
characteristics by changing its filter 25 coefficients. The |nterference
cancel ling system may be a non-directional system having one or nore
sensors neasuring the signal received fromthe target-to generate a main
channel , which has a target signal conponent and an I nterference

conponent. The system may incﬁuni@n@mm%r”&kﬁ :mv rpepysensors for
nmeasurin the i nterference generate one or e ref ererice channel s.

The adaptive fil t&F &EESS P&FBHCEe%ﬁEﬁﬁe$%n?ﬁﬁ%%ﬁc%? $hen?ht er f erence
conponent mreseﬁslmm,th@dnmpmecBaanefxcé&lprﬂataNeiﬂtefﬂ@réﬂééeﬁtﬁHy be a
di recti onal Sl h anplifie ta

si gnal or|5%%§%Fggnﬁfo¥§%eta%ggwggggﬁéega?ﬁg par ﬁ%u ggl%nrgit?%ﬂPEg
relative to3FeSYSEEH gF€§sé§°Pﬁ§§%ﬁ@ren%e%Y%kEEﬂmﬁiﬂE SkiEETa ( RULE

26) WD 98/ 47:2;&&5@%1&9&&0%&@1;1%1 ahaahbﬁgaaapmwt@tt@é@nﬁf-oéggégﬁé aL

al | other n h dlrec i onal s t he target signal and
the intert e?eﬁ%%?e%ascqbg%fe liglcta%d by ?1 “RFPE§S %}ng system

Interference cancelling systems have a wide range of

applications such as directional microphones and hearing

aids. An interference cancelling system amplifies a target

signal originating from a target source (information source)
20 while suppressing interfering signals (“interferences”)

originating-from interference or noise sources.

Interference cancelling systems using adaptive filters
are well-known in the art. An adaptive filter is a filter
which can change its characteristics by changing its filter

25 coefficients. The interference cancelling system may be-a
non-directional system having one or more sensors measuring
the signal received from the target-to generate a main
channel, which has a target signal component and an
interference component. The system may include one or more

30 other sensors for measuring the interferences to generate one
or more reference channels. The adaptive filter uses the
reference channels to cancel the interference component
present in the main channel.

Alternatively, the system may be a directional system,

35 well-known in the art, which amplifies a target signal
originating from a target source at a particular direction

relative to the system and suppresses interferences
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spatially distributed sensors formng what is called a 5 beanf orner . A
beanforner is a formof spatial filter, itself well- known in the art,

whi ch takes inputs froman array of spatially distributed sensors and
conbi nes”PREH%A. such a way that it either enhances or sufpHHS8@817¢j gnal s
comng from 10 certain directions relative to signals from ot her
directions. Thus it can change the direction of receiving sensitivity

wi t hout physically noving the sensor array. The inputs are conbined for

thi s purpos ed qon filter. coefficients as discussed below 15 In
non-adaptiv%f}tj)%:;i"rﬁ‘q-’olg1 r?gr,o Ré %Ifte FTEGe FAYEER! §t01as"' BFEEH or ner are
predet er ni ré¥Fetirnshat Irheusbamf cimectiama le slyisitieln , natientaseasidighidy or
M ni MuUM senghd | #d Vi o der dride A mRREGR! Glined dib?e%’hi Qo3 e the
coefficient va%ij s]ayare fij_é;e%ﬁi ntine, a non-_aéllap i ve beantorner cannot
dynani cal | y°P% e SFHIPYTE S FENFrSc o8P nGr Wogtod§ ianldeckraences

exi sting atbpmmformerar tines as the environnent changes. |In adaptive
beanform ng, in atd fidter  .cqeff.icients of beanf or mer
are continually ﬁg{igaa{ eﬁ soetljt]ﬁ'asts.ll')i tcxif:c)rqjénctalflorls%a‘“-'s,l(g‘(rﬂTsi l\cﬁe‘lry AT e difdm cal |y
changed depEmHhgiRFeh ¥tte ¢Efd F@Kescdmnputs dfram war getraspwice and

i nt er f er encepaSIAl DL i S i v GRIRIdrS %db%%fﬁ?‘bqrn@sn%he?@%nv?éhc\{?%qééy
+Buckl ey, Beghr’r;ﬁg_)rm g%i:thAérVeer atile %Dé:proach to Spatial _ Filtering, |EEE-ASSP
Magazi ne, Apri 315 . Dp. J-Ei‘ﬁ”. CEAh “Ad FERFE SFEESTSHIRAL S HPHT nfH Lkrent ed
for exanpPeceéytaBy disienfitcappertlddliae tHones grfaQisnifi@m other directions.
finite-inpubges£spRONS &hdddNeHd d | ILe-varyl ng _coefficients

: diedagned LIS S SRS

which are directly changed as th ocat i on ence

y
change. Al tEFHERYYERY SRt ARV fdenisenser earaye 3T heplranere edraisi ng
an adapt i vecémbimed (fealtimng wddpdsameistld o glaled aldwre idanspatd al

signal s). The gggé)é& anforner uses fixed-coefficient tapped del ay
li nes, called - - é%gégﬁTUTE SHEET (RULE 26) WD 98/47227 PCTI|L98/ 00179

a mai n- channel n%.‘?_r’?%'ac%%&‘& rPeRmf qyming, e ddiev ¢ treamctdeet £ idi et a3F Of a
target and atbedimformst coef fgrdRiHe AR such that the beamformer can

exhibit maximum sensitivity or minimum sensitivity (null) in

a predetermined direction. Since the coefficient values are

fixed in time, a non-adaptive beamformer cannot dynamically
20 place nulls in the directions of strong interferences

existing at particular times as the environment changes.

In adaptive beamforming, in contrast, the spatial filter
coefficients of a beamformer are continually updated so that
directional sensitivity can be dynamically changed depending

25 on the changing locations of a target source and interfé%ence
sources. For more details on beamforming, see Van Veen &
Buckley, Beamforming: A Versatile Approach to Spatial
Filtering, IEEE ASSP Magazine, April 1988, pp. 4-24.

An adaptive beamformer can be implemented for example by

30 using tapped delay lines, forming a finite-impulse-response
(FIR) filter having time-varying coefficients which are
directly changed as the locations of interference sources
change.

Alternatively, the adaptive beamformer can be

35 implemented using an adaptive filter (dealing with temporal
signals rather than spatial signals). The adaptive

beamformer uses fixed-coefficient tapped delay lines, called

- 2 -
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delay lines, called a reference-channel matrix, to obtain interferences

recei ved f redygdsz2pt her directions. An.. 5 adapt ive filter ispugRflodddire
generate cancelling signals resenbllng the interferences changing In

direction. In this manner, instead of directly changing the coefficients
of the tapped delay lines, the inplenmentation achieves the sane effect by
changing the characteristics of the adaptive to filter. The adaptive

filter generaklyasnwbthanhelthetrirpcebl oBgashgaaksqghh®M-LRE i RGN £HAGN QX %h
the

and adjusts t r et an s uare val ues of
out put. Wen ?Ere%£#§§r°mel E%ggégtgbg n%ﬁgr gﬁﬁgerﬁﬁ LirdRAts tappsd v
track the |nté?iéYekéégssoCPhaﬁdther@ﬁepanCQSChaanambaaaﬂhxalkm odtiaged

interference. i feér86PBNaRS! 6861 08E, £ibni §1} ”BQEE?“& %QCQﬁo Ql e Lo process
- a broadband |n one haV|ngga re atlve arge andmn “h. For

exanpl e, in°h& ?Pﬁbvﬁp%f#gﬁflbﬁsusegp cﬁePﬁFéFﬁlSﬁBPP#ﬂ}anSésm@ﬁsal to
per formance. tesesbl2ngetheknoterthatnthe bhgh@ingrggugmggcggbhlonIgfthq§

speech spect rr h_ of 0] tion reguire
Iﬁte||lglgl|lﬁgﬂh%gr ggé ?%gt?gngggggkﬂg Eﬁg ariig gﬁﬁsc8ﬁfdeF§§F§oﬁ§Ithe
(3 4

m cr ophones fBFPHS?cée i YAPPSn st émpleyentatinnhebkbhdibieki ther equier es at

| east 6 Khz obfbasgwbgt bhahging taet hQEQE€§§hQE augi gy, 3y |1 not
«{olerate a, bgngg\gdthg a 183 2 Thi Egﬁ %? eﬁgréggg%éﬁ%n

i mposes a 38vEf EOnpﬁP% %ﬁgklﬁﬁr%éﬁ §h gﬁEeFﬁﬂéyféﬂéﬁgécéénG@PI|ng
system usingcadapliimgf signalpr 6ressthy. mAdapthuantil hat REGGETS RHe30 iS

I nherently in e a 0 S erforn1 filte
oper ati ons toig?géﬁcgégﬁﬁgﬁng ﬁkﬂgm#h%tﬁﬂg hYg3- arFlV?ggeﬁnghfgebased

on the out put F4EPRE the@Benobg?afF6ﬁ§rnﬂ§PGB§Spéﬁtciﬁedtharceachlﬂewgsanple.
In order to exigndlshelopelgt teackf tae adaéiféﬁeﬁbékeéo 8Raknthie digorete

t d f b d band th, the sanpling rate
shgﬁldogglgﬁcéggge %s@éﬁ%?%?&? Egdgcegoa ﬁgr ﬁggpg% AccorglngnPo tﬁe

wel | - known sanpl i n§°er BomeSEBBTF¢@¢EOSHEETt(R@LEmﬁGrtwﬁt98b4B32£b1e to
PCT/ 1198/ 00178rotheer aNbraadnlphi Raphat etphtals! eaih LbIRgt e TN TVI

large bandwidth. For example, in hearing applications,
speech intelligibility is critical to performance. It is

20 well known that the higher frequency portion of the speech
spectrum carries much of the information required for speech
intelligibility. For applications such as hearing aids or
directional microphones for voice activation systems, good
intelligibility requires at least 6 Khz of bandwidth. In

25 fact, professional audio systems will not tolerate a h
bandwidth of less than 12 Khz.

This bandwidth requirement imposes a severe
computatlonal burden on the interference cancelling system
u51ng adaptive filter processing. Adaptive filter processing

30 is inherently intensive in computation. It involves
performing filter operations to produce an output and further
updating filter weights based on the output. All these
operations must be performed .for eadh new sample.

In order to extend the operation of an adaptive filter

35 in the discrete time domain from any bandwidth to a broader
bandwidth, the sampling rate should be increased to maintain

comparable quality. According to the well-known sampling

- 3 -
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frequency of an incomng analog signal is required in order to represent

the signal conpletely in the discrete tinme domain. The increased sanpling
rate increases the nunber of 5 operations to be performed per unit tine.

| ncr easi wo 4shig2ganpl ing rate alone is not, however, enouglpctraLssaagie t he

broader bandw dih. An adaptive filter acts on |later sanples by observing

earlier sanples.within a given period, as feedback. How well the adaptive
filter can io react depends on how long the filter can observe the earlier

sanpl es. s tine rlod i,s called an effective tinme delay  through an
adapti ve f| 8FemTh 58?B§1P§ bRGHorLi 8halepstt heicauhber makihiht er stages

each stori figeguenkyepfcesf incoaihg aﬂalbdeélgManhgssgg?ﬁiﬁgdfggqggag¥

th I mb | t t h Id
be i nor asey TRIaOE e LA CRD EE AR o PO PP VRLEPREERCERYS The

i ncreased AGHBER- ofTPFIﬂéFr§P§§ésS&mPélmgcreasesncheaaasthe Atmbper afi ons

that nust beepetfonsedopee p@t"ffoHn@a p‘é&reuﬁ‘i@'tfi!ﬁ&' on of increasing
sanpling rate a&d 20 _incre required filter stages

n
sharply increas Fﬁglnﬁn§§F %FmggépgtF8ﬁ§ fdOBe per PeEnelovgver,
processor. enﬁughatslhphélextbnsb@nadhraﬁapamﬂathlItgﬁ alhpeessi pY1tera

broader baggwsdbh ﬁb%%%ssamguéer sg[;l_a,g yeggﬁ%%rgoggﬁ%:‘gﬂgmburden on

< he system and hence i s not S|rab he™s DaBaptive
filter pro8é¥&PngeTprdseffs SﬁSPHQF -pr oBo#nWedl shei adaptiventiltanceihi ng

j systemouseagtadapeide bhl hew llb@@e&&lenq11&@§phhiﬂeobé8£—€éfEﬁénégﬁner

cancel | i ng gyst S r | eak he system wor
when the re?%%éggg c#&n%ngEgnbncorreﬁgtg ﬁgsdtﬁB ﬁEFﬁCEh&ﬁnEFmeFBﬁk@Er in

practice, FH€°“H§féﬂeﬁéép@ﬁgﬁnéulG@wtalﬂhesdaaaylgsabSOpeftEbﬁ&Edt&Otﬁ@e

mai n channgumtde ©@ Fighak keakage bk n.c ' daptive
filter proge %h@ gﬁ lIilhen ar?ﬁ c%ﬁ%gng%rqﬂg ta?gmggglﬁﬁ%?géglﬁﬁ I the
al

i nf erences. ~The s Fe&R 5&1 ES ﬁﬁﬁBePFVelyIﬁotb@cﬁﬁmallhggﬁeequency
f requenéPed sf dncrik@sefiol itbwi nymbeasof. £41+eSUBSALEYTEnSHEE Thé RULE- 282 c g

in order to maintain the same effective time delay. The
increased number of filter stages also increases the number
of operations that must be performed per unit time.
The combination of increasing sampling rate and

20 increasing the number of required filter stages sharply
increases the number of operations to be performed by a
processor. Thus a simple extension of adaptive filter
processing to a broader béndwidth places a disproportionately

large computational burden on the system and hence is not
25 desirable.

The simple extension of adaptive filter processing
presents another problem for an interference cancelling
systen usxng adaptive filter processing. Adaptive
interference. cancelling systems suffer from signal leakage.

30 The system works well when the reference channel is

uncorrelated to the main channel. However, in practice, the

reference channel contains some signals correlated to the
main channel due to signal leakage from the main channel

itself. Adaptive filter Processing may then partly cancel

35 the target signal as well the inferences. The signal leakage

is more likely to occur at higher frequencies for the
following reason.
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WO 98/ 47227 PCT/1L98/ 00179 The reference-channel matrix produces reference
channel s ing a null in the target direction (by suppressin

signal s fvg§m§{42{ézr7t arget direction). In order to suppress t hBCTALYMAND from
the target direction effectively, the null 5 should be as deep as possible
in the target direction. The null should also be wi de enough to provide
some tolerance to those signals slightly off the target direction. It

turns out that e pdlFere r requencies than at higher
frequenci es, Therefare, a zirgnugtr}g% g mé%’ﬁl’g\g@ﬁ%% Y°tD LPFEYeRG6 ghrnpads

t he effect|§§h§§§aﬁﬂnﬁh§ RBRE Hﬁcﬁhﬁe§§r%§t dbnertiorqbycseppreasial
hi gher freqeegnads. ftamothertangédsdlf@@t§a§;en1i§ gyggrnpgeﬁaﬁg?egévgpto a
or

tch at f f
T orsh nes L R ot R e hacbi Yo hg, syBecmmihat can

process ar? isoitdobe gFvEReBaRgwWPdEAinLe himttisé grafgeBNaL ¥ebREHRAS] Bfe

conput at i onaulneguioueaeal soand Wh&QOH%%%gﬁ Q%:%@ CK&?n@%ﬂ?|gﬁ&%¥ga%%:%g;ble

processi ng hlg er frequen
to a systen%%? Vawlim éinﬁ&ﬂ bﬁiyn8f91%W%u%@%@ﬁ@wﬁUIQCtbcnktsIapphrnet|on
S lntende@“§lﬁb@tlth@an“@ﬂOVSdﬁuaﬁVﬁﬁdéﬂeﬁtlIb&@fn§r8&ue959g§5§béﬁwFEN

E | 25

efflC|enC|e%l%he%aE%thbEbﬁésfor ﬁ@¥ $§€g$1g5£0%§%$gﬁggglnngglggngﬁr

#mcordlngﬁy i s an obj ect of
interfer 8IEEHC¥PPFH9l??%?énFBﬁpaﬁf%Ctﬁvemn@&ess|mmeanhlbaﬂbaﬁdléaauht

wi t hout di spoepaer firenakakyesi BREgaSENY @&rceﬂggg | by d Anot her
obj ect of tQ%rggveqklog %gemol rovi de g% 30 I nt ?%#g%%e cgﬁcgﬁP ﬁg system
[

whi ch can avoi d the rBPﬁﬁr???eeﬁ%%%ﬁ%EY%dt%Iahmgﬁgat¢heqUenC|es
with adapt|@éghﬁrlﬁ@ﬁQHﬁ0§é§§|hganTheSEommﬁ f&é@meﬁﬁuggts are achieved in

accordance with TheeepbesenNtnhbpXED) b, an [ nput spectruminto
sub- bands an ap% y?h% géapt#%g 371 1BPTOBPAcessing to

35 | ower .and
t he Iowerg nggﬁarﬁﬂFFecﬁﬁﬁF}}ﬁ@gn%ﬁsaﬁhpﬁmwﬁ cédn | peocesscassingut oof he
upper sub- bgd¥enThasdadkh- wSthoStBSTE LA SHERS {RULE 26)q

computational requirements and without the drawbacks of
adaptive filter processing at higher frequencies. We note
that the invention is applicable to a system of any

20 bandwidth; no minimum bandwidth for its application is
intended since it can provide advantages in terms of

processing efficiencies or capabilities for any bandwidth.

SUMMARY OF THE INVENTION
Accordingly, it is an object of the present inventidn to
provide an interference cancelling system capable of
processing a broadband input without
increafing the computational burden.
Another object of the invention
30 interference cancelling system which

25

disproportionately

is to provide an

. can avoid the problems
ordinarily encountered at higher frequencies with adaptive

filter processing.

These and other objects are achieved in accordance with
the present invention by dividing an input spectrum into
lower and upper sub-bands and applying adaptive filter
pProcessing to the lower sub-band while applying non-adaptive
filter processing to the upper sub-band. This dual

35
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WO 98/ 47227 PCT/1L98/ 00179 processing is based on the recognition that the
performance of adaptive filter processing becones worse at higher
frequenci es. Since non-adaptive filter processing is nmuch | ower

conmput aty,89gl74rden, the overall result is better, 5 pep fc‘%/lfﬂ)é?&) ;goadband
processing wth a S|gn|f|cantly | ower conputational burden n"a preferred
enbodi nent, a main channel and reference channels are obtai ned using
nonadaptive filter processing. The main channel is then split into | ower
and upper sub 10 bands. The reference channels are also split in the sane

way, bgt dopi-gicéﬁlgm@v\&ﬁ lsatbecbacndsr:raatr ﬁré@@ml\&ﬁbhetme HHEeb{ar%B?'mQﬂEQﬁ are

i scar de n s over e nmal h channe

and the Ioﬁé}aggﬁg% #éfH%Hé s*Qﬁuﬁ?qfﬁﬁﬁn39§sﬁoa&ehéFQFE cancel | i ng

signal s mhféﬁqgﬁécagstheﬁi@ﬁﬁnmqnndﬂhgﬂmxﬂIﬂmatbumprosabshagdlefmhba mai n

channel tQOQé?dyﬁ%@mﬂD@M@El&@I bandiaut Rl O;Q%ah.(iv‘?ésﬁlilﬁ hand..Qutput is
e

conbi ned with_the b-band of the nain 0 reconstruct 't he
br oadband BGFBEFM?‘E %ﬁ%?‘#é “%r%’?cé‘?er%‘d‘-r@nﬁ’d&ﬂlnén?lgalﬁlléaﬂﬁéﬁd lgwen 20 -

channel andobputatbaonal eberderce channel s are obtai ned using non-adaptive

filter processi T, PBQQaQE% a neI or.the broadband reference
channel s are no?gd|v€§e§é|nto su Ean <. 98a8hapﬂg bPBSdBbEMETFPBFEr ence

«channel s afBapBds pase ?PF%%R%Q]Wﬁﬁﬁﬁlﬂﬁpﬂﬁﬁpadaptfuétérlpeocessuhg | ow 25

frequency baedthnOBh@nﬂeiOmsftﬁﬁﬁﬁﬁﬁm&ﬁﬂﬁﬂﬂﬁ|1bQQrShQHah§ Thep-
IOMFfreggeggX canc?$%|ngg als are nverted to Dbroad g cancelllng
g

si gnal s~by Up-3sanp ﬂﬁé T & a460r setéd fnofhensaBroadband
mai n channEhYovéutl@BlEnth¢elOQEmuhubHHandyJat@ kebtanﬁhhertn@ehgbggd

enbodlnentsugnbgﬁagrggg g@g@argggnng%égﬁﬂﬁ;qurféiggg %g %§nnErC|ally

available hi- fidelity directional used Fe% main

matrix to EBPapﬁnﬁ BFOEBﬁaBﬂl%B??PQWﬁ%Nﬁﬂd-W@etéwwﬁq é@@ahﬁ@@é off thke
br oadband capabehcéycnannalstt@ggémeﬁaﬂtﬂddﬁbeiilﬁbc%Q%BQ&%Swh&ch are

I f f f whi ch,
oy B AR EASEe Lo, PRETLEI, anben i Fhbqariey cBaRgehl i ng

si gnal s. TRe@ prgduce a lower sub band output The lower sub-band
output is combined with the upper sub-band of the main
channel to reconstruct the broadband output.
In another preferred embodiment, a broadband main

20 channel and broadband reference channels are obtained using
non-~adaptive filter.brocessing. The broadband main channel
or the broadband reference channels are not divided into sub-
bands. 1Instead, the broadband reference channels are low-
pass filtered to drive an adaptive filter in the low

25 frequency band to obtain low-frequency cancelling signalé.
The low-frequency cancelling signals are converted to
broadbapd cancelling signals by up-sampling so that they can
be subtracted from the broadband main channel over its entire
bandwidth.

30 In yet another preferred embodiment, an external main-
channel generator, such as a commercially available hi-
fidelity directional microphone, is used in place of a main
matrix to obtain a broadband main channel by taking advantage
of the broadband capability of existing hi-fidelity

35 microphones. A low~frequency reference matrix generates low-
frequency references, which, in turn, drives an adaptive

filter to generate low~frequency cancelling signals. The

- 6 -
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SUBSTI TUTE SHEET (RULE 26) WO 98/ 47227 PCT/1L98/ 00179 | ow frequency
cancelling signals are translated to a broadband cancelling signals by

up- sanpl iwg 9ga72ehat t hey can be subtracted fromthe broadbandiLesdire
channel . The above-stated objects are preferably achieved.,in 5 accordance
with the present invention using nethods which can, as will be apparent to
t hose knowl edgeable in this field, readily be inplenented in a program
controlling a connerC|aIIy avai | abl e digital signal processor or.a
general - putPHIEF AP RIEDFL1ND BRITER DESERtRENSNa®EdTHE BRAW NGS The
obj ect s, f%M%n&%xﬁ@ﬂ&@%lﬁai&%ypr\iiﬁ%'&tmpl'l?xé‘e@%' R \e." ltheg nore

readily apparent, fromthe.foll ai | ed desc |ono t e rnventi on
i n whi ch: F11% FI& 5% C{.' 8&%;\%?%% aggiedg sub- band
processi ng; FI Gleelasquémsﬁca(t@hl agjy pertof aresxﬁ:teemr!amlyg akheadand n

processi ng ye&h-ddcosiantyh | i tes adapt I S bI ock di agram of
a system usi %Sbroa pband Z%ﬁ%)rocesm ngﬂv'\\ﬁ} '?ﬁ:lor? élf‘tlé’rg Mdﬁ ¥R g‘
generat or; A UB e FPPITRREHER tthrss émw}etdlqea@per ani ¢hisf a

program t hatieny, beemewtm i :tm;b:eéliﬁéﬁte?d et RO brdirach %%tr%ﬁ'i‘in%gfgﬁf't Rgi

FIGS. 5A-5C.gLe t he operation of 2

may be used 10 |rrp{ ??u d uJSQ%g"“]bﬁ)’ﬁ‘ 1bé“r?d’°|5‘15§€é's§’irn§ defigral-
«frequency- IP%P%‘E&Q%‘{%&#WSW FIGS. 6A-6C are a flow chart depicting
the operggion of a programthat may be used to inplenent a nethod using
broad- band processing w an external ITB.I n channel generator. 30 DETAILED
DESCRI PTI ON OF THE | NVENTEBREEAD ‘ i S Sub- band
Processing FI G 'llhshmysecmma pfeé'auf&d &rﬂmtﬁd%ﬂita@fest ke thsg,mc_se%@

i nvention ugi{ ive filt driven fromthe
sub- bands rat h%rlé%%%ﬁ@? e ent| re. Bﬁ% ot IR frr‘i’ﬁ‘ut hej dRALOVERE- bands

result fron?%’é"f‘ﬂ?‘?oﬁlﬁ?fgr@‘b%%d‘éﬁ the invention in which:

15 FIG. 1 is a block diagram of a system using sub-band
processing;

FIG. 2 is a block diagram of a system using broadband
processing with frequency-limited adaptation;
FIG. 3 is a block diagram of a system using broadband
20 processing with an external main-channel generator;
FIGS. 4A-4D are a flow chart depicting the operation of
a program that may be used to implement a method using sub-
band processing; _
FIGS. 5A-5C are a flow chart depicting the operatlon of
25 a program that may be used to implement a method using broad-
band processing with frequency-limited adaptation; and
FIGS. 6A-6C are a flow chart depicting the operation of
a progyam that may be used to implement a method using broad-
band processing with an external main-channel generator.
30

DETAILED DESCRIPTION OF THE INVENTION
A. System Implementation

1. Sub-band Processing

FIG. 1 shows one preferred embodiment of the present
35 invention using sub-bands where an adaptive filter driven
from the sub-bands rather than the entire bandwidth of the

input signal. Sub-bands result from partitioning a broader

- 7 -
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- 7 - SUBSTI TUTE SHEET (RULE 26) WD 98/ 47227 PCT/1L98/ 00179 band in any
manner as |ong as the subbands can be conbined together so that the
broader band can be reconstructed wi thout distortions. One nmay use a
so-cal | e®vOp#¥sMmeTt reconstruction structure" as known in tgwermlkoes@osplit
the 5 broadband into sub-bands and to conbi ne the sub-bands together
substantially without distortion. For details on perfect reconstruction
structures, see P.P. Vaidyanathan, Quadrature Mrror Filter Banks, M Band
Ext ensi ons- and  Perfect-Reconstruction Techni ques, | EEE ASSP Magazi ne, pp.
4- 10 20, JeARA HgBANY Marme s dranal aentibei smiiharidrearase habifed
partiti onedtd;ggml&uh;a)a-_rm s NG-GRNST Hand i | %nllrég: %sa&gdcfé%cesm vel y

t hrough i nt err d| at q"a Broadband I nput s roman arra sensors,

la-1d, are sJa e Py é’a?ﬁplal ﬁ@ﬂ%c‘?%ﬁf@%t ered into
a main- chamrec»nsta:tuq‘oacﬁx atrm:tnafee'r eiCekeRamnan MM i t3. tJfE‘pl@d he

channel ratilde SR A% TIBLILENAE w2 Bhanal, rseelved L Lhe main

| ooki ng directiaon of sensor_ array, i gnal

conponent anP e SHrBRTHEHIR Fohpoitdinut 20 sAlordrimat.. ve?lcy; ddim ilat rorchannel

may be provpelxeebdfty ﬁbor@ﬁmdﬁomﬁx@ﬁi%@ QGRREFALD ﬁa@]}?ﬁbm gun
hone and F2,

m crophone ne a di oI e mcrop
.5 are spllt ers vﬁﬂo%rfl Fot t.!“Qct %i?eankrﬁat ﬁP@ﬁa’i‘i]néqxﬁ%%}Ct% 30 er nedi at e

bands, fol I%@WWWS%M iTertnidues, DERE $EEH iMigyd Sire Widd - kown
procedureolmo drgiy alggﬁ;_gnal proce55| ng. Down-sanpling by two, for exanple,

i s a process of sa takin every ot her data point.
Down-sanpling i slsx? bt(ﬂ ;%)%#]%F‘%/F Ndrr Gwbnoaddre Hamngiries Splitters
F3, 6 and FAartifigndrerirspd igub+teams | @sEng @,tee,rém %&%{%dﬂ-ﬁ ge/)%sK
sub- bands fgllowed; n exa using a hz

i nput signal, the rVe&s/lu)Ig?eyl&so j 8 A‘{%#yqlgv%r S‘Uanc?‘?rfa%tqp%% FPutie i nput
sanpl i ng r at’eom ap @@%f%rﬁ@s%ﬁﬂ} Barddm tarel /shmpfladheat rput sanpl i ng
rate, 35i1anspmnattiredlpnaip Bk thanddHesy Bl AR hand Midd L% Q- the

|nput Sanpléﬂghﬁéﬁéﬁatrlx 2 and a reference-channel matrix 3. The main-

channel matrix generates a main channel, a signal received in
the main looking direction of the sensor array, which contain
a target signal component and an interference component.

20 Alternatively, the main channel may be provided by an
external main-channel generator such as a shot-gun
microphone, a parabolic microphone, or a dipole microphone.

F1, 4, and F2, 5 are splitters which first split the

main channel into two intermediate bands, followed by down-

25 sampling by two. Down- -sampling is a well-known procedure in

digital signal processing. Down-sampling by two, for
example, is a process of sub-sampling by taking every other
data point. Down-sampling is indicated by a downward arrow
in the figure. Splitters F3, 6 and F4, 7 further split the
30 lower intermediate band into two sub-bands followed by down-
sampling by two.
In an example using a 16 Khz input signal, the result is
a 0-4 Khz lower sub-band with 1/4 of the input sampling rate,
a 4-8 Khz upper sub-band with 1/4 of the input sampling rate,

and another upper 8-16 Khz intermediate band with 1/2 of the
input sampling rate.

35

_8_
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8 - SUBSTI TUTE SHEET (RULE 26) WO 98/47227 PCT/1L98/00179 The reference
channel s_are processed in the sane way by filters F1, 8, and F2, 9, to
provi de Wrﬂ%f’ "HE | ower sub-band with 1/4 of the input sam¢w93@069 whi |l e
t he ot her sub- bands are discarded. 5 The | ower sub-bands of the reference
channel s are fed into an adaptive filter 10, which generates cancelling
signal s approximating interferences present the main channel. A subtracter
11 subtracts th a I signals-fromthe |ower sub-band of the main
channel toggene%ﬁ%er}%%leéju?%g[ c% P S TORFCETRSANR HR SRR Way sby ed

back to thefldd@ns . i/l tad ch&’r, Wdata mrdviedd idrief ﬁlyeegm‘serngbqgglpcﬁl ve
filter pl’Q@ﬁﬁﬁl ¥ the or, at_.t he | ower I ng
1 S RS e o VS e TR ey

rate appropriate for e lower s SHe upper
bands of t 'ﬁ%’ é‘lrfﬁ élreé{‘15 del ayed by delay units, 12 and 13, each by
an appropri ate Theardouwer coripdraai=se dﬂ)rth/@.rﬁ%éj%@y&mfg Ve

they
different prace q%ﬁd t hrough, and to _sy nchroni ze
themwith the ofaﬁie%gi 5 @bgﬁgﬂl l(th’l 3‘3"6%} t%enerf%/tetfe cfalfﬁﬁ%%ge%ﬁ%d by a
series of r%‘gi’?t sfipé?mé‘ JHadgmehmigter L3 atet ey . pridue o tyhs id DN éiennel .

subtract er A surirtkicted wiit kude-aidaind V&r?d& hannel
throughthe_L contructlo filters, Hl H4, 141%{’i C%J[r:{ I?’gh

.broadband ot put 8% & igh shadtnes tq@atg%ﬂféfftet o—getcnetpwun F1- F4
provi de ¥P t‘q’ﬂ?orl@tﬂeéalﬁtsb-@@ﬁfdect Rte reecgnst r;ug:tﬂeQn wacgmeég By ;gd&g@{‘;é ons.

Reconst r uctfgntdmd 23 JhaG3HY 1§ d er & sub- bands into | ow
i nt er medi at e band,, fol I oned qujy an h":?in]’t erpol a qb QE% a%?’:rh‘feer%’o}ta%# on

is a well- I%’rﬁﬂﬂ?ssdf‘@cé’d’éir &he Sdi‘ﬁ-'r’%aé}tlsqurﬂeﬁ Hﬁﬁﬁmmmgpt Imteerm.be'ﬁl on by
30 two, forsapdnpie rate appioraatd HKhP L SIHUdIC! Bighd he @Lﬁqper of

sampl es by <afd v - dat a |nt and |nterpo ating tHemto fill as
sanpl es in bet vve%gm% %rh)é %ttril% %ﬁes‘pl YRe JRipEranngy awe n t he

figure. lﬁwéierléd@ﬁ’stbﬁu@t%aé' Hrutﬁﬁ azrajamzs, 1:137 faadthasy combigirdeid4mo 35
i nternmedi atteimgnds idtnped SARAGRAINA 2 i fe . @fsercraqlds %Odl Jrent descri bed,

non- adapti v
p &ifferent processing each sub-band is going through, and to

synchronize them with the other sub-bands. The delay units
may be implemented by a series of registers or a programmable
20 delay. The output from the subtracter is combined with the

other two sub-bands of the main channel through the

reconstruction filters H1-H4, 14-17, to reconstruct a

broadband output. H1l-H4 may be designed such that they
together with F1-F4 provide a theoretically perfect
25 reconstruction without any distortions.

Reconstructors H3 and H4 combine the lower and upper

sub-bands into a low intermediate band, followed by an

1nterp%latlon by two. An interpolation is a well-known

procedure in digital signal processing.
30 two, for example,

Interpolation by
is an up-sampling process increasing the
number of samples by taking every other data point and
interpolating them to fill as samples in between. Up-
sampling is indicated by an upward arrow in the figure. The

reconstructors Hl, 16 and H2, 17 further combine the two

35 intermediate bands into a broadband.

In the preferred embodiment described, non-adaptive
filter processing is performed in the upper sub-band of 4-16

- 9 -
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filter processing is perfornmed in the upper sub-band of 4-16 -

SUBSTI TIE SHEET (RULE 26) WD 98/47227 PCT/11L98/00179 Khz, Aa%ptlve filter
processing Is perforned in the | ower sub-band of 0-4 Khz FREA

interferences are located. Since there is little conmputation overhead

i nvolved in the non-adaptive filter processing, the use of non-adaptive 5
filter processing in the upper sub-band can reduce the conputational

burden si i ca t eriar ce WI t hout an
expensi veg’?ﬂrll;cr eagsl%é {gf{rlgé# rpeIl C%arldl\ﬁarle?‘ F%féf’m%%g Prajtasssi ng
wi th Band- E¥RT ‘P%’éldﬁei%p(f’ot‘i |19PF ez e masfoet antttdmieqmeie&r raa::é ardmadieraent

using brosiheadtpene essi noewid hedwna-dd 18:1 e, tgadof using
sub- band clqggeéé gﬁﬁ whi ch act. on a sub- msu n c annel e?he
embodi nent’ USes %’aa% %%c%’fcfcferﬁflf?gm%l%swfcmcamawta}\moadband

mai n chahnéilt@utpre¢eseingdaptthe dppietxersxw-qca&ﬁﬁlqu I:&gdﬂﬁ’@ dHe a

| ow f r equepSNpPEOLRY Hin ltméﬁtg Si are-converted to a
broadband _si gnal S0 that it cani% %{ tedq:fhr Sr’fgltbr]tf’a(fd%ﬁﬁf’lﬂﬁn

channel . 2BCRECTRILTE, W’o‘?*&ﬂﬂ‘baﬁ‘ﬁi ‘?#Rﬁ}'tssl’vfer gmcaeame dyn dtheseresprisced 21a- 21d,
are sanpl edaxdware appropri ate sanpling frequency and entered into a

mai n-channel matrix 22 and a reference-channel nmatrix 23. The nai n-channel
Jratri x generat es a mai n channel a signal recel ved in the main-I|ooking
directi of,2 PAghandg P 2 sptatileal f erence

conponent. The FI@feieélQ&n§fb%’6\9{ R 2% e@:b%%lrmEfn‘?:r 68, channel s
representl erences received from al ther —oirections. A | ow pass

filter 1?9?? %n HEF P HIE & 1 tth b %%W@aﬁrﬁﬂm t hénstte gy OVI de
| ow-fr eque%i:yUWW gwatlsand eanelaping esffgrA1ey wi.chlheadaptd Wiy

acts on th§§§nlcgy\5,fuq§gueg}gé/ S gnerate Io fre Yy canc ing
signal s_which estinpte a er&?requ%‘r}%:&%or% Nt E‘§1J'flé'}‘3ence

componeh? IRHFES rfﬁriq'lcl'ér%ﬁﬁlecl’n arr@crwamcqumpmm J i mopt35 ssiirgreal s are
converted adapt Dae bt it gswcbéesbylrajl INRHO1R] A 1 AR A2dtBlcy MG 50 be
SUbtraCtedtﬁéqpéégftiggrhé%ggHEang 51gnals are converted to a broadband

signal so that it can be subtracted from the broadband main
channel.

Va 3

20 As before, broadband inputs from an array of sensors,

2la-21d, are sampled at an appropriate sampling frequency and

entered into a main-channel matrix 22 and a reference-channel

matrix 23. The main-channel matrix generates a main channel,
a signal received in the main-looking direction, which has a

25 target signal component and an interference component. fﬁe
reference-channel matrix generates reference channels
representing interferences received from all other
dlrectlons A low-pass filter 25 filters the reference
channels and down-samples them to provide low-frequency

30 signals to an adaptive filter 26.

The adaptive filter 26 acts on these low-frequency

signals to generate low-frequency cancelling signals which

estimate a low-frequency portion of the interference

component of the main channel. The low-frequency cancelling

35 signals are converted to broadband signals by an interpolator

28 so that they can be subtracted from the main channel by a
subtracter 29 to produce a broadband output.
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subtracter 29 to produce a broadband output. 10 - SUBSTI TUTE SHEET ( RULE

26) WO 9@ dgi5,PCT/ 1 L98/ 00179 The broadband output is | oy, Qﬂggsé i ]79t ered
and down sanpled by a filter 24 to provide a | owfrequency FECLPUWT s gnal

to the adaptive filter 26. In the mean tine, the main channel is del ayed
by a delay unit 27 to synchronize it with 5 the cancelling signals from
the adaptive filter 26. 3. Broadband Processing with an External Miin

Channel  Gener atfifo RbGa G509 other preferred enbodiment simlar to
to the previous. enbodi nent ex%ﬁ%gtg t&r?weff‘éfnglllﬁ&Fﬁgcﬁé‘ﬁn@‘lmmg‘ener at or

i s used i nsTARLY BY i ierd tmmriovide ebtlawrfragheasgh@eddBRick
channel . Thssgeaboth netd ddapisisfdil s whieRr g, | $Adeglr o.t.ake advant age of
t he broadbagd, ¢apabjli «%fa Of corr;gsrci al ly a\%gi Fggl gigﬁll;1 Fﬁgﬁi’c% hgReL 15
A broadband i nput”is” obtalned B LStHGYaitekt @Pn&P FAPFhrendarelitgeenat or
such as aSsHet (eAnee bk gphohiontd s £rqmtakokidapdish 441ter aegdi pol e
m cr ophone. The broadband input is sanpled through a high fidelity A-to-D
converter 4;. Tge sanpling rate should preferably be high enough to 20
mai nt ai n t he™~bre SOt o e +-He—au@ito Egigirnp) MAinkE@haexedr nal
mai n- channeGemermtent or. A reference-channel matrix 42 is used to obtain
| ow- frequency r r s . representing interferences in the

4 owfrequency doﬁfa(?fng]g%}l%ggﬁ%pﬁnvoe | PELLSFEedserRgdsnens gamé liam tiee
| ow f r eqb®ntle dOFRY HPuS ket isrentc exseatnehatnahr extdoas1nahineedadne]

br oadband cogedtdtdy . i e riaday. i - r ¢ancel | ing,
signal s esgilgg%i A}t erfer lnces afdrsg)% %hg%ggorgg'ggﬁ%&i %%EF}XT 8 C%’F%&H‘band
er

output is frl ed by a 10w il t dPi%6 ephreATreDtalisoupefidr when it
domﬂ'sa”p|ih@-dq$m¥¢iquﬂﬂﬁkdidd“anﬁig@UbﬁutheaBQOEBSahQ“bBbSQQQQEXes.of

ref erence chamnetsia pgx,cg/-iﬂﬁﬁe't Q520 ; tive filter 47. The adaptive
filter aﬁ S on talebse :I@W flr_equenc.yl gil %g?goPg‘OBgﬁerat e | owfrequency
cancel | i %) si gndl SPTIIFRIE PRRRG ks ipedabibandingpan estdehayedlaby- 35

a del ay uni¢ha§hqi)q¢nﬂrdﬁonuﬂdeh aehsasikzad ﬂﬁ&?oﬁﬂgnecﬁggegling signal s
fromthe adgptiné {&!d&m 4%, Ue ad%i%le microphone. The broadband
input is sampled through a high fidelity A-to-D converter 45.
The sampling rate should preferably be high enough to
20 maintain the broad bandwidth and the audio quality of the
external main-channel generator.

A reference-channel matrix 42 is used to obtain low-
frequency reference channels representing interferences in
the low-~frequency domain. Since adaptive filter processing

25 1is done in the low-frequency domain, the reference-channel
matrix does not need a broadband capability.

A subtracter 50 is used to subtract cancelling signals
estimating interferences from the broadband input. The

broadband output is filtered by a low-pass filter 46 which

30 also performs down~sampling. The low-pass filtered output

and the low-frequency reference channels are provided to an
adaptive filter 47. The adaptive filter acts on these low
frequency signals to generate low-frequency cancelling
signals. In the meantime, the broadband input is delayed by
a delay unit 48 so that it can be synchronized with the
cancelling signals from the adaptive filter 47. The delay
unit may be implemented by a series of registers or by a

35
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unit may be inplenented by a series of registers or by a - 11 - SUBSTI TUTE
SHEET (RULE 26) WD 98/ 47227 PCT/1L98/ 00179 programmabl e del ay. The

|l owfre BgN-sancel ling signals are converted to broadbap ncel | i ng
si gnal sqﬂé a/nnlsnt erpol ator 49 so that they can be subtract”e(gr/ﬁ%/ﬂ?lf’ﬂe

br oadband mai n channel to produce the broadband output. 5 It is noted that
the adaptive filter used in the present inventionis not limted to a
particul ar kind of adaptive filter. For exanple, one can practice the

present. i i i e ipyention disclosed in applicant's comonly
10 assigne%¥§%%a%%652 iﬁ%l QS. géeehfwéﬁﬁﬁﬁE§PF§ncS€FF 1Rg. S1gBRET2, 899,

filed JunedZp cPgyBrtesd: itol dFcagpandmcamdelBtingdsifnalddept ame | nterference
Cancel | i ng,inteypolkesion sJ ezeRfatMe dplt nding PCT
0.5 B e o e BB ERERRRTFERE B i ons

applicatio% V£)27/ 0186 g%bli hed Déc
are 15 i ncOFPoraeEs BV iPefdraned e sreduge: kbpr bopattbang. ouspetifi cal | v,
the adaptsive filter may include weight constraining neans for truncating

updated filter I ght u 0 ,pre rmned.threshol ¢ val ues when each
of the updat ed\&% ?‘?’e,r“o\\%!dg%?la&altﬁg g)%tggé:&get %érlgSFrB§E€n&lf‘n§hiop’€ﬁ$%%hold

val ue. The JRYEPELIPR S POt ddpited: fer 3 pergdeulanhkbhdi ag aeapsiter
eStinatingfﬁh&eﬁowembﬁfekﬁ@p&%hnd%ﬁa@ﬁﬁlpr%@@ﬁEFet?%mﬁ£eg£ﬂ%h§ngg gisnee
o] e welg pda

*~channel s and . nerating an ..inhibit signal t u I'ng nmeans
based on ngg%& i%% g&%éPt prgﬁ?ﬁggsﬁgt%@eﬁPPHéCﬁEFﬁScﬁﬁﬁﬂ@ﬂlﬁnd- the 25

referend® @sgigaiesl ande ompiegidiingosiSr.aipaiteptmeaps igaYibACkEESaR fisequency-
sel ective wei/ghb- @Rt I ¢li 1 tzunahi>gh i;Rgl.ud ast \Eourier ransf drm
(FFT) unit fér rec Lving ad%pyfbe fVIgg%GWeggﬁ?EEeéndggﬁﬁ?BrﬁP P EHROEFT of
the filer WEFgREGRTIVELIRETIGTrNSSuSROFeldpngsénbyt ioventbuedosapset of

frequency Mamsshomndstitisi kgriresponadwen G- aphbeseAtabhoRoVay Wes, gk vi ded

into a se fy ;f. u - a of truncating units for conparing
the fre ue%@%lﬁg%%gg2%%%??%%d§§Vué§%RVttht HP82H8F818§§i©ﬁ%d to each bin

and for *r dRCLEPRF NS PY Feference tierpioxdeetthehe ehtesbeyd, a set of
storage cells f@pecifically, the adaptive filter may include weight
constraining means for truncating updated filter weight
values to predetermined threshold values when each of the
updated filter weight value exceeds the corresponding
20 threshold value. The adaptive filter may further include
inhibiting means for estimating the power of the main channel
and the power of the reference channels and for generating an
inhibit signal to the weight updating means based on
normalized power difference between the main channel and the
25 reference channels.

The weight constraining means may include a frequency-
selective weight-control unit, which includes a Fast Fourier
Transfdrm (FFT) unit for receiving adaptive filter weights
and performing the FFT of the filer weights to obtain

30 frequency representation values, a set of frequency bins for
storing the frequency representation values divided into a
set of frequency bands, a set of truncating units for
comparing the frequency representation values with a
threshold assigned to each bin and for truncating the values

35 if they exceed the threshold, a set of storage cells for

temporarily storing the truncated values, and an Inverse Fast
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tenporarily storing the truncated val ues, and an Inverse Fast - 12
SUBSTI TUTE SHEET (RULE 26) WO 98/ 47227 PCT/1L98/ 00179 Fourier Transform
(I'FFT) wunit for converting themback to the adaptive filter weights. 5 B.
Sof t war eWIOA§l48#&nt at i on The i nvention descri bed herei n maypbE1LsgmoereNt ed
using a commercially available digital signal processor (DSP) such as
Anal og Device's 2100 Series or any other general purpose m croprocessor.
For nore information on Anal og Device 2100 10 Series, see Anal og Devi ce,
ADSP- 2100 Fam |y User's Manual, 3rd Ed., 1995. 1. Sub-Band Processing
FIGS. 4A-A0umier fluapsdhamt (EREML ivrg ¢ e roR@ner@Ang thihk @ag&ogga@hi n
accor dance aMddt e fi1sir deg]‘gq.{trsqd enbodi nent of the present invention
usi ng sub-band processing. Upon starting at step 100, -the program
initializes registers and pointers as well as buffers (steps 110-120).
When a sanpling unit sends an interrupt (step 131) that 20 sanples are
ready, the gr ads tltg%esnat I.% val ues (step 130), and stores themin
menory (step IZ0). T . ves the input values (step 151) and
mai n- channel matTtie IayErTtiEne fes qrsithen I in0 nggnBeatiapdenBRi-aaCiaRRgl by
filtering thedmyuss Malwes 243 it 2RO fficients (st 150), and
then stores the result ﬁﬁ néﬁgfggj%gﬁéﬁtf§0f.%$fé BFS&F&R&Fe?BF@Se?“FHe

<4 nput valuég;ggl VGRS 20 Sifdeshamanynethex geskradi entpokst ep
the) 30" GapTd 1ot ot S s ton (LD AL e o B BO810BPpEvElggye! N0

e 1 store the resu step :

St eps 1?8ﬁaﬁggf§8 §$%§ﬁ@%ﬁ%ﬁgﬁk?ﬁﬂggngﬁﬁggﬂgpp SemetY Péﬁégéngénéﬁémnels
(step 190) 3TFh&EJrod®#R-retrieves the main channel (step 201) and the F1
filter coefficients (step 202) to generate an |lower 35 internedi ate band

with 1/2 OE‘¢Q§H§%g§g @%rgggeagpropriate for the whole mai n channel by
filtering =~ the coefficients and down-sanpling the
filtered output Fi$Sp 4A-4I3are a flow chart depicting the operation of
15 a program in accordance with the first preferred embodiment
of the present invention using sub-band processing.
Upon starting at step 100, the program initializes
registers and pointers as well as buffers (steps 110-120).
When a sampling unit sends an interrupt (step 131) that

samples are ready, the program reads the sample values (step
130), and stores them in memory (step 140).

20

The program retrieves the input values (step 151) and
main-channel matrix coefficients (step 152) to generate a

main channel by filtering the inputs values using the
25 coefficients (step 150),

(step 160).

and then stores the result in memory

?Qe program retrieves the input values (step 171) and
reference-channel matrix coefficients (step 172) to generate
a reference channel by filtering the input values using the
30 coefficients (step 170), and then store the result (step
180) . Steps 170 and 180 are repeated to generate all other
reference channels (step 190).
The program retrieves the main channel (step 201) and
the F1 filter coefficients
35 intermediate band with 1/2

(step 202) to generate an lower
of the sampling rate appropriate
by filtering the main channel with
the coefficients and down-sampling the filtered output (step

for the whole main channel
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SUBSTI TUTE SHEET (RULE 26) WO 98/ 47227 PCT/1L98/ 00179 210), and then
stores. the result (step 220). Simlarly, the F2 filter coefficients are
used to generate a upper internediate band with 1/2 of the sanpling rate
(step 240&. The F3 and F3 filter coefficients are used to further. 5
gener at eV& ¥ sub-band with 1/4 of the sanpling rate (sPENYILEEW}%and a
upper sub-band with 1/4 of the sanpling rate (step 280). The program
retrieves one of the reference channels (step 291) and the F1 filter
coefficients (step 292) to 10 generate an internediate band with 1/2 of the

sanpling rate by filtering the reference channel with the coefficients and
down- sanpl i Pt hePBF | iR FREGUITERS 1RG5 BD) (Star] 23N st Fmilanby & esnd t
(step. 300)F2 Siitar | goetiicfchds |dms wnef ft i pileratd & Ugsskt 0 generate a
| ower sub- b 1t h. 1/ 4 . | A rate (step 320)." Steps 290-320
are repeate oﬁﬁﬁ%%;{? h%[%c% hh&(;r&r?e ’Zﬁ%ﬁ:e %ashwls""t{t %SW?eH'h%‘*?))rogram
retrieves thee r&t erice® chieifRy cqetifirBams aml udws o nfhcnae! (st ep
342) t0 gengsmdeatanseldid S ng Usidl 27y agkant af?zf‘ﬁ@ L g, PfOCESS
routine (st%po)3403 a20 The pr‘_ﬁg_r amcgub.tract'?the cﬂaér/l(;%e |ngr9iir%£nkg?s[?fr%‘?n.
the min chathet"3o® CHRE T4 Bkt ffdireriannl e ke (Stemnel
(step 350).289%k. programthen interpolates the output fromthe adaptive

<Jbeanf ornm ng procass DT z(ééleiqa‘ﬁé%)) il.ter] 25 the output with

b S TR A A e e Lt

the H3 filter coefficients (step 3f to arn_an ‘up- on (step
370). The pFOYTRM A 5PN ke Jot st ektemeons it eirntiel (Step RO20vies band

(Et ep 380) gemeritd tan sintemmddidte B‘&h&id'ihﬁ{ cpefdd Gdr?é“sﬁarﬁ()ﬁiﬁpg etO

obtai n an 5 SAPRL£d: versi t 390),._ The program 30 conbj nes” t he

up- sanpl edl&\%r Sl on%djf%go%%%éfaeﬁeegnm%er grﬁﬁ’b‘?]rre"ﬂ’r dhmiTPeHE NS tand

400). The RO =FaRPtERPOHRE eBlltrrédyrutputt esteh @ )nAiand chisamed tdsd£p

410) and fithersedd1ti tdedhesddl) fildatiioonffigients éﬁ?t?é} 4@?2;%&;?%@3, n
S

an up-sanpl ed vers&on (ste%éSS 420) . The proogram al so i nterpolate
hree (2

upper i nt er edi at e i YE AP Rarf Mitherly/ 4 tofithe t he H2
filter TDetdnplmy srdte eps?di)320) obtStepare ap-samed Nassd ey (8411

the other reference channels (step 330).

The program retrieves the reference channels (step 341)
and the main channel (step 342) to generate cancelling signal
using an adaptive beamforming process routine (step 340).

20 The program subtracts the cancelling signals from the main
channel to cancel the interference component in the main
channel (step 350).

The program then interpolates the output from the
adaptive beamforming process routine (step 360) and filtering

25 the output with the H3 filter coefficients (step 361) to
obtain an up-sampled version (step 370). The program also
interpblates the main channel in the lower band (step 380)
and filters it with the H4 filter coefficients (step 381) to
obtain an up-sampled version (step 390). The program

30 combines the up-sampled versions to obtain a lower
intermediate main channel (step 400).

The program interpolates the lower intermediate main

channel (step 410) and filters it with the H1 filter

coefficients (step 420) to obtain an up-sampled version (step

35 420). The program also interpolates the upper intermediate
main channel (step 430) and filters it with the H2 filter

coefficients (step 431) to obtain an up-sampled version (step

cHAacTITIITE cuceT /BRI F 26)
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The prograip sgpFpimnes the up-sanpled versions to obtain a bkgzmpﬁ{)@ -ﬁg“t put
(step 450). 2. Broadband Processing with Frequency-Limted BT8R 5

FI GS. 5A-5C are a flow chart depicting the operation of a programin
accordance with the second preferred enbodi nent of the present invention
usi ng broadband processing with frequency-limted adaptation. Upon

starting at sfHp 5 the I .nitializes 1o registers and pointers as
wel | as buffer@ (s?'gyﬁs 51(?%%%). {?@Qeer? %L%'aHBI"Fﬁ@‘p&ﬁ t VEERASNEn tPnPbLaLpt
(step 531) th&raaddandytedtarEtepadP0it-he program reads the sanpl e val ues
(step 530), and stores themin nenory (step 540). The programretrieves
the broadband saml#., _ and the main-c el matrix
coefficient D 5° =1 S&dB8REYREARIERAnAdADhatibht eri ng
the broadfand s&HA% VPA-Ps awiet la fHewcohitciepistingephs58beradohhgp
stores the r£gfdgrdh MBIMAEJrSizgRed rogramretrieves the broadband
sanpl es (step. 5¢1) 20 and ref gre_r?cg{l)g_aaléﬁgl Bﬁﬁgplgxpﬁfi%?f:f‘ﬁ efilBodingpt572)
to generat&a FIESTRY efeeatdOnc MeAngl bopatibrhdr pngcehsingawptrs usi ng
t he coeffi cifgreigrstyeyl imi®ed adcpitheiontores the result (step 580). Steps
570 and 580 are a erate all the other reference channels
.(step 590). 25 Th S’r %%95&3{‘ trgﬁr’le\?‘%s‘?pt %QoreFEF‘eHE@gEﬁEnhEP§l§§F~éES601)

whi ch ar & YARFSEAFISedNCs PO 682, ashweddi aschanpets( $5eaps683h-vhpeh is

al so down- samared tsanid1a ngOWnSaNRlndg hat 604) .24, {h

| ow f requenc;syaéxg) LRt %st epd605) tg generg?ggggﬁgﬁ- ?F%%Beﬁ%s cgﬂﬁﬁl H’“ﬁg
signal (step uSi g 56 %N A8SpPrYgTBBaRrafRAi hiepsatpie valtese (sthp
progr am updat¥s , @ind sdapteisy&hie ter membght $s€6peps610) and i nterpol ates
the | ow frequeneyeC deRirang o3 t eperate a_broadband _cancelling

si gnal (stse% 3%0). Stbggs 81_0- 62169%?135 gﬁgaggaaég?ndaﬁ?m?%% BRALES | £5EfRNCe
channel s ]( step ) 630F 3§ T PCOGramls BBErast coefiticaenes| (sgesi §52) stbrom
the main clpemeelatieo acaroekivahne matier LARAREE SONPONEREiLY LRHE BBLDgnSHgNnel
(step 640). sample values with the coefficients (step 550), and then

stores the result in memory (step 560).

The program retrieves the broadband samples (step 571)
20 and reference-channel matrix coefficients (step 572) to
generate a bro;dband reference channel by filtering the
samples using the coefficients (step 570), and then stores
the result (step 580). Steps 570 and 580 are repeated to

generate all the other reference channels (step 590).

25 The program retrieves the reference channels (step 601)

which are down-sampled (step 602), the main channel (step
603) which is also down-sampled to the low sampling rate

(step 604), and the low-frequency output (step 605) to

i
generate a low-frequency cancelling signal (step 600) using

30 an adaptive beamforming process routine. The program updates

the adaptive filter weights (step 610) and interpolates the -
low-frequency cancelling signal to generate a broadband

cancelling signal (step 620). Steps 610-620 are repeated for
all the other reference channels (step 630).

35 The program subtracts the cancelling signals from the

main channel to cancel the interference component in the main
channel (step 640).

SUBSTITUTE SHEET (RULE 26)
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filters and interpol ates the broadband out put (step 650) so that the
| ow frequency output can fed back to update the adaptive filter weights. 5

3. Broa cessing with an External Main-Channel GCener rFl GS.
cw&gﬁjlft 29 85?2%’1’9’?”9

6A-6C are

Ow chart depicting the operation of ~ a pr

accordance with the third preferred-enbodi nent of the present invention
usi ng broadband processing with an 1o external main-channel generator.
Upon starting at step 700, the programinitializes registers and pointers
as well as buff 710-.720) .. \Wen a s ling unit sends an

i nterrupt (stepféglééééiﬁh éé;ﬁﬁﬁé;%ﬂgelP@ﬁE?PﬁgﬁésprSr5ﬁP?Q9&§dthe sanpl e
val ues (st eptrst78eter o720 sten cdthathdine dowefreyuestepoddtPht Eha peagr am

t hen readsbackr eadigashé ngd gdéggﬂJgaffiiggrg?hggggn-channel gener at or

(step 750), and stores it as a main channel

retri eves

matri x cbe

step 760). The program
the lowfrequency input (step 771) 20 and reference-channel

- a i wigenematekterhafiemaneecehanegl by
mul tiplyi ndehbBgatdp (step 770), and then stores the result (step 780).

Steps 770

channel s

and /80 are rggeated to generate all the other reference
(st epF¥98) . BTG HRF Hraodilem charite depichénbothir egeeatjoneber ence

«channel s (at ppo§Pan, ih hecssdarvdaran &%@BQh&Qé)EWQE%?rEE-eﬂB@ﬁiﬁéﬂPled

(step 803)

Cy. out put 604) to generate

a | ow-f 1 equency. (step : )
IOMFfrequeﬁgyggﬁn 5???%% éhé%ﬂi%??s;%ﬁ?QBSGFadﬁépﬁgPéﬁcﬁéﬁﬁPBVEIBBaﬁﬂorning
pr ocess1PogkfFarnaTheaproghamaD ggpuatagert.he adaptive filter weights (step

810) and

t he broadband, cancel | i signal (step 820). S
all the otﬁsgl?g @g%%

ng conenl T S Gy P e Shd T Bee e ea for

FET AR $ 5451 183%) bufhiersr dgtepssapOraeos.t he

broadband @aroet| sagpigmaisit Ieddomd Hatereaghandtapi R3¢happgk to
generale 1BenBi0adRRad-o Qb PUnd dibgi RS LANLALhY LEGHTST L LELT FLEnses

(step 840). -

(step

15 730), and stores them in memory (step 740).

20

25

30

35

The program then reads a broadband input from the
external main-channel generator (step 750), and stores it as
a main channel (step 760).

The program retrieves the low-frequency input (step 771)
and reference-channel matrix coefficients (step 772) to
generate a reference channel by multiplying the two (step
770), and then stores the result (step 780). Steps 770 and
780 are repeated to generate all the other reference channels
(step 790).

The program retrieves the low-frequency reference
channels (step 801), the main channel (step 802) which is
down-sampled (step 803), and a low-frequency output (step
604) to generate low-frequency cancelling signals (step 600)
using an adaptive beamforming process routine. The program
updates the adaptive filter weights (step 810) and
interpolates: the low-frequency cancelling signal to generate
the broadband cancelling signal (step 820). Steps 810-820
are repeated for all the other reference channels (step 830).

The program subtracts the broadband cancelling signals
from the broadband main channel to generate the broadband
output with substantially reduced interferences (step 840).

SUIRSTITUTE SHEFT (RULE 26)
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| ow-pass filters and interpol ates the broadband output (step 850) so that
t he | owWNQ 284782ty output can fed back to update the adaptPiCraLps/éoney

wei ghts. 5 Wiile the invention has been described with reference to
several preferred enbodinents, it is not intended to be limted to those
enbodi nents. It will be appreciated by those of ordinary skill in the art
that many nodifications may be nade to the structure and form of the
described lo erBReli peedxani i¢otpasiepbrltiens fandminterppilatiesanthescope of

th t f t
Asebh?vﬁﬂe‘bi’%%gfz;;@@@ B o e o U8 et ol ™

neasuri ng THe nt%fu% Ate nERY radaRde’ s durdexu¥iedghds -accel er onet er

instead of using a 15 m crophone. The disclosed invention may al so be used

for progessi ngwﬁgggrtﬁégpﬁ.\l,én{{gxmﬁag?é tdaebs{c%ylbytenn %:‘Fsa% og:g%r

phenonena producl ng oscillatory waves an
20 25 305evsral prefegrped Bpents ( Rl B 26l tWdngengpz taP®® | L98/ 00179

VWHAT | S CLAL#EERd Sto 1thdsduehbpd DE€HSS NY I@tﬂﬂlerh@“%"pp%@&‘i@déd‘%fys'[ em

for pr oceSélggean i n?H]g ont igg a tar g‘ft si gar ori ginating froma
target source and Far b‘?l@i‘% Tt o mant iWs ces and
«for produchay hbe m@éep’g@ tbpre‘seuctugetdtmtfa:ngtetofsmgmalde\ddz’rlﬁéd)st antially
reduceds hnéfhb&LRBALS. wELABLL ShBfar 81! A GANE [p%?lec{ A LAl & of

receivi ng SI nals fromsuch in Ut and” f or gener a here

channel  1BM€ebP¥ERREPRg ¥RYRRI 4SrdeEinedy aF’?Q)rﬂiltMé‘-etdaméﬁ’ dourtde and havi ng
a target sfgmhbwﬁ:ngpomammsandAanbuﬁtexﬁé e el e CUHROMAN tthed dfetlertid it €r,

connect ed Eﬂaﬁgglgahg?cgénggkaiqed by measuring the vibration of an

interference source using an accelerometer instead of using a
15 microphone. The disclosed invention may also be used for
processing radar signals from a phased-array antenna, or any

other phenomena producing oscillatory waves detectable by any
means whatsoever.

20

25

30

35
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generator, for splitting the main channel into |ower and 15 upper

sub- bands, wherein the | ower and upper sub-bands together formthe entire
mai n channel ; a reference-channel generator capable of receiving signals

f rom sud¥O P8ign3e7 and for generating therefromone or nore paimpgONSy
channel s representing signals received from 20 the interference sources; a
second splitter, connected to the reference-channel generator, for
splitting said one or nore reference channels into |ower and upper

sub- bands, wherein the | ower and upper sub-bands for each reference

channel tOfEARCES {CLAGMBIE If8Ttire 25 reference channel; an adaptive filter,
having filter weightg,q&or r.ecel . ve the | ower b- bands of said
one or nore reference, chann,e|':§:’c%‘§ofr)ﬂg elg_‘g%é‘tf%ﬁ&ngﬁe c&“ﬁ%ﬁe‘%rﬁ%"r??%g
si gnal s a’g‘fﬁ FE W TP At rf*t’é’r%r"eqi%m@emamfett medraier sub-band 30
of the maiorihammeing afmubta acihefet GUMIRE athd! G e fdleiicapl itter and the
adaptivegfj | n._output by subtracting sald one or nore
cancel | i?lg %%cg%%?éﬂﬁ om % L_Z&H%e\%efers% zf‘t‘?d‘%’ﬁst R4 &t RIRgHeing 33t he
adaptive fPYEERt FeRreRaHpinO e tedrded rsdogmiade wiltd suiisyintd 1:0m4 he
SubtraCterrémmbé&ﬂjhﬁggﬁéﬂgﬂdgg}Kﬂdﬂb{ﬂéﬂﬁ%ﬂ- wei ght - updati ng neans for
determ ni ng updated. filter wﬁggpt - 18 UBSTI TUTE SHEET (RULE 26) WO
.98/ 47227 PCT/ | LAY 72 TeFratate ca@apiliev eff Hecsi vimsh. s tgralshe
di f f er encefromeswmlenine |laowert crtibydiriit tahgt ke iR oaNaN Ml i AN 1161
cancel | { 0 Sheded St 84 tggg | N I3 nim zed; and a, reconstructor,
connect ed t%sbt he subtéraact er, lgé%e-ac'!téolﬁei?er}lrgmf ?‘?‘?t %§ﬁ'lgiettt &Punas and
reconst r udtI PR dricdEeh & idngiutcanponemtianidngnt hetenferende band of t he
mai N channedm@rieritie out put fromthe subtracter. 2. The system of claiml1,
further conprisjng. I st:,.set of one or nore sensors for receiving
signals from asa&gtglflgsr%e%p%‘sl&frecrel ainededo e $8e Brisnehemnedr e sensors for
recei vi ng 9MRFFendey, Pl ithei ey dthemmafinc lchiafind) Whekeilbwedt ddde sensors

in 15 upper sub-bands, wherein the lower and upper sub-bands
together form the entire main channel;
a reference-channel generator capable of receiving
signals from such input and for generating therefrom one or

more reference channels representing signals received from
20 the interference sources;

- @ second splitter, connected to the reference-channel

generator, for splitting said one or more reference channels

into lower and upper sub-bands, wherein the lower and upper

sub-bands for each reference channel together form the entire
25 reference channel; i

an adaptive filter, having filter weights, connected to
recelvelthe lower sub-bands of said one or more reference
channels for generating one or more cancelling signals

approximating an interference component of the lower sub-band
30 of the main channel;

a subtracter, connected to the first splitter and the

adaptive filter, for generating an output by subtracting said

one or more cancelling signals from the lower sub-band of the
main channel;

35 the adaptive filter also being connected to receive the

output from the subtracter and said system including filter-

welght-updating means for determining updated filter weight

SUBSTITUTE SHEET (RULE 26)



the first set and the second set are m crophones. 4. The system of claim 2,
wherein one or nore sensors 15 of the second set are accel eroneters for
sensing vibration of a surrounding structure. 5. The systemof claim1,
further wangwd7si’ng one or nore sensors for receiving signegcsaisswoys target
source and also for receiving signals frominterferences sources. 20 6.
The system of claim1l, wherein said main-channel generator is a

mai n- channel matrix which generates a main channel froman array of
sensors, the main channel representing signals received in the direction of
t he target valpesTfersybeeadabtivai fiiltenhsnehntsat dthef @i £neren@ds channe

gener at or B%ﬁ%éé%f%h%nQ%wEBaBﬁSLbHHBrbE wh

CHaQ 8T enge channel s

NELELESE

froman array of sensor.s, the reference c%anneﬁs re resen%lng Signal s
recei ved i FaAE %ﬁqﬁeEPHBﬁ%so?ﬁﬁrSPHéﬁaPﬁéaHFYe@%nbhl@¢dih@n@arget 8. The
system of cl ai mal resoeserncsair] adapbtredf tbt €he 3@b€9£@£é§e§n@ to the

finite-i SeS f t I
ignals. By SAREEer chE refbndERaLe s BRAAAPROR PHREE SEonpri ses
an |nf|n|t@qmﬁ&ﬂ¥§§-¢@§p8ﬁ§§rfﬁpbebaﬂdrOtheeamamg ckandebnendrther e

cancel I'i ng citghd] Frogo the. stbersysbem of claim 1, wherein said
filter-weight- pdathgg gg%g%gugngghe | east - nean-squar e al gorithm where

{he nmean-squaré‘va

PeRcés PBFRBER FRBPF3§ERIsapfirsyg

SUBSTlTUTEssHEEm'@R@L@rz@prwoseas¢rzzfoECfébéQGAﬁ@1§9gnba§dfﬁ6mtae mai n
channel @and53jd AR Ve FRIE C2ACENY ade Sk9RaLS ar g subslanti a gXFor

m ni m zed.

er enice cancelff fig® §9§?Eﬁ1

11.” A dual -processing inter

processi ng TEFSIPRT dOHEETRIRGCEStar get signal as wel | as interferences

and for produci g anmmdwmwSt@@pbeseuhuﬂgzthﬁhe&éiﬁe§a§agﬂﬁé Yohbors in

substanti alJyy, reduced dnterf %p%%%ogd 2 I sin a nmai n-channel matrix
S

capabl e of

Fﬁﬁu igRaPRBRegener at i ng

I’eCGI Vi ng SI gha S rom

therefrom a mai rk-chafiél sYisdemeoéncilagus gnahere¢nebnedofr aorehsefsoest i on
of the iAargettfoWoHRNEG %R a%cteqreg%fmeébggakogoggﬂg?H& 998 - Mion of

20

25

30

35

a surrounding structure.

5. The system of claim 1, further comprising one or
more sensors for receiving signals from a target source and
also for receiving signals from interferences sources.

6. The system of claim 1, wherein said main-channel
generator is a main-channel matrix which generates a main
channel from an array of sensors, the main channel
representing signals received in the direction of the target.

7. The system of claim 1, wherein said reference-

Channel generator is a reference-channel matrix which

generates reference channels from an array of sensors, the
refereqce channels representing signals received in the
directions other than the direction of the target.

8. The system of claim 1, wherein said adaptive filter
comprises a finite-impulse-response filter for generating
said one or more cancelling signals.

9. The system of claim 1, wherein said adaptive filter
comprises an infinite—impulse-response filter for generating
said one or more cancelling signals.

10. The system of claim 1, wherein said filter-weight-
updating means uses the least-mean-square algorithm where the

mean-square values of the differences between the lower sub-
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I nterference conponent; a first splitter, connected to the nmain-channel
matrix, 15 for splitting the main channel into lower and upper sub- bands,

wher ei n Wwhoglpwer and upper sub-bands together form the 1:4{% /%]lﬁ?
channel ; a reference-channel matri x capabl e of receiving si g rd om

signal sources and for generating therefromreference 20 channels
representing signals received fromthe directions other than the direction
of the target source; a second splitter, connected to the reference-channel

matri x, fopas®!bfteng ,ﬁéy_en ref &4 s into | ower and _upper
sub- bands, wherein the lower an ugdrgr]%qb BATd S oFE ST SIdfid%Eence

channel to@%‘?’ﬁ%}sfﬁ%?%@ﬂ?%@%ﬁéﬂ@r@m&e%hannel an adaptive filter,
having filter weights, connected to receive the | ower sub-band reference

channels for g rat al s approxi mating an interference
conponent of e%ft heA {%%1%15 %éeb n‘%’ g&e&'ﬁéﬁﬁé‘lce ga3@edddage systemect ed

to the naiFCEHFPRESSHIY tatférlrmm‘- Qdm:aadH.Mgl e thirklegr Slmhlggrge%tlllngs

sub-band oitipelt £ denSabtdaetsdyd AR LA! nal s from.t.he | ower
sub-band gpin channel - 35 t he a%laptlve f|a1nt %fqltz):ugorﬁé’lrﬁgq‘ BSHRGEE t o

rece| ve the %ut% pufg’??’]b e U Tl 1ah & edaice ds yotemfiemeinadisng fi | t er -
wei ght - upoeemprisisegs for determning updated filter weight - 20

+-SUBSTI TUTE SHEHT 4R E128) 7 PCT/ 1L98/ 00179 . val ues for the
adaptive filter, such that e % 4%3%% eg S EEWEER et NEoRe A TSds- Baea of

the maih® HEhet"RING &HE f%rﬁ%}qnmrg ¢haire faoe aubatianchahhgim ni ni zed;
and a recornspresdoring anirgtd ad rtébél%dSlf@oEnaq:hgr add k9 Lhe %gn'al n- channel

matrix, fogr g [ hroadband out put conmbr ni n upper
sub- band ofatﬁ rrrL"sa%L% c‘%aér%%iefh nd 4 ﬁ‘eq:ﬁ’fﬁe‘:béﬁﬂné&t ﬁetnppin@mtt h@dsabtract er.

12. The systesrigrenas rRoRongEr/ei n said adaptive filter conprises a
finite-inpulse- deﬁm%ﬂllg@r f Honrlelt % Sr atthng trlura1 %ﬁg%?mlelll ng si_gnal s.

13. The f.claim wher ei n sai apti trix,
§Y§§§”2§ﬁ1é%lng éhe main channel 1ntoplower and upper sub-

bands, wherein the lower and upper sub-bands together form
the entire main channel;

a reference-channel matrix capable of receiving signals

from signal sources and for generating therefrom reference
20 channels representing signals received from the directions
other than the direction of the target source;

a second splitter, connected to the reference-channel
matrix, for splitting the reference channels into lower and
upper sub-bands, wherein the lower and upper sub-bands of

25 each reference channel together form the entire reference
channel;

an adaptlve filter, having filter weights, connected to
receive the lower sub-band reference channels for generating

cancelling signals approx1mat1ng an interference component of
30 the lower sub-band main channel;

a subtracter, connected to the main channel splitter and

the adaptive filter, for generating a sub-band output by

subtracting the cancelling signals from the lower sub-band
main channel;

35 the adaptive filter also being connected to receive the

cutput from the subtracter and said system including filter-

weight-updating means for determining updated filter weight

_20_
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filter conprises an infinite-inpulse-response filter for generating the
cancel ling signals. 14. The systemof claim 11, wherein said filter-weight-
15 updat | r}??ﬁ}Eans uses the | east-nmean-square algorithm 15. The system of
claim 11YIWTREr conmprising: a sensor array of spatially AGHHAHMRIEY
sensors, each for receiving the target signal and interferences; a
sanpling unit, connected to receive signals fromthe 20 sensor array, for
converting such signals to digital formand for sending themto the
mai n- channel matrix a\r}gﬁ he reference-channel matrix; and an out put
di gi t al - t oA}y T BraPtdffe fiddero stisd thabt thet dif flemrencesvert i ng
azi d br oaﬂbmtivemt pie tlowemralsalp-bAnd @fmMthbbmaihe chgihfgrp ;afndc 't"&igm V\%S,
ereint rs s I GF 0 17, .The system.of claiml erein
the first gcpl | ttglrl%ggésq ﬁ@s}%s%g%d%'\%n%’-“éaﬁ‘&ll?ﬁi%éli}%ml?ﬁg7s§/’§ldem of claim15
wher ei n t he secéhdassnstEactozomeonsestaddban thanrpuetratterTheids st @ReOf

cl ai m 15,5 wheirbidhdrife Iy @GRS, UFR r LOMEF3SE:88 LNELeLRAgLALY 32 Oy
dual - processi i.nt erference ca&%el | ing system for processing a B pBV
’\ﬁ’g offy

cont ai ni ng & rargat? Sgn&EPPSE: Sy Sheamgangehasogic@ndndhe sub-
i nt erf erendand QtputSYBSH TUEE sSHEFAtRY.E 26) WO 98/ 47227 PCT/ 1198/ 00179

originating fromjnt effergRee Sy d.for producing.an_ output

L epresenti r}%a{the t ar get. ss?gnal \%:ft %ﬁgu St ant iwg‘leF 10 Egﬂr%e&dial&téf"]eerences,
conpri si ng: T G EEREITES Gedddter iamydiskee respopeei Fiidgesi goal S 5 from
such i npuet g rfanri rge e idamg elNamef Isa@nd 1kr oadband mai n channel
representing signal s,Irheec%'h, q__% fro m g t.arget source and having a target
si gnal conponent and "an inter erenci

, _ A tgon¥Reredn spdfepcentiyenel
gener at or ddpdifite MRTdSESy iamg infd rditgrdmpull serregpbnep ti 126 ok

gener at i Ng g rit IFy Qheb@g%@qqn@efsq&%gqg.channel S representing signals
recei ved ) .
14. The system of claim 11, wherein said filter-weight-

15 updating means uses the least-mean-square algorithm.
15. The system of claim 11, further comprising:
a sensor array of spatially distributed sensors, each
for receiving the target signal and interferences;
a sampling unit, connected to receive signals from the
20 sensor array, for converting such signals to digital form and

for sending them to the main-channel matrix and the
reference~channel matrix; and

an output digital-to-analog converter, connected to the
subtracter, for converting said broadband output to analog
25 form.

l6. The system of claim 15, wherein the sensors are
microphones.
I

17. The system of claim 15 wherein the first splitter
comprises a down-sampler.
30 18. The system of claim 15 wherein the second splitter
comprises a down-sampler.
15. The system of claim 15, wherein the reconstructor
comprises an interpolator.

35 20. A dual-processing interference cancelling system

for processing an input containing a target signal

originating from a target source and interferences
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frominterference sources; a |lowpass filter, connected to the

ref erence-channel generator, for filtering said one or nore broadband
reference 15 channels into one or nore | ow frequency reference channels;
an adapt i¥8°#1%2%r, having filter weights, connected to r&@€3VNa8/847TH one
or nore | owfrequency reference channels for generating one or nore

| ow-frequency cancelling signals approximating | owfrequency interferences
present in the 20 broadband main channel; an interpolator, connected to the
adaptive fllter t er pol ﬁ%?g said one or nore | owfrequency

cancel | i ng Efaﬁg?gl’?% jgn%moi’r’ TS RS 159y REicgivalisig an
subt r act er , cubputcrepresenHENg - tha Mreetgele reirgfar wairth SAibdthmdirtigrpol at or,

for gener at FBGu8elr oadband Out ol LgprstbiRCting said one or more

br oadband cancellin &al S romt band nmai n channel ; a; second
filter for filtefi ARG PREPPRSULIPREARRPUICARAD Iy oL crece Ivawg rseqmamsy

out put; asdf80mt secadappiveahd| fer gdrerdeimg &f&i"éﬁi&to%ﬂ at %rro%%%! X‘% W28 n

| ow f requen u Y, ncI ud| ter ht - ating
neans for d%é?ﬁ%% ugsc'i%?%%\i %thg ’\?%C{J @%W\‘F@ filter

such that tﬁéddhﬂéﬁ‘én%e%a’é‘éﬁ«e‘émmfhb Cdmrferaqtmub)amulmidrf@i@nw d one or
nore | owf requpaﬁ¥n85 cancel i ng SI gnals are substantially mnimzed. 21.
«Jhe system of clalm furt r|S|n a first set of one or nore

sensors for recefvf e%?’&%%l% 7“?’6 agenexa OISGES’HWGTE’fSHEEPiCJRUIgE 26) WO
98/ 47227 1PCTLEN9BE 002F9 suah gEltlplatndarai s&mrqbrﬁeitaﬁm‘ngo%eobr’m{&e%nsor s for

recei ving bggga{,gﬁgnﬁ% e T claim?21, wherein the sensors
inthe first set and the secon set are ;grcersoe%t&ﬁ}sgs signgds Freedyedem of

claim21, whEPBi HbRELGTEeNTe eSQEFRDFs  of the second set are accel eroneters

for sensing vibratiow-péss af SuteOUNSbRKeSHddIGIdIIGe %"efe—g%% %h] ah claim

20, further gcoppLising e Dpre sensors for receivi n roma
target and for to rece?c\g;?ngglit? Fi2rehicesne or more broa dband reference

15 channels into one or more low—frequency reference channels;
an adaptive filter, having filter weights, connected to
receive said one or more low-frequency reference channels for
generating one or more low-frequency cancelling signals
approximating low-frequency interferences present in the
20 broadband main channel;
an interpolator, connected to the adaptive filter, for
interpclating said one or more low~-frequency cancelling
signals to one or more broadband cancelling signals;
a subtracter, connected the main-channel generator and
25 the interpolator, for generating a broadband output by

subtracting said one or more broadband cancelling signals

from the broadband main channel;
} : . .
a’second filter for filtering the broadband output to
produce a low-frequency output; and

30 the adaptive filter also being connected to receive the

low-frequency output and said system including filter-weight~-
updating means for determining updated filter weight values
for the adaptive filter such that the differences between the
low-frequency output and said one or more low-frequency

35 cancelling signals are substantially minimized.

21. The system of claim 20, further comprising a first

set of one or more sensors for receiving signals from a

- 22 -_
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25. The system of claim 20, wherein said main-channel generator is a

mai n-channel matri x which generates a main channel froman array of
sensors, the main channel representing signals received in the direction
of the takpekia72k? source. 26. The system of claim 20, whereipgtadbgloor79

ref erence- channel generator is a reference-channel matrix which generates
reference channels froman array of sensors, the reference channels
representing signals received in the 20 directions other than the direction
of the target source. 27. The system of claim20, wherein said adaptive
filter conpriargeta dndia edaqnd setr egpense o hictfe fs@ins@enefat i fgcsay ghone
or nore | ow{fEegueidnsancel ling signals. 28. The system of claim 20,
wherein said adaptive 25 filter conprises an infinite-inpul se-response
filter for generdi nd YR G D i f FdQEeicy e censons signths.
2J9. The systiamsbfsat am Xhe Werdid sl G hiRroMidids, updating nmeans
uses the |gast-nmean-s i where _the nean-square val ues of the
di fferencef bet ween tﬁlg?elrgs\ﬂfé?%% rc;eiglrjge]‘rzilclﬁn gd‘t’pﬁ’theiﬁd'rbeﬂ dtfe BT Hrot@NSOrs

| ow-f requenc8t TNy S9N S aee lsuiestedretrisalflor rienisdmredvidfatfon of
dual - pr ocessd nguirdeid Bienaawangal | i ng system for processing an input
representing an ipput T&gntai ing a 35 target signal originating froma
.target source as Well &a¥ ﬁyrﬁ%r"% SHerdéd TRl FATHET 1GARRT £k 1% reme esr and
for - 23 - SUBSTISRIEOISHESE (RddE Vif)g \MAgIR147 236mPGT/d ©0{® P oduci ng

an out put; § e &SEMANG ANE- dA ARl Signal with substantially reduced
interferences, conprising: a maln-channel matrix capabl e of receiving

signals from suci®inpthe aF%st Qferreradm 2§ t heresferiomsa i3t cwtbanch amma) 5
channel representd e signalsa ipatiaed I maBtike e tdaib e d e L2496t and
a

having a tar ' component. and an interference conponent;
reference-ch%gén%rfé%a FT X %Epaal‘bﬁaey ott R FiThg Rigmaid shaRabich i nput and

for gener at i TRPEHRSTEF ¥ Drarsdntkdeol vestf erente chiarss sof epf esent t fget
i nterferepgesouse] ved from the directions other than that of the target;

26. The system of claim 20, wherein said reference-
channel generator is a reference-channel matrix which
generates reference channels from an array of sensors, the
reference channels representing signals received in the

20 directions other than the direction of the target source.

27. The system of claim 20, wherein said adaptive
filter comprises a finite-impulse-response filter for
generating said one or more low-frequency cancelling signals.

28. The system of claim 20, wherein said adaptive

25 filter comprises an infinite-inmpulse-response filter for
generating said one or more low-frequency cancelling signals.

%9. The system of claim 20, wherein said filter-weight-
updaﬁing means uses the least-mean-square algorithm where the
mean-square values of the differences between the low-

30 frequency output and said one or more low-frequency
cancelling signals are substantially minimized.

30. A dual-processing interference cancelling system
for processing an input representing an input containing a
35 target signal originating from a target source as well as

interferences originating from interferences and for
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a first lowpass filter, connected to the reference- channel matrix, for
filtering the broadband reference channels into | ow frequency reference

channel s;wd%gan,adaptive filter, having filter weights, con :
receive the lowfrequency reference channels for generati ngi;l(glcﬁl‘ei‘(a/(’}’lQ79

| ow- f requency cancel | ing signals approximating the interference conponent
of the | owfrequency main channel; an interpolator, connected to the
adaptive filter, for 20 interpolating the |owfrequency cancelling signals

to broadbapdog@besd ! AN b EiHnal Sep e SUALTT r, .connected the main-channel
matri x and ?hcé i?\ﬁ’er ol ator, for genera]tﬁg%ae btraora%?g_:arisdl% lﬁ%

subt ract i ngSPFREHRH Feahred | I Sl efirice s + stanpri 25dw oadband nai n
channel ; an secoadnd bv-qteamnd] ity i€ aHRERd 310 A& SHbld act f
filtering tgﬁcﬁrfﬁxg\?@@n@%&ut 4.0 Igagj_[ alowfre uencyl olﬁ putg-q{aaln?d o
adaptive filter al'so being conhected 'Y retdiifed Tthe bRPadRand dkfdghcy

out put an8l SARENSY sYePFeFRINNE fInale -meiaghted uUntiat itige redfscdi¥n of
det er mi ni ngtHedei gt | Ak rnanei ght V@Az‘%fé"t JQ4ndhe tive filter such that
the differencges 1pi?ween t he Irg%]/v?requency l ntaplutca %q}%net IO farréquency
cancel | i ng %?gﬁ’é RrERrR SR Al |y ninimized. 35 31. The system of claim

30, wherein sai daadeperemcefiidrete L omttisescapdiId ter IrBud SEr{E PSS
<Jilter for ¢ e | N ' l.ow frequen cancel | ing. signals. -
24 - SUBSTI T?ﬁ"% ésﬁ%%%éﬁ%%%%%%%ﬁ?%é%i@% adpandrhe gyst em
of cl ai M30FSHRERRFR SHARPAHRREREEFEN LY cioifseerares received from

i nfinite-inpuéseirespoase dtndereia crfNIALIY Saifbone or nore
| ow f requency CaQCﬂ'%{'gng, nal s._.33. The system of” cl’
a

al Bes aim 30, wherein said
filter-weight- 5 UPGALT NG TEANE USEE Fhe IRHECHRAES e e afieratiagm 34,

The syst em &haenal m3or it uridrert Corgrirsy niie orseBMnAaseingpatial ly

di stribut edch@RSELS, i 886 Mo OFr SRS M} N AN tar 98t, Signal and
interferepces;. a saﬁsl | n‘? upjt, conriected to receive signals fromthe to
sensor affay, fof"cdniRrt "ngPJsJu‘iﬁFsi%‘é’}@ tfol ldiqp twaidhdrem armhnected to

receive the low-frequency reference channels for generating a
low-frequency cancelling signals approximating the

interference component of the low-frequency main channel;
an interpolator, connected to the adaptive filter, for
20 interpolating the low-frequency cancelling signals to
broadband cancelling signals;

a subtracter, connected the main-channel matrix and the
interpolator, for generating a broadband output by.
subtracting the broadband cancelling signals from the

25 broadband main channel;

an second low-pass filter, connected to the subtracter,
for_fi;tering the broadband output to get a low-frequency
output; and

the adaptive filter also being connected to receive the

30 low-frequency output and said system including filter-weight-
updating means for determining updated filter weight values
for the adaptive filter such that the differences between the
low-frequency output and the low-frequency cancelling signals
are substantially minimized.

3s 31. The system of claim 30, wherein said adaptive
filter comprises a finite-impulse-response filter for

generating said one or more low-frequency cancelling signals.
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for sending themto the main-channel matrix and the reference-channel
matri x; and an output digital-to-anal og converter, connected to the
subtracter, for converting said broadband output to analog 15 form 35.
The syst &@ 8f47237ai m 34, wherein the sensors are m cr ophonegT/1B363/00fy9

dual - processing-interference cancelling system 20 for processing an input
containing a target signal originating froma target source and
interferences originating frominterference sources and for producing a"
out put representing a target signal with substantially reduced
interferences, &@npr II'QlengYSZBmapfemﬂ.enmabo;rawneﬁbaﬂngiu@eméﬁﬁwef or

capabl e of gineeel W isggak gnal es_a
generating ftlk}erefr%g,g%broa aa%h@%?Egcg ﬁw%greprgsgﬁ?lﬁbftps}' aF s

recei ved f ISRSEREINGr §82 9% Gl 8T aRATRayPHyLRegHeNEY cangmbl ingnpbmeals and
an interference BGonpahentsysﬁemaolfow:’LEﬁ.ﬁqUencwhéﬁéﬁﬁ%ﬁﬁdCf'fi‘@@}- ? ator

capabl e qf isonal. such | nput an gener ati ng erefrom
one or m%r eud’d%% ye%%gﬁgyuge%e%é%gg cﬁ&nﬂggg'sg‘éﬁ%sém?ﬁbt%wfrequency

interferences; &#%-addpe v¥stemt ef, chaimngofi Fuetheei ghhsricongected to 35
t he Iow—frequen@y sree,fs@ﬁ_—eagea ha@ng g¢naeq at one or nore
ShoTSkassuag Biscl 20BN AL, 0SR

| owfreque cancel |.i
«{ RULE 26) &3‘9&?/9&’?22"}“(5%1‘?‘?&%1"66%7 1gRg FF’@q@jEﬁeyf?ﬁ@@W%r ences present
in the interfer@cenpddmgonenit, otohhecheaadbapdcania SHGRAES ; £AGN th

t e Yo, t te | at
ow 11 eaenoy Cance g F gnareor LY BPbabANE ba bRl TIALCaT gheis, ans

subt r act er F9oFREGET efnh OeH‘Qr painmahanoRinnetrigeamd atloe and t he

i nt er pol at m're,fefr@nc@e-mhraﬁhhleﬂgmatbfiﬁadhﬂad out put by subtracting the
broadband cancel ]l ng ! k'lt g guft gmt t he_broadband nmai n channel; 10 a

| ow- pass filter  conn 3 “fie “SUBPPAREFONYBF LY i | sRRReREeh et Drihaiband
output to @@@Z§QQ§ﬁrhré@ﬁeﬁ@yvemtpug said broadband output to analog

15 form.

35. The system of claim 34, wherein the sensors are
microphones.

36. A dual-processing interference cancelling system

20 for processing an input containing a target signal
originating from a target source and interferences
originating from interference sources and for producing an
output representing a target signal ‘with substantially
reduced interferences, comprising:

25 an external main-channel generator for capable of
receiving signals from one or more signal sources and
generéﬁing therefrom a broadband main.channel representing
signals received from the target source and having a target

signal component and an interference component;

30 a low-frequency reference-channel generator capable of

receiving signals from such input and for generating
therefrom one or more low-frequency reference channels
representing low-frequency interferences;

an adaptive filter, having filter weights, connected to

the low-frequency reference-channel generator, for generating
one or more low-

35

frequency cancelling signals approximating

- 25 -
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and the adaptive filter also being connected to receive the |owfrequency
out put and said systemincluding filter-weight- 15 updating neans for
determ nstsl)Bgﬁt ed filter weight values for the adaptive filter such that
the différences between the |owfrequency output and sai dPERELEBIOKSr e

| ow-frequency cancelling signals are substantially mnimzed. 37. The
system of claim 36, wherein the external main- 20 channel generator
conprises a sensor for receiving signals fromthe target. 38. The system
of claim 37,_wh rel n the s nsor is a shot-gun mcrophone. 39. The system

of claim 37, °WherEFNI e HETheTces By esantodn Ehei dnsprgesende. The
system of cfAPPBEL whitrdien Isaativagfe merice chelhw@ngl gener at or l S a

ref er ence- channeln Nt ¢dppSENESAL |é&né(§;e§{ %cq__gcﬁh nel.s fr%& array of

sensors, each reference channel representing @Fﬁéﬁee omt&T
direction othErrBRIAHLR (He dPbineNIcn Iranceidéngsisguaalsito The system
of cl ai m 36hradudisamnd Gancdalaud:am issgyndid;t er conprises a

finite-inpul se-res er_far ratlng said one or. nore -
| ow f requency caegcei I sf;g{n cionneﬁ.%ci:.ﬁ: &xternaftaPaisschapaedi n sai d
adaptive 3BBeTReer c%i’#ﬁbrﬁ%slrmemllamdm |frqrulg$melrasnﬁgsa ﬁoh:btaabaiaar

enerati ng Qe HPrLud 5N I, SUBSTI TUTE
~95HEET (RUEE‘__J%%@) %8/ %‘%&7&% IL98/ 00179 nfsga%ﬁgagﬁ‘?e 8?" &F’a?ﬁf’?e,
|

wherei n sai Jveans uses the | east-mean- square
al gorit hh® where a hbow-rms sﬁ:]uarea: ,vajmeaftetdhmdth@eeaa%@acle%&w/e%rt he | ower

sub- band ahnhed nore. |l ow_frequenc
cancel | i ngojfslliél%i?? gt%bst anqt@c{}ﬁ y #n%?rl%zege 45, lﬂw65§ﬁq§fe8€é?/§’f‘1?’r§ut

interfer encae“cgancel ling system for processing an input containing a target
si gnal . t ori gi nathecadamni e tHATgeir %llg&abe?%g“’%%hn@%tbﬁt ehf ? %E‘i@% LRe
epresent | n s Tt Seb ol IR A B Sreen) R dnadee Fadéerevencos:
conpr|5|h§ -Updating means for determining updated filter weight values
for the adaptlve filter such that the differences between the
low-frequency output and said one or more low-frequency
cancelling signals are substantially minimized.
37. The system of claim 36, wherein the external main-
20 channel generator comprises a sensor for receiving signals

from the target.

38. The system of claim 37, wherein the sensor is a
shot-gun microphone.

39. The system of claim 37, wherein the sensor is a
25 parabolic microphone.

40. The system of claim 36, wherein said reference-
channel generator is a reference~-channel matrix generating
refererce channels from an array of sensors, each reference
channel representing an interference from a direction other

30 than the direction of the target signal.

41. The system of claim 36, wherein said adaptive
filter comprises a finite-impulse-response filter for
generating said one or more low-frequency cancelling signals.

42. The system of claim 36, wherein said adaptive

35 filter comprises an infinite-impulse~response filter for

generating one or more low-frequency cancelling signals.
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an external nmain-channel generator capable of receiving signals fromone
or nore signal sources and for generating 15 therefrom a broadband nmain
channel having a target signal conponent and an interference conponent; a
| ow f r eqwe@B¥#7223f er ence- channel matri x capabl e of recei vi rrgCTIILgSIed1$9 f r om
such input and for generating therefroml|owfrequency reference channels
representing low 20 frequency signals received in the directions other than
the direction of the target source; an adaptive filter, having filter

wei ghts, connected to the reference-channel matrix, for generating

| ow-frequency gancethé ngystanabs QPRLRX ERLGRG-LDE d r g,&onponent
25 of the paiLn_channel: an intg%go%ator, connecte t%g%ﬁeég%g%fiVélgﬁgfer,
n

n
for interpoTarthy FRRAT O0EFT e SRATETIREF T FEUAY ¢ rd $o¥ bthip whebanthe
cancel | i ngnegonadneare sabee aef ethe cdhfitetencés bHiewext eenal 1 5ReR- shgonel

30 generatgand@ngdst (! rating a broagdban out put by
subtract ing the %rggzbaigﬁggﬁﬁif%%n%&éi%§g§sg$éd%¥ T%%eﬁf%%a Epl: et iR

channel ; ® a°FBGE badRI FF19R7 1S conntibetrrblahby subrimized, for filtering the
br oadband output to get a | owfrequency output; 35 and the adaptive filter

al so bei ng connggted,t Jol=) | ow- frequency output. and said system
i ncludi ng fil te?‘?wei%h‘t?‘-‘g? %gg%’%%g‘l‘?ﬂﬁ%’égéﬁnf LB 9351 e o8y aven7

«PCTI | L98/ 0827 JPTeperes 1 g deakRPYbrcertaining ny tadgeedsfqha®r wei ght val ues
for the adepigygatihderrsomch ﬁbﬁéeﬁh§onéée£§n$§f}?%§mgﬁg%%fgre%?%s

Iom#fre?#enc outgut aﬁg the | owfrequency cance ‘
subst ant? aPT yIMAT S ettt OB HBLeFHer epce eFPeF ces ad sl 470T \ibeediaingi an
adaptive éutper reppesersingfantiegetpsigral espanseubstifEidPiy generating

the low fregyensy EADELLLLOGCSL INALRy, #0; Jhe system of claim 44, wherein
said adaptive filter conprises’ an |%¥|nl?%linpulse-response filter for io

generating the PROVEXTREIRNCH2LRANERAPRAY Geuemd Sor 4Fapdhke sySt eavefvihgi m
44, whereinighelfifien-o8e bt -more signal sources and for generating

15 therefrom a broadband main channel having a target signal
component and an interference component;

a low-frequency reference-channel matrix capable of
receiving signals from such input and for generating
therefrom low-frequency reference channels representing low-

20 frequency signals received in the directions other than the
direction of the target source;

an adaptive filter, having filter weights, connected to
the reference-channel matrix, for generating low-frequency
cancelling signals approximating the interference component

25 of the main channel;

an interpolator, connected to the adaptive filter, for
inteer;ating the low—frequency cancelling signals to
‘broadband cancelling signals;

a subtracter, connected to the external main-channel

30 generator and the interpolator, for generating a broadband
output by subtracting the broadband cancelling signals from
the broadband main channel;

a low-pass filter, connected to the subtracter, for
filtering the broadband output to get a low-frequency output;

35 and
the adaptive filter also being connected to receive the

low-frequency output and said system including filter-weight-
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updati ng neans uses the | east-nean-square algorithm 48. The system of

cl ai m 44,

sanpling U
converting

| ow-frequency reference-channel nmatrix; and 20 an output digital-to-anal og

converter,

out put to an

further conprising: a sensor array of spatially distributed

sensors,\gﬁﬁgwn%; for receiving the target signal and interferences; .a

onnected to receive signals fromthe sens&CTALPHIITE or
such signals to digital formand for sending themto the

connected to the subtracter, for converting the broadband

uaéqg. form 49 Tpg%s _ .
m crophones PS8 B BEHIS HGF 15t | Mydaternfad tesnwaiightgvaluear get

signal origfeatthe ddaphive figdterscurcte that thet aikereBressobbgiaaki pg.from

i nterferenceqgotkLfisefif J\{Hputpré?{y-’?ﬂég l%@_g%tee%tgg?%%%%ggéﬁgggt he target

signal with 30 substant] al

reduced I nterf t R&9BREHs

of : gener afFACEHPHr HiI e @shel from such input, the broadband
mai n chansel repsEsertiagysitgnaleE A ad ,f Lae-thg sgg&gghaégggge and
' t; . 35

having a ta i nent .and .an i.nterference conpone
ng%?%é%EQ%: nalgic éﬁ%ﬁ'ﬁqﬂﬁ}%gﬁﬁngéﬁée higker §@B5-band main

splitting t

channel s; - 99BeratCUBE RO WSHERTYERIYE c2G)ce\MDiBg/ 413RZ1BCT/ | L8/ 00179

generating one ofe MrehdrHafhancdd ehaligheq chanpgl

«feceived fr
reference c

representing signals
interference sources; . splitting sa|§ Sﬁgdo?gﬁBkéQS

ﬁg% 1 ORI Ghé b Hdme YeowdPuadse —agspensebLhaherr éber ence

channel s305ggeemrtinqdiond av- freemdrmecandd1hang ¢agaghking si gnal

appr oxi Mat i ng t hgy | ntqld &LANGE CRTRANER! 4N

sai d one or
filter; gendPRFIRF PVt -Hiehd eqstmeaby squbtraalgngithind

nore | ower
channel ;

15

20

25

30

35

tg hannel by
nore. | ower sub-band reference - 'cHATRELE FBPnglakeraupiohe-

sub- bead cEmeedystg YgnAlaS o KM he chavelonsuhzbagd mein

a sensor array of spatially distributed sensors, each
for receiving the target signal and interferences;

a sampling unit, connected to receive signals from the
sensor array, for converting such signals to digital form and
for sending them to the low-frequency reference-channel
matrix; and

an output digital-to-analog converter, connected to the
subtracter, for converting the broadband output to analog

form.

49. The system of claim 48, wherein the sensors are
nicrophones.

50. A method for processing an input containing a
target:signal originating from a target source and
interférences originating from interference sources and for
producing an output representing the target signal with
substantially reduced interferences, comprising the steps of:

generating a broadband main channel from such input, the
broadband main channel representing signals received from the
target source and having a target signal component and an
interference component;

splitting the broadband main channel into lower and
higher sub-band main channels;
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e min_¢c filtering
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reconstructing a broadband output by conbining the | ower sub-band out put
and t he upper sub-band main channel; and adaptively adjusting filter

wei ghts of the adaptive 15 filter so that the differences between the | ower
sub- bandvOf8dT™®2Zhannel and said one or nore | ower sub-bandpcancesdoh g
signals are substantially mnimzed. 51. The nethod of claimb50, wherein
the step of generating said one or nore | ower sub-band cancelling signals
20 uses a finite-inpul se-response filter. 52. The method of claim 50,
wherein the step of generating said one or nore | ower sub-band cancelling

signals uses agenhafahihg-onpubsemsesporseiddnd efer&enddiecHBhRfsof cl ai m
50, wherei f Pl pdating filter weights uses the
Ieast-nean?ggggféhégfgo?%?ﬂ%?§5%%¥gﬁgééué%?ﬂxﬁh)e?ﬁ%ﬁ?ﬁ%ﬁxs?ﬁﬁFﬁ%F

conpri sing the SBLaB51BF: SgéfepPRei oy nomatbmiaptiedrsi frafereseasohannedy Of

30 spati al iyitdi shei but REreenswes, afaCHpdOF é&ﬁ*ﬂéﬂ&“&éf&%éﬁ%ge%haﬁég al, and
interfergnces; agggkgg?nthe I nputs sighal and converting themto |8Ftal
ep O

form befdre the”Step-of "geRerart nhohe bt SR FHPTRANM anFrbl inadsitnast ep
of gener at PRYTOKEMAEiNGr bher batenfier &fce ef @iEsioentchia Nl S mand ERAMBELGI NY

t he broadbgpdseuipuYt nko I f e onbi ning step. - 29 -
SUBSTI TUTE_SHEET %E‘Jf Egga\/\%&@s%%%% P‘Eﬁé%ﬁﬁb%f? %%Ee‘i‘%’écﬁet hod of
.cl ai m 54, GRBPBEASt HE1BENSBr adaPkivei Eibtones. 56. A nethod for processing
an i nput contai gengraaing halgeérségﬂaﬁaﬁaiéuggﬂgrgyfgﬁnghégéggtsgggrce
dfto p

and inter ence s] [ frominterference sources an roducin
an outp&? Fggrggeﬁ??%ggkﬂ§£tggaééagégﬁ%Tc%&{*Pgsﬁﬂﬁﬂ%ﬁﬁi%ﬂ?? Faguteder °

i nt er f er en€88-PeBApPRINnghaneedteps of: generating a broadband main
channel, the breadbandraBtinglQ SPEARELnd S5 %}F‘Qz ' x?z'dé rege! ied Lrom
the tarQEtsﬁgggggd %G pg Vggg.ghgaﬁggérséurﬁgaég)m;qﬁﬁghgghe%p I%t Pr€Fence
! ; and
adaptively adjusting filter weights of the adaptive
15 filter so that the differences between the lower sub-band
main channel and said one or more lower sub-band cancelling
signals are substantially minimized.

51. The method of claim 50, wherein the step of

generating said one or more lower sub-band cancelling signals
20 uses a finite-impulse-response filter.

52. The method of claim 50, wherein the step of
generating said one or more lower sub-band cancelling signals
uses an infinite-impulse-response filter. '

53. The method of claim 50, wherein the step of

25 adaptively updating filter weights uses the least—mean-séuare
algorithm.
' 54? The method of claim 50, further comprising the
steps of:

generating input signals from a sensor array of

30 spatially distributed sensors, each for receiving the target
signal and interferences;

sampling the inputs signal and converting them to
digital form before the step of generating a broadband main
channel and the step of generating one or more broadband

35 reference channels; and

converting the broadband output to analog form after the
combining step.
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conponent; generating one or nore broadband reference channels
representing signals received frominterference sources; 15 filtering said
one or nore broadband reference channels to get one or nore | owfrequency
reference channel s;- generating one or nore | ow frequency cancelling.
signal s Spt6%t4fating the interference conponent in the na?ﬁﬂﬂhgﬂﬂﬂﬁ’ by
filtering said one or nore | ow frequency reference 20 channel s using an
adaptive filter; interpolating said one or nore | owfrequency cancelling
signal s to generate one or nore broadband cancelling signals; generating a
br oadband out put__by s btra%%b said gne or nore broadband cancelling
signal s from t her oddFafe f5 A mheredion fhensemsershane out put
t 0 gener at enixzdaphorfersaqu, ehcy out put; and adaptively updating filter

wei ghts of the adaptive filter so that the differences between the

| ow-frequency 30 output and said one or nore | owfrequency cancelling
signals are sulft-anty MERAR {3 REPcesEimhamdmpudt cbndladining6.a wher ei n

the step oftagpirerdignag @1e OmaWiey QW QUeREr caReell g si gnal s uses
afinite-i rriangesref-erres coenss%ljf |.ter.. 35 fg‘% The nmet hod of cl aim 56, -wherein
the step of " generating one DI 1 ASTSETEF SP5% SONTTESs idgkalE s es
an i nfinit eetodgudise rgs govigaitf itegpresentdthg @he RGHgEE SIGnaUCGEHHO111 F

. 9fi | VO 98/4723% RGFL ORI od -ai:m 56, wherein the
step of adapti v%jll%l u ldllg,lt?i n%r f iel%t elﬁ%m%:;@ﬁ%%és cﬁmggll%é’s A %%léan-sgc(fﬁf‘r &t
al gorithm 60. YWY & RHeadRI Hadm wdvannerdpr itdien droseibamds s of :
gener at i 1y dipute lsimgnalesdmame sieftadls afdanivela oA idld Yadialy idyied

sensors, eaé‘r{af I i\ b et sjignal, and the .i nterferences;
sanmpling the | nr%{ﬁmgglcgn\gasr}%é%%%clo%\(/aglr RGN 20 §yii et X6 R%ef or e

the step ofSYdERAetiing a br oadband nain
generating one or more broadband reference channels
representing signals received from interference sources;
15 filtering said one or more broadband reference channels
to get one or more low-frequency reference channels; .
generating one or more low-frequency cancelling signals
approximating the interference component in the main channel
by filtering said one or more low-frequency reference
20 channels using an adaptive filter;
interpolating said one or more low-frequency cancelling
signals to generate one or more broadband cancelling signals;
generating a broadband output by subtracting said one or
more broadband cancelling signals from the broadband main
25 channel; -
- filtering the broadband output to generate a low-
frequency output; and
adaptively updating filter weights of the adaptive
filter so that the differences between the low-frequency
30 output and said one or more low-frequency cancelling signals
are substantially minimized;
57. The method of claim 56, wherein the step of
generating one or more low-frequency cancelling signals uses
a finite-impulse-response filter.
3s 58. The method of claim 56, wherein the step of

generating one or more low-frequency cancelling signal uses
an infinite-impulse-response filter.

- 30 -

CHACTITIITE CUEET /Rt F 2R)



channel and the step of generating broadband reference channels; and
converting the broadband output to analog formafter the step of
generating a broadband out put. 15 61. The nmethod of claim®60, wherein the
sensors @e98/4TezY ophones. 62. A nethod for processing an i peghL&@aid Ning a
target signal originating froma target source and 20 interferences
originating frominterference sources and for producing an out put
representing the target signal with substantially reduced interferences,
conprising the steps of: generating a broadband mai n channel using an
external mai n- @vanndhegaethakionbs theaikr eggbandranhntgbagpsh 28

representi 1] Is f.r the. et _source and aving a target
si gnal cong%ﬁgﬁ?A§%§J5%%%%#é fgﬁé%%g Qgéﬁgé%eﬂ??sg H%rgf?ﬁﬁ'ﬂﬁ%nﬁFqﬂﬁF%

| ow f r equerfcyPefd¥ence channels from such input, said one or nore

| ow-f requency r efer emee &Qt@b@ﬂ&@'%1%§&rg%?n%h?ghé%988ﬁér£§§RéV€Q fromthe
interferqugxa%QQJ_es; generating one or nore | owfrequency c nce?ling
signal s appr5§|na'ing the interference conponent in the main channel by
filtering sai d @rhesatinge inprtf sdguensy frefheaesefsdb shaapebs using an
adapti ve fiddfia1 iRehad sal oL r ow-frequency, capcel | ing
signal s tové%neratgxa brgggﬁgﬁg %gﬁgg? rnsagﬁgﬁg%;rgcgig}ngu T SHEET
~{RULE 26) LErY SBETIteSL e ENFeSgener ati ng a br oadband out put by
SEbtraftin?_fhes#mqﬂdb@n¢h@aug@mgi@gﬁah?gshn&rgghgggtyﬁ aggg?dtgain

channel ; ] f.arjn e. br Q u 0 generate a Iow _frequency

out put ; lé)ncjingtngcf!éLp%C}\}% f%lf%%%t %ﬁ& Ts:%le ePTWErPRT At ORIt AcPEAABPRDE Mailter so
that the diFFEMcenbhdhgesterhetl generegiegcyroadband petlesahdeone or nore
| ow f r equershariGel ldnag signals are substantially m nimzed;, 63. The

met hod of clain1qg “QﬁTEiQ th% step of 1o generating one or nore

| ow f r equency c 59T 8% §%iFaPEogsband output to analog form after the

step of generating a broadband output.

15 61. The method of claim 60, wherein the sensors are
microphones.

62. A method for processing an input containing a
target signal originating from a target source and
20 interferences originating from interference sources and for
producing an output representing the target signal with
substantially reduced interferences, comprising the steps of:
generating a broadband main channel using an external
main-channel generator, the broadband main channel
25 representing a signal received from the target source ané
having a target signal component and an interference
compongnt;

generating one or more low-frequency reference channels

from such input, said one or more low-frequency reference

channels representing signals received from the interference
sources;

30

generating one or more low-frequency cancelling signals
approximating the interference component in the main channel

by filtering said one or more low-frequency reference
35 channels using an adaptive filter;

interpolating said one or more low-frequency cancelling
signals to generate a broadband cancelling signal;

- 31 -
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a finite-inmpul se-response filter. 64. The nmethod of claim 62, wherein the
step of generating one or nore | owfrequency cancelling signals uses an
infinite-inpul se-response filter. 15 65. The nethod of claim 62, wherein

t he stepwcg gquti vely updating filter weights uses the Iﬁgf/\rl,@gﬁ@{]fﬁsquare

al gorit h t he nean-square val ue of the differences e-1 ow
frequency out put and said one or nore | ow frequency cancelling signals are
substantially mnimzed. 20 66. The nethod of claim 62, further conprising
the steps of: generating input si gnal s froma sensor array of spatially

di stributed sens égerg,ﬁc,t%saer&oéaég ({lecl \‘/Jltngxéggsﬁ%gr?gghas%ﬂnal and

i nterferences; t he Si gn Emto
digital forh’?‘b@‘il@ﬁ@dt%@%% E %‘éﬂ@ﬂatﬁrr@gl the bowafibendemeyin chhenence

channel ; and congertéRghd h@@r&a@m&a@%&% t! @c288hegakar @ ahLer the step
of gener atlglg?a br oadband outg%% 30 67 e nmethod of claim®66, wherein

the sensors-aFE ST Er YpHRRES The system of claim 1, wherein the main
channel generat@dapS1ml£x¢1€dm1ngrBﬁJ‘ril:ﬁmalwmlghgenelfatﬁé adap9veThe system

of claim 68g;whereLld ther egﬁgr@ ggner ises a

shot - gun mc%o hone. - 32 Sl |%ﬁ§%&ﬁ%§&?’%ﬁ %ﬁ% Etog6)f%%\%35§f:3'7227

PCT/ | L98/ 003‘?§Pu'7oa“¢h%a§°}s‘?’é%%? BPERE hBE LrRseacy chacelidngalsignipis
«channel gen&fﬁt@ﬂb@ﬂﬂﬁtiseb};mﬂmmi@edﬁ crophone 71. The nmethod of claim
50, wherein the ep Sy bro mai n hannel uses an
external main- ﬁ%nne?lt‘gen%% ﬁf Eed‘P EP&i MEPP, Sfherein the
ext er nal 1AngRRCEAREHNG| Ofe ne¥ am@re u‘s@s-feremmnqyu namncerlapkngnelgﬁalsTheeget hod

of claim 713 Mﬂj_@énlﬁlb@]_gél@é ng@lﬁlgé} channel generator uses a dipole

m crophone. 74. g’he s¥stem glal m 1, wherein the adaptive filter further
conpri ses: he method of claim 62, wherein the step of

generating one or more low-frequency cancelling signals uses
an infinite-impulse-résponse filter.

15 65. The method of claim 62, wherein the step of
adaptively updating filter weights uses the least-mean-square
algorithm where the mean-square value of the differences
between the-low frequency output and said one or more low-
frequency cancelling signals are substantially minimized.

20 66. The method of claim 62, further comprising the
steps of:

generating input signals from a sensor array of
spatially distributed sensors, each sensor for receiving the
target signal and interferences;

25 sampling the input signals and converting them to
digital form before the step of generating the low-frequency
refergnce channel; and

converting the broadband output to analog form after the
step of generating a broadband output.

30 67. The method of claim 66, wherein the sensors are
microphones.

68. The system of claim 1, wherein the main channel
generator is an external main-channel generator.

3s 69. The system of claim 68, wherein the external main-
channel generator comprises a shot-gun microphone.
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wei ght constraining nmeans for truncating said new filter 15 weight val ues
to predeterm ned threshold val ues when each of the new filter weight

val ues exceeds the correspondi ng threshold value. 75. The system of claim
74, wher®PAR8ME7adaptive filter further conprises: 20 inhipoTaLogoaERNS,
connected to receive signals fromthe first splitter and the second
splitter, for estimating the power of the | ower sub-bands of the main
channel and the power of the | ower sub-bands of said one or nore reference
channel s and for generating an inhibit signal to said filter 25

wei ght - updat i ng”flean¥h@helShemopharilaén 8wewhdrefinr ehee extretrnaan malig.-l ower
sub- bands ohahhelngenechaspetonpdikha hoa@boléuﬂiééBgﬁoﬁE sai d one or more
one reference channel is positive. 76. The systemof ‘claim1, wherein
adaptive filter 30 further conprises: the weight constraining neans for
converting the @pdat&de herhed wéi ghtimabuogswherbiaquaBCYtepPLEsent ation

val ues, steuRsahifg hhBrba8HHBACKHALEP tj.on values .to redet er m ned
t hreshol d vslues J d co vertingﬁﬁagangﬁEE?ohggg 38a5FF$En?5IP€FnWeights.

77. The sySPeRPst gga?ﬁggﬁf°mherein the weight constraining neans
conprises: - 3372.SUBGE| efEoSHEET o RULE726) wMO-2844¢R27 «RELLHLS8LAQ179 @

Fast Fouri S i generating frequency representafion val ues
-of the upd§?2§5??|%§?g§§?gﬁt£§é ugsfgga§gﬁnoPl FepheRey bins, each

frequency bin féf-st6Rengethpd pEfeqgledvy7Llepwbeeratat the ¥akuesahonadn~

frequenay baadnélagshgﬁ&dofougaghafag?gggcxiggg'hgnget of truncating neans,
each connected to the corresponding frequency bin, for truncating the
frequency representation values stored in each frequency bin to a

predet er mi ned t AiteshBhed 9msuemibftbeaimequewﬁgrégﬁrgﬁgngagbggvgofxgkggs
exceed therhpegepobdnyalyesassoci ated with each frequency bin; and an

| nverse Fast Fourier Transformunit, connected to the
welght constraining means for truncating said new filter

15 weight values to predetermined threshold values when each of

the new filter weight values exceeds the corresponding
threshold value.
75. The system of claim 74, wherein the adaptive filter
further comprises:
20 inhibiting means, connected to receive signals from the

first splitter and the second splitter, for estimating the

power of the lower sub-bands of the main channel and the
power of the lower sub-bands of said one or more reference
channels and for generating an inhibit signal to said filter-
25 weight-updating means when a normalized power differencem.
between the lower sub-bands of the main channel and the lower

sub-bands of said one or more one reference channel is

positive.
76. The system of claim 1, wherein adaptive filter

30 further comprises:
the weight constraining means for converting the updated
filter weight values to frequency representation values,
truncating the frequency representation values to
predetermined threshold values,
35 adaptive filter weights.
77.

and converting them back to

The system of claim 76, wherein the weight
constraining means comprises:

—33_
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set of truncating nmeans, for converting values fromthe set of truncating
nmeans back to adaptive filter weights. 15 78. The system of claim 11,

wher ei n ybagadaptive filter further conprises: weight conlséf/g‘g? oo MEANS
for truncating said new filter weight values to predetern he hreshol d
val ues when each of 20 the new filter weight val ues exceeds the
correspondi ng threshold value. 79. The system of claim 78, wherein the
adaptive filter further conprises: inhibiting neans, connected to receive
signals fromth f I h condslltter for estimating
the power of t%e E%%\Xetﬁegﬁl?gagggﬁ Fg?ﬂ ‘snftn c%a%n%%)r%*ﬁﬁn?hgre%%?yof t he
| oner sub- FERFESENte&LianoNB lULSHBE ethef updaited Thiler! we bghit f valgeaer at i ng

an inhibit si gna:l set 9% dregughty Hﬂﬂatléﬂcﬁw@%&r%mr@ ﬁgrg g

di fference t 3 bands_ of the main chann % | ower
sub- bands é%*ee sal g%gyorge \rl\%en?iag?@?e?’%ﬁ‘é%sc%r%l LF¥QIPRRFY i hendgo. The

syst em of5 @sfiignet teherehnfzggpenee bihter furt her conprises: weight .

const r ai ni ng ”E%n%efto'beQB\'iﬁEE'tQHgt HSaHQd%& rﬁééé&ﬁ Y6 ght val ues to
fr equency r e r esent t.1 on val ues tr Unca 1 nNg r equency r ep?esent ation
val ues to - P@ﬂ%é?ﬁTG?Eq%%EEY {DRIBLEf%)tW%t;mzvh@cﬁrqmemmm

predet er mi rmbrtdﬂeeﬁ;hall@nvahmaes andre@nyRréadly £PEMOREK Hon . @QaQt' ve

Lilt o 80, , wh th
Toonstrai ni g e, Fieesibly faRuEL I ol et treTereRtation

gener at ity ‘farlé’cﬁfeﬁe‘feeéeﬁhes§mraﬁh@hdvaam@g afsotatediarethféhtrr wei ght
val ues; a s‘_&teq@:feri‘dyequmcxnhl ns, each frequency bin for storing the

frequency repre%g,‘n ?_ g. es for.a frequency band assigned to each
frequency bin; ase FFunggPFh‘@rn%’éﬁ%Sf%’é‘&h“’&’o%ne%‘?@éle?‘ée@h’éo the

cor r espondiS®F forfetfl}'élrﬁl@y!tbing, meenst r Gocatbnget fitnd redlLessyrrogpEgsegtat i on
val ues StOkﬁﬂthﬂnﬁ%&ﬁﬁ%rQ@Hﬁ@cﬁagkntgoaéaptive filter weights.

15
78. The system of claim 11, wherein the adaptive filter
further comprises: :
weight constraining means for truncating said new filter
weight values to predetermined threshold values when each of
20 the new filter weight values exceeds the corresponding

threshold wvalue.

79. The system of claim 78, wherein the adaptlve filter
further comprises:

inhibiting means, connected to receive signals from the
25 first splitter and the second splitter, for estimating tﬂé
power of the lower sub-bands of the main channel and the
power qf the lower sub-bands of said one or more reference
channels and for generating an inhibit signal to said weight
updating means when a normalized power difference between the
lower sub-bands of the main channel and the lower sub-bands
of said one or more one reference channel is positive.

80. The system of claim 11, wherein adaptive filter
further comprises:

30

weight constraining means for converting the updated

35 filter weight values to frequency representation values,

truncating the frequency representation values to
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predeterm ned threshold value if the frequency representation values
exceed the threshold val ue associated with each 15 frequency bin; and an

| nver se We/4Fdri er Transformunit, connected to the setpotatsswoest i ng
means, for converting values fromthe set of truncating nmeans back to
adaptive filter weights. 20 82. The system of claim 20, wherein the
adaptive filter further conprises: weight constraining neans for
truncating said updated filter weight values to predeterm ned threshold
val ues whenpPredefeshingd thueshdldi vabtuespi gl vohvest £x§eeHsmnt BEcR5+o
correspondi aaaphieshel de¥al Weighes. The system of claim 82, wherein the
adaptive filter _further conprises: iphibiting neans, connected to receive
signal's from the®ltirEhe BRSpERsOf| FLREMBQ, tWRexetnNtheé ovepalss filter, for
30 esti nmati egnsheapoisy méahhecbaprisegtiency output and the power of the

| ow-frequency refe e apel for enerating an inhibit signal to
sai d filter-meig%t?gg a??ﬁggggegﬁggg 3 agﬁﬁ? ??z%%“%ﬁ%%%“ﬂi??égéﬁbéy '
bet ween t he 'PERESEREQLEABY VBLREEt ofinthe hepdaved r 2ijlieac ywe gL ensBueRannel s

is 35 positive. a84etThe sysfaBhe{, shatm [ ive filter.
further con¥§is%§: - 35 - SU%%TIT%TE,SHEETQ%%Xf%§§%€n€gf§£?4%3575 oring
PCT/ 1L98/ 00175 “WeGRT“¥ohSPFSPRPHETHERNS2 HéPS chrwer t fgTeeRcYpbanad filter
«yei ght val uesstentregaoenaghr Epegeentat bbm; val ues, truncating the frequency

representati on val ( i hreshol d val ues, and convertin
D Ran oo, St v FEFSRCELE AP AR s, TGRS 1T

them back to_ 5 adaRtLve filter wergl

wher ei n t he SREFGRPONESAGt FEPAPRRCHeRAB, cOPPrisescating Faseé Foshency

Transfor m umebreeengantont vagubbegueney ik ePi&septali cgaﬁHSSEQf the
ins, c

updated fil Laht I . .10 a set of frequency ea f?equency
bin for stoF?ES@?hgﬁgPéaugﬁgsspgg?eggﬁY%tf%ht@%lﬁ%%q$%Wcé.¥?E§%§ﬁ@9abénd

assi gned tOV@&BHSfpgqgg Cyhgihpreshold value associated with each
15 frequency bin; and
an Inverse Fast Fourier Transform unit, connected to the.
set of truncating means, for converting values from the set
of truncating means back to adaptive filter weights.

20 82. The system of claim 20, wherein the adaptive filter
further comprises:
weight constraining means for truncating said updated
filter weight values to predetermined threshold values when
each of the updated filter weight values exceeds the
25 corresponding threshold value.

83. The system of claim 82, wherein the adaptive filter
further comprises:
.inhibiting means, connected to receive signals from the
first low-pass filter and the second low-pass filter, for
30 estimating the power of the low~frequency output and the
power of the low-frequency reference channels and for
generating an inhibit signal to said filter-weight-updating
means when a normalized power difference between the low-
frequency output and the low-
35 positive.
84.

frequency reference channels is

The system of claim 20, wherein adaptive filter
further comprises:

- 35 -~
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a set of truncating neans, each connected to the corresponding frequency
bin, for truncating the frequency 15 representation values stored in each
frequency bin to a predeterm ned threshold value if the frequency
representation values exceed the threshold val ue associated with each

f requendyOB¥/#722nd an | nverse Fast Fourier Transform unit, PEEH8EPEE to t he
20 set of truncating neans, for converting values fromthe set of
truncati ng means back to adaptive filter weights. 86. The system of claim
30, wherein the adaptive filter further conprises: 25 weight constraining

means for truncathg sai d ﬁgdated filter meight val yes to predeterm ned
threshol d val ue¥StAES CSRERTRF-ERE BF3ACe§OFi FPBVRELGA: thel YBdateEeeds t he

cor r espondifig telr vehight vallues 89. fThquepsyerepteskaication wheuesn the
adapti Ve fidifcacdOal Whenel cARRGS 28 bONRRLY B UEANS, ggnnected to
receive signals fromthe first |OMFpgSS Itef an 1€ second | ow pass
filter, foPredeterginsg thEesbRer JR1vRE | 8Rdf Fonyertyneutben hagkt ke
power of st keéaptdsier €queeey wiedipltence channel s and for 35 generating an

et 1o anc e e YRS gAY " UpeRR pHi Ry
/0111 C 7MOADSSZRATIPYG PERNS GRNGTLEes:frequency output and the

| ow-requency T ef ¢ueReotaRIChe ans £ S bli (€ £035 gahREaBY AT ARuELALM 30,
wherein adaptive filter further conprises: 5 weight constraining neans for

conver ti ng 1R STFEAEEd O VRtEL SWeTg by Pdatefo Thildste ey oh&pvadirsdt i on
val ues, 1aruncat sgtt o ffreguency bamses enlcht iftequaindgs Hia fRredebesgned

t hreshol d | i b to .adaptive filter weights. 10
89, The systommor Ll e B e Sas e s o osr SAG InARe

conpri ses: SN EP PACPTERRIUGNAYURINif or generating frequency
representation \salseas oFf tirhedapdaicechdanst el 08 MRS ito the

corresponding frequenéy bin, for truncating the frequency
15 representation values stored in each frequency bin to a
predetermined threshold value if the frequency representation .
values exceed the threshold value associated with each
frequency bin; and
an Inverse Fast Fourier Transform unit, connected to the
20 set of truncating means, for converting values from the set
of truncating means back to adaptive filter weights.

86. The system of claim 30, wherein the adaptive filter
further comprises:

25 weight constraining means for truncating said updatéd
filter weight values to predetermined threshold values when
each pf the updated filter welght values exceeds the
corresponding threshold value.

87. The system of claim 86, wherein the adaptive filter
30 further comprises:

inhibiting means, connected to receive signals from the
first low-pass filter and the second low-pass filter, for
estimating the power of the low-frequency output and the
power of the low-frequency reference channels and for
35 generating an inhibit signal to said filter—weight—updaﬁing

means when a normalized power difference between the low-

~rim eI ITE crirr DL E 2R)



a set of frequency bins, each frequency bin for storing 15 the frequency
representation values for a frequency band assigned to each frequency bin;
a set of truncating nmeans, each connected to the corresponding frequency

bi n, f or wig ssAmad+ ng the frequency representation val ues sbphfflgideRAch
frequency bin to a 20 predeterm ned threshold value if the frequency

representation values exceed the threshold value associated with each
frequency bin; and an Inverse Fast Fourier Transformunit, connected to the
set of truncating neans, for converting values fromthe set 25 of

truncati ng fresnseimc loutpurdapid taef ilower regughty. r8@erdheesyahaALeE ghai m
36, wherei n,dhe adaptive filter further conprises: weight constraining
means for truncating said updated 30 filter weight values to predeterm ned
t hreshol d val uesB&herfhe£NFtEM e Algda Q. f wherrinenrghptivkuédlerreeds t he
cor r espondi gty e sdwnpgt \eddte. 91. The system of claim 90, wherein the
adaptive gi |ter further car rises: 35 inhibiti ngemeans, connected to

recei ve signal s 156 7 WS M90S, L8R d SPRECF &wFr EfGeRBgated
r ef er ence- chiltter weeght atadues do dstdquenicyy rebeepeneatabnt ra1bhesadband

main - 37 - SURSH G R rSHEER RIE %%??r\ége %/aﬁ%gjvgg%%largg/g 00179 channel

and the power of the. broadband refe ce channel's and enerating an
<inhibit siPEFITEEIRES i HhGsShRdidyMalugsdarindg crRaRS tihen themobaski zed
power diff excdaeei bet fekrer heeidips frequency out put and the | ow frequency

r ef erencg, chann I jtiv 2.. The system,of claim,36, wherein

adapt i vef?i | ter eé?urfmaér sggs'rirj'peﬁ sogfs:(_:gj\ﬁelimg%t% 'c S??Irﬁ%innitﬁ& WedAEYf or
converting $PRSERRILRIRE Mednercomrnjistescal ues to frequency representation
val ues, 1o truncagisg Fdierfdreauaer ePhesenteatd t rmned
t hreshol d val ues, and converti‘%g t hem back to gdggp:é\%é%%?ﬁt gr"%&gggf%?s 93.
The system bTPTTATATIZ OMNEHIST (He Wi gipdated filter weight values;

a set of frequency bins, each frequency bin for storing
15 the frequency representation values for a frequency band
assigned to each frequency bin;

a set of truncating means, each connected to the
corresponding frequency bin, for truncating the frequency
representation values stored in each frequency bin to a

20 predetermined threshold value if the frequency representation
values exceed the threshold value associated with each
frequency bin; and

an Inverse Fast Fourier Transform unit, connected to the
set of truncating means, for converting values from the set

25 of truncating means back to adaptive filter weights.

?9. The system of claim 36, wherein the adaptive filter
further comprises:
weight constraining means for truncating said updated
30 filter weight values to predetermined threshold values when
each of the updated filter weight values exceeds the
corresponding threshold value.
91. The system of claim 90, wherein the adaptive filter
further comprises:
35 inhibiting means, connected to receive signals from the
low-pass filter and the low-frequency reference-channel

generator, for estimating the power of the broadband main

- 37 -

SUBSTITUTE SHEET (RULE 26)



constrai ning neans conprises: 15 a Fast Fourier Transformunit for
generatin% frequency representation values of the updated filter weight

val ues; WO frequency bins, each frequency bin for stR§FTHGS0QIAR
frequency representation values for a frequency band assigned to each
frequency bin; 20 a set of truncating neans, each connected to the
correspondi ng frequency bin, for truncating the frequency representation
val ues stored in_each %requencg bin to a predeternined threshold value if
the frequefiB§PPEHr BBENEEEI BAVET aPheP & xR Rane Mstaenissce Fhra@edss acidat ed
with each 26rfgegeeatyndi an andikit|sigsle toasdaifdowiilalerFuaiighe-m unit,
connect ed S cat ANy C | ng _val ues fromthe
set of trf)1 3%??38 ﬁ%gﬁ% ‘gg%ﬁ ?ohgg%lg?l ve fplfﬂq{eerr %vr%e\é%eltﬁesn% eS%e%‘X.eefhg"h?ystem
of cl ai m 44°¥FRERENANEYcCRBRPEI 984S F¢ ekowffiadwenayo mefiesencensinginnels
constrai Bi g peansifer truncating said updated filter weight values to
predeterm ned tQreshgld values en,_each of the updated filter weight

val ues exceeds p%é SEhgo? %§%8n§?nﬁl?ﬁ9e ol "I 8FQ e 2999 T Iee Tdideadm of

cl ai m 94, ¥hetben chapadapsive filter further conprises: - 38 - SUBSTI TUTE

SHEET (RULE 26) weight constraining means for converting the updated
filter weight values to frequency representation values,
10 truncating the frequency representation values to

predeternined threshold values, and converting them back to
adaptive filter weights.

-

93. The system oﬁ claim 92, wherein the weight
constraining means comprises:

1s a Fast Fourier Transform unit for generating frequency
representation values of the updated filter weight values;

a set of frequency bins, each frequency bin for storing
the frequency representation values for a frequency band
assigned to each frequency bin;

20 a set of truncating means, each connected to the
corresponding frequéncy bin, for truncating the frequency
representation values stored in each frequency bin to a
predetermined threshold value if the frequency representation
values exceed the threshold value assodiated with each

25 frequency bin; and

an Inverse Fast Fourier Transform unit, connected to the
set of truncating means, for converting values from the set
of truqcating means back to adaptive filter weights.

30 94. The system of claim 44, wherein the adaptive filter
further comprises:

weight constraining means for truncating said updated
filter weight values to predetermined threshold values when
each of the updated filter weight values exceeds the
35 corresponding threshold value.

95. The system of claim 94, wherein the adaptive filter
further comprises:
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