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1 F METHODS AND APPARATUS FOR MEASURI NG S @l 43!
LEVEL AND DELAY AT MULTI PLE SENSORS

BACKGROUND The present invention relates to signal processing, japd’¢
nore particularly to the nmeasurenent of ignal levels and tinme delays at
mul tipl e signal sensors. In many signal processing applications, it

is desirable to detern nprtRODY AND/APBARATUSWWOR MEASURING e si gnal

sensors w th respect g ApélmmnmmYmmmmmsom in the
context of hands-free nobile tel ephony, dual m crophones ‘

conbi nation with beanform ng nmethods to reduce the eff q‘mS-SHEEl K

noi se and echoes in an autonpbil e. T%%K@%g'ﬁrﬁornati an regp,E\_?iiM'é

relative sensitivities of the mcrop espect li-o—d ET en
acoustic sources i Thepedentiinventivanglhtes tot sigrhbpcasing adndahoteqrntiutarhyr o the

particul ar user and/or to,forma spat.ial, notch i nst .anot her user or a

| oudspeaker . fasurementafsigpaley &H‘?E@el‘iﬁ‘gﬁ ﬂﬂgﬁﬁﬁ SIERGERAF-on wi t h

respect to mcrophepg.g @?u%liﬁfbééésiﬁfa%ilic&iﬂnk’, e Blesiesbié & @torniihd teteRtive
r

Figure 1 depicts a prior 4a system 100 for neasuring the relative
sensi tiviti es sersitivity of mwitiphotsigraksensars, wiith sespeqt tq @ pasticplar signalsopres) E®ur ces

I n the context_of .hands- free ' e Il

system 100 i nc?f‘%%lg’ gdﬁ%f: rcgrtltg'% Cr op%lusgfrﬁl;ée %ﬁ@&qg%g%@ghg%ﬂg?rghﬁ%eg c%:gée %gér?
adaptive filtef cdibinatich @ith bearhfogmitg\erbods 46 redace thateffatts pf backistdupd aloisehe
first mcrophone 115 i s coupled_ to_a posifive i.nput qf. the summ ng device
140, and anpo&Pﬁ!)G‘Eh‘V? {k o G‘thfnﬁgﬂeseg&‘?g St E’f%%‘ﬁ&egfg‘qgs&% Béﬁtlweed '? 0 an

i nput of the @g&mvjit‘{% dfithd ﬁficr&élﬁmeﬁ’@!_itﬁ%s?éﬂt to' tigfefehfl KoouStic d0ufces dafdeldY for

filter 135 is coupled to a negative input of the sunmm ng device 140, and an

out put e(k) ofexatplestonforme spatialcieamaowird a pasiiculas userfandfon e form gpatial o t he

adaptive filter 135.. As s i ' e+ ' .
posi ti oned nedP¥ a§a'flftr%“fnb§53?°(f eotg%%‘?dsg%geé h%&ég@gﬁé&%&fé&%%%sﬁ%hﬁ%@éc
posi tioned neafiformaichORidn eespedite enidrdphonE eensitiviayrbt guicklyeanfliacauratelycotsgihedhe
115 can be a hands-free m crophone attacheﬁqot ba sun, visor . situated.nearer

a driver of an aut &igs¢ ILelepictiR PHY LLESKH BBEng 3¢ relative Senstpifiss, i

m crophone wi tol?idﬂalarﬁﬁ%i:ihbﬁesu\mtﬁ @pl A EfreRAALIBRal SoRESSA MILEordkt b Bands-
autonobile. Al'though 1t° 1's not shown in Figure 1, those skilled in the art
wi || appr eci atfesetrheltileateleploanypr As phrosme $asi pripr artcbysterl 10 inddudes ¢ il conver si on
circuitry can be | E%lleggﬁg ﬁa{eccgn%emﬁ%pﬁgﬁe HS, %ﬁ‘ﬁﬁhpﬁte hﬂ@r {er ﬁfd f‘ﬁgmﬁﬁ&ond

m cr ophones 1 f&crop a
device 140. An output y,(k) of the first microphone 115 is coupled to a positive input

of the summing device 140, and an output y,(k) of the second microphone 125 is
coupled to an input of the adaptive filter 135. An output ¥,(k) of the adaptive filter
135 is coupled to a negative input of the summing device 140, and an output e(k) of
the summing device 140 is used as a feedback signal to the adaptive ﬁl-ter. 135.

As shown, the first microphone 115 is positioned nearer a first source 110,
and the second microphone 125 is positioned nearer a second source 120. For
example, the first microphone 115 can be a hands-free microphone attached to a sun
visor situated nearer a driver of an automobile, and the second microphone 125 can
be a built-in microphone within a mobile unit attached nearer a passenger in the
automobile. Although it is not shown in Figure 1, those skilled in the art will

appreciate that analog pre-processing and analog-to-digital conversion circuitry can be

inciuded at the output of each of the first and second microphones 115, 125 so that
-
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2 digital signals are processed by the adaptive filter 135 and the sunmm ng
devi ce 140. The output e(k) of the summ ng device 140 represents the

di fference between the output vy, (k) of *the first nicrophone 115 and the
out put , (k) of the adaptive fllter 135 and is referred to herein as an
error si gnal . In operation, filte2 coefficients of the adaptive
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si gnal eff ect sandrie aéfeded’o ﬁé}gngbhﬁleﬁe}-s ar atlon of the m crophones 115,
125. For exanple, when the passenger. eaki ng, his or her voice wll

reach the first ni dRdipeEfen, ﬁlsrmf@mem; Of Pﬁi@rﬁlﬁ' 13p are adjusted vsieg 8econd

m crophone 12 t he
first m croph?fﬁ?%&?g&a%ﬁzsg%%ggegpge %at egaas conpar e?ﬁsé%?ﬂ‘é& gvel
recei ved at t hthe adaptive filtec i 3 iscadpsted Suchilthatsthe btmpuaﬂ@tof dee ddaptier filt&5135s

adjusted to provide sim del and attenua n effec As a
result, the ref&t F@’ée?ﬁﬁ%sa%!ﬁ tgfaé’n ﬁﬁzﬂ"fp&hylg(é qfthe firstr ophones
Wi th respect tficeshBndI$6s. Tads, bﬁe&ﬁbﬁw mt&cnba&&dp@eo hi%aelctﬁefsi‘ghﬁlafec& of
the adaptive filter 135 as described, for exanple, in Y.T. Chan, J.M Riley

and J.B. Pl antcreatd %WW@W@@%@M@@MU% i12e der &Wﬁd whei on
d | det |
r ocessi ng, vore Piirgen 130 PeATRAT & ker W81cE S il e ARERIGORUR1IST

entirety by redighdytater thiaeit dhﬂaehchnneageomn‘ mick’aphems IEmaﬂd the @trespdndmgomever :
Is that its performance deteri.orate an| he presence of
backgr ound n0|ss5’€'3‘:Iil ﬁeggluqegewqdﬁé ‘@%/é‘isgi’ﬁ%‘?? 6%1%‘”%1 i"’s FWhat aftenuated nost

practical appliscahipara; to\mereeel%&weﬁla@aiatse&ﬁal&ﬂmaﬂ&umen(lﬁ ale,acrége% and
traffic noise) is Commonplace. Thus, there is a need for i mpr oved hods

and appar at us filter 138 ds edjhsied mepravxdwnmagﬁday prd/atteguation effents. del ays at
mul tiple sensors.

The present inventi onz’1 fes}llft’i ﬁhlesrel?tlll %seel ae%dcs?gW %: #ﬁhé %Qe/'gr gho[%;s

providing a sysitlerespect ¢ eah e danedd chlchlaed based omnthe degificiests of kﬁﬂdapﬁ& used
in conmbination_to rowde atea S s of g ,vels
and tinme del ayfél ef J ﬁmdfesf gcﬁ%r examp 'P Eh L.H\qal{eley andfh r2’?‘ant

parameter <_:stunat10n approach to time delay estimation and signal detection”, IEEE

Transactions on Acoustics, Speech and Signal Processing, vol. ASSP-28, Feb. 1980,
which is incorporated herein in its entirety by reference. One disadvantage of the
system of Figure 1, however, is that its performance deteriorates significantly in the
presence of background noise. As a result, the system of Figure 1 is not useful in
most practical applications, where significant background noise (e.g., road and traffic
noise) is commonplace. Thus, there is a need for improved methods and apparatus

for measuring relative signal levels and time delays at multiple sensors.

SUMMARY OF THE INVENTION

The present invention fulfills the above-described and other needs by providing

a system in which a fixed filter and an adaptive filter are used in combination to

provide accurate and robust estimates of signal levels and time delays for multiple



3 sénsors. In exenplary embodiments, the fixed filter includes at |east one
rel atively narrow passband which is used to distinguish signal sources of
interest from broad- band background noise. In the enbodi ments, the fixed
filter is coupled to a reference sensor and the adaptive filter is coupled
to a secondary sensor. An error signal dérived fromthe out puts of the
fixed filter agefsdréie netiplag ehibotimeniss thesfad tfiken tticlusies itllhasebncceﬁti\qel)n ents

f the adapt Filt i taple | east t Th
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conmput e esti M55 vabkdrbiidticiR. A8l tBY eRBSHimeAs! thy BxbLHREr YR td & fefbrdhce

sensors. The estl mategg can then be used to nmke deci si ons regardlna? sensor
sel ection and doasmfandnhq'@aptlve filter is gouplesitol 25cONdAYCENIAEN AR CTTPRSIZ

functionality cP @?‘é’ﬁé@% u% M@k& ﬂft&danﬁ"t%@a@ﬁn ﬁité{.ll%l ok g@itg{ecwhi ch

I ndi cat es when Interest I's presen he ac tor,
accumul at ed enfltgg\coefficicas afdhpiadaptivé filttreaccording aopanitablerlenst-squaresgigarithah.

| east val ue derived fromt{@ oef fl mer&e‘i STjﬂthe i xed filter. Wen the
accunul at ed enBiegpeflicientsp Fﬁ"ﬁ‘g pataptye et e WP QMY ¢ hat
there is no S'Q%té’fofkﬂ%tﬁﬁ@aéx faﬁ‘éﬁéﬁuvéllevﬁl betREdnythD 86 SEiRoRY THY &timates
present), the tine delay and relative | evel estimates are set to

appropriate vatagdhen be mdu@ maise derisionsregarding senspr selgctioy andheamifermiagy i ng
ds wh |
periods where no S'Iﬁ%ﬁ xﬂt%gnﬁ 2ats, A€ ﬁfﬁrcﬁétﬁﬂ#p?fotg% &rstefﬂn f&ssalgﬁieﬁfeﬂt@&

enbodi nents, nore t Sersors are e
enbodi nent s, Oﬁﬂhiﬂlﬁ&MtyI&tdct(ﬁaﬂﬂda aicates whar amslgna:lmﬁantereansl po-eml da tho a

flxedfllter whi | e each of th tﬁﬁgdltlonal nsorils cou eg &1
adapt i ve filt eActivitpdetegion, asenmylated snergy psthe adaptive filtgr is£o det ¥Fed from

the outputs ofedyB8ed k&ﬁ@l,aideldeﬁbe@ﬂamtth@csaﬁeleapeﬂdlerfsmam@; i venepithé er is
used to update he coefficients of the correspondi ng adaptive filter. Thus,
robust esti natassumflatedeneigyds sraalley thasdhe expecied efalgc,gméqcam\ﬁéat there\ig8a t he

Cophi st cat co HEE O BRESL AR G By FARPlou APl RO} e (Pfhctay opa

beanf orm ng. relative l@eh&tlﬂiakeﬁ ard §et tpamuepriatd Vahmstto en‘supaf propetespesation of the
conputationally sinp et acgurate and ro us{ nmet hod for estl mating the

time del ays arﬁi’sﬁeﬁl %MCP rigg gAQds| wheEs 0 signals, Pt IpRrest BERIBYRE The t eachi ngs

of the invention arg RARfiohAdMERdinenss, ‘Mdi'@diéﬁrdvsfs% nflf sefidof e RIPIGHRESI1AY

contexts. For exanple, in addition to the hands-free nobile tel éphony

appl i cati on des;rch iebbddiateotse one $eastrris eatedas esfergece sensor And copied oz Bkest | ¢

appl i cations sy tel ec er I t tion

i's applicabl e err 3’3‘?18 each &%e ac?d’%nrlg Sen'glgrg id &o%B@h td an taHﬂm% ikl FBPX%H
additional sensor, an error signal derived from the outputs of the fixed filter and the

corresponding adaptive filter is used to update the coefficients of the corresponding
adaptive filter. Thus, robust estimates of the time delay and relative signal level
between the reference sensor and each additional sensor can be computed, and
sophisticated decisions can be made with respect sensor selection and beamforming.
Generally, the present invention provides a computationally simple yet accurate
and robust method for estimating the time delays and relative signal levels at multiple
sensors. The teachings of the invention are applicable in a wide variety of signal
processing contexts. For example, in addition to the hands-free mobile telephony
application described above, the invention may be used for other acoustic applications

such as teleconferencing. Additionally, the present invention is applicable in radio



comfuni cati on appl i cations where the si gnhals of interest are

radi o-frequency transmssions (e.g., fromnobile units and/or base stations
In a cellular radio system) and the sensors are radi o-frequency-sensitive
antenna el ements. These and other featuges and benefits of the present

i nvention are explained hereinafter with reference to the illustrative
exanpl es showontimidication apptizatigrsnohetl theisipmals of interest are radio-frequency BRI EF
DESCRI PTI ON OF THE, DRAW NGS . Fiqure epicts the prjor art signal
level and del M&é‘&%\/\{%ﬁt @%P@Wﬂ%’gfﬁn é’&q’ﬁ%o’\?é‘.ms ma&ﬂu%rda‘ﬁag “’E‘Regi cts
a signal | evelapangl gakety afCRAAY-RERBACYSHANIOM R elétieRd. IThedCawT sBCe Wi th
the present invention. Figure 3 depicts relative signal _ |evels and
time del ays offeaturss and henefityief the prageniinveation are gnplained hergingtter with referepegir e 4
depicts an al ter l;'hgga}_gm ﬁﬁ’ﬂ' EE;e ystem construct ed
I n accordance @m#ﬁ?ﬁ@ﬁe prese g%ﬁ%&%gﬁé Q&OEE %%‘E}ié‘gg depi cts magni t ude
and phase responses of an exenplary signal filter whi ch can be enployed in

t he exenpl ary systens of Fi | epi cts exenpl ary
speech and noi se signals wﬁﬁﬁi@ﬁﬁeg _ peration of _
exenpl ary enbodi Merg;surefl depRithe PR art BigRAIERD and delay mleﬁduﬁéiﬁéﬁt dysi@ni ct's

signal level and delay estinmates generated by an exenpl ary enbodi ment of
t he present i rdessritiedabovesed on the signals of Figure 6.

DETAI LED DESCRI PTI OF ,THE. - ' el Sont :-ﬁ&'? and
del ay neasur enent 3&‘8%%6%5% tjﬁ(ﬁeleﬁn(il %el%};@g#g%ﬁégp&g{c? ‘fs%e eackll ngs
of the presentactérdeteeiwith thApresbmvinventibe syst em 200 includes a first sensor
215, a second sensqQr 225, a.fixed FIR filter 230, adaptive FIR filter
235  and a surm ng JRgitES depists seatisn Rl el o e SHasPInE T Sizpals et 5
i's coupled to @Ry 1 nsége fixed filter 230, and an output y[err] (k) of
the fixed filter 230°1s coupled to a positive input of the summi ng device
240. An out put y[ erFigyrk ¢ depictshan dtereateisiganh deyel a@slelay meagplemgnt system i nput  of
the adaptive filter 235 and 4 of the adaptive filter 235
I's coupled to cgnﬁtgﬁﬁ%i \Vea%?oﬁ%%}@eg#ﬁ]t%éep}s%eﬁr{rtﬁl%v(ge 2Vi ce 240.

5 An error signal eifgre\Shdepitts magnitufieltndophaisdr eesporses oftancexempiary dignalfilfeed

back to the adaptive filter 235. .
which can be employed in the exemplary systems of Figures 2 and 4.
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Figure 6 depicts exemplary speech and noise signals which are used to-
demonstraté operation of exemplary embodiments of the present invention.
Figure 7 depicts signal level and delay estimates generated by an exemplary

embodiment of the present invention based on the signals of Figure 6.

DETAILED DESCRIPTION OF THE INVENTION

Figure 2 depicts a level and delay measurement system 200 constructed in
accordance with the teachings of the present invention. As shown, the system 200
includes a first sensor 215, a second sensor 225, a fixed FIR filter 230, an adaptive
FIR filter 235 and a summing device 240. An output y,(k) of the first sensor 215 is
coupled to an input of the fixed filter 230, and an output yg(k) of the fixed filter 230
is coupled to a positive input of the summing device 240. An output y,(k) of the
second sensor 225 is coupled to an input of the adaptive filter 235 and an output y(k)

of the adaptive filter 235 is coupled to a negative input of the summing device 240.



As shown, the first sensor 215 is positioned nearer a first signal source
210, and the second sensor 225 is positioned nearer a second signal source
220. For example, the first sensor 215!can be a hands-free m crophone
attached to a sun visor situated nearer g driver of an autonobile, and the
second sensore&%S can, be a built-in mcrophone within a nobile unit
attached near e &TRE 810 £6F) Which fsoutpt 3)?15115 fummipg @%Yl%%ﬂﬁl@d bagketorthe st and
second sensor Sadddive Ridk 233 be antenna el ements positioned nearer first and
second radi o-frequency signal sources, respectively. A though it is not
shown in Figure 2, Ahshowngkhe firstisensor(215 ispositided neapm@ﬁrsasngnalrmu:carﬂnog

o process: Mg BAShPSckd 15k bl Bk T € b Sl 2 DaB 0o

di gi tal signal&xampl, MieOBRE seasbrRIStdan bk iataddd-fréd RicrephOne sthed it kubvisod t er
235 and the surrm@& devi ce 240. The flxed filter 230 is _designed to

i ncl ude at | esiPated@eater & driver of anAufampble.cand the srgont sensprdlaan beg bwledny) e,
in the nobile ASShddendr 300- 600
Hz frequency b%%gﬁaﬁ%m}@%qn%%deoﬁmtphe ener gy&%’baﬁ@%eﬁ%:ggie%g%%&?éﬂiﬁ
concentrat ed. Alerpativelyi, shecfirstrand segoidosensqrp 1% 226 omm baaq;tameiemchts:an

ooy caber he RsEPRRLhaRD s SENEh fioffidhdic) g Heel AR, °00
necessary to cAeghasis nooshowindrigure 12, diist skibdd ianhe g will appretiateathat

environmental copditions. For exanple, jpn a hands-free nobi] e, tel éphone
appl i cation, t3M@lo8iBrERracrist ingrand apalogo-digitalonyession circuityy, C3pbe ingliged at the

si gnal -t 0- noi St ol LadhOsf the mrtfah& uéc%¥1d SHsEE2R5 | B §8%ﬁ? d;afjié Siknals are

Furthernore, the coefficients of the [ter 230 can be ] ]
dynamni cal | y, fpyecessedriyl the |fne®létietnwéh¢l@ adppiiventiltes 332 dnd Ihgrsummiog devise 24Qit i o.

According to the invent] t es| to _provide
unity gain and zer?ﬁﬁ?g(segr}}lﬁrgg §§g‘%ﬂl4ﬁ’ J;l%\(fd:9 l+a(§$1<g &P@glg nr%ngrepaé%I n of
the fixed fil t!ﬁhd%@%te:&stmﬁmraxmﬁlel mméekﬁibuétbl@nsmyeommpésssoh@cpchﬁnd
attenuation. As described in nore detail below the prior informtion

provi ded by t rrorrespead te fhe 3G0- @ﬁd{{ frequency band B WhishTRRR) Of e GReTEy Of Fiman

si gnal s out put axg'@oﬁdefft‘?ﬁe& i £tadio’ QdminSnitiRed aIa;Sh tﬁh@s—%ﬁ(ﬂ% robust
agai nst backgr und nol se 6
| n operation, doriespond doefthndwidth alloodted For radiaffiteiquency iransmmissA86. dneanydiasest ed

using a suita St-s r & cht t the err i gnal K) is
m nim zed and%ﬁ&%éaffﬂﬁ?ts gﬁ@‘ ot?ﬁ‘%tﬁig{/ ?%Ic b ?‘ldé“s aaatnrecegsaﬂ ?“{ 8‘?‘“ ale Sé
cl ose as possidhbpes Gn bRicatidiPrequirdoidnty drkonvRbnrhdi@l icbadidodsi | Farexddple, é@a
described below, the relative tine delay and S|?nal attenuation at the

first and secdiad %@’ﬁ"sﬁ#"?ll?P!P,PhQ%aRWFWOPeg‘ﬁé-E‘Fd Befegtpn‘:aé‘dl&‘rs@étoz%m%?o are
cal cul at ed basgd;iy $H81-6PRS d§a ﬁhﬁ%xsa Bzim&ﬁ% ﬁ%%hé!%sidﬂ%%‘rf Ry éyﬁ rd he

prior information associate he" fixed filter 230 not
explicitly shdbscoafficients of the filter 230 can be adjusted dynamically, for example in

dependence upon measured signal-to-noise ratio.

According to the invention, the fixed filter 230 is designed to provide unity
gain and zero phase in each passband. Additionally, the noise gain of the fixed filter
230 is minimized in order to ensure maximal stop-band attenuation. As described in

| more detail below, the prior information provided by the fixed filter 230 (i.e., the |
narrowband nature of the signals output by the fixed filter 230) is used to make tie

system robust against background noise.



Fi gUre 2, those skilled in the art will appreciate that. an appropriate
digital signal processor can be integrated with the system 200 to perform
t he | east - squares update of the adapti've filter 235 and to conpute the tine
del ay and signal |evel estimates. In order to clarify the operation
of the system 200 of Figure 2, a rigorous nmathematical analysis is

devel oped bel ow wi i opesetins tfilten coafficients ofthgadaptive filteh23fyaretadiusted alsipgias | s-
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applicable to ﬂwpﬁe owputci(y ofthe adi!ptige filterc@35i it asclgsenasrpossiblefto me;majautgg(la) ces
and sensors. | t h._r fe ence | sorretl t he
acoustic hand®! &%@W@g ?Rtbegrpﬁ "i“’célf"l'ﬁ ‘EE\M aglgo"%'aft hose
skilled in theyafiatigh Lﬂ mQMt%H%&nHQ@Jso&*ﬁsd%i@?& RS aA Solted 190
applicable to nmany other signal processing cont ext s |nclud|ng the radio

comuni cat i on2299pd ¢talaulateshbaspd en ﬂmmeﬁﬁmcrfcmeﬂapuve filter 235panddhg pdeni cts a
typi cal exanpl, t t he
figure, first "gfﬁgjt“'@sﬁz)g(b)gﬁ%’%sensor sﬁ%%‘eﬁfg%Fgwe pzl)tgl‘@ﬁr?gg@%ﬁggent ntﬁ

si gnal sour ce&Figiteé?2, ﬁﬁ@esﬁﬂe&hahmanavmlagmhxmmmlapgropmmdﬁglmﬁngnait si gnal
source 210 (as indicated b dashe c 31 Wil | in e on the
first signal Eresser sansb ?)E&ﬁ’é“*?’(ﬁi‘ rfé%g}?de%sr: 10225,
Thus, the Slglﬂ?éadaﬁﬁé‘éﬁﬁéiﬁtsﬁh%wﬁﬁﬂémeﬂel@ﬁ&djﬁ | Revehéstitdate! Si gnal
source 210 will be a delayed and attenuated version of the signal received

at the first sensofn ondsr gelatify the eperatian ofthe é)éteﬂ@m plbiguieoh a8 Figoross si gnal
enmanating fro d arc
325 wi 11 1 prEa SR Gbeiopt bt sl £3IEo MpBe2 S0RY, ARRRY
first sensor ZHdSanalysii i h@lk&t@n@dveropedeforewlo atnsbisand itws sigagisporces) thosdue to
t he second si source 2 d. and ajtenu ersi on of

be a del a ed
the signal re 9%6“ e Al IS%RPB‘??éFt%g’ﬁ%@F dﬁ%'%%éppﬁ?? Hered %ﬁlﬁ?@@ 920.

The spaci al app plications including an arbxtrarly number of signal sources and senforsS€paration
(and thus the corresponding tine defay and | evel attenuation) of the

sensors 215, Znditignally,raibpegit reffmencn ds sqmpetimes made - tha @cse aambcfmecr@gblklo

220 ar e 1l Calflon] il fesPloRSA0E AN kLR tn L0R FAUBNCESRG: !

respectively. Secon sensor er an

pr e- processi ngeﬂ:mdediﬁp’dr@@htwalsdIagpli(ﬁblemmmaﬁy mhenslgm ptocassmgrmnaaxts Kk are _
denoted by x[e and_x[err] (k respect.i vel en the second sensor

i nput x2(k) i é“%‘g\%g rgdig CH@F”’;"%"E')Gﬁ%Hﬁ&P lications ng‘flg‘fs MERIQDER- i rst sensor
input x[err] (k). | Im%a @Qrdeiﬂ@fsqxsty %Zl(é&hmﬁleldf%reé ﬁﬂc( {enbdr plavegiest fahoscal e

factor S is greater than zero and where t may take positive as
wel | as negat dirsensignsedn gt figuse, |t§arsgg@aa¢c¢pg SeﬂSQFS 5< 295 pxe pysitioned adjpest| s
emanating fro S J (k) is
T ayed ang WendPGAREs 316730, &ygh%@nhgg wa i g o Mo birs sk

source 210 (as indicated by a first dashed arc 315) w111 impinge upon the first signal

sensor 215 before impinging upon the second signal sensor 225. Thus, the signal
received at the second sensor 225 due to the first signal source 210 will be a delayed
and attenuated version of the signal received at the first sensor 215 due to the same
source 210. Additionally, a signal emanating from the second source 220 (as
indicated by a second dashed arc 325) will impinge upon the second sensor 225 before
impinging upon the first sensor 215, and the signal received at the first sensor 215
due to the second signal source 220 will be 2 delaved and attenuated version of the

signal received at the second sensor 225 dus o the same source 220. The spacial



x2(KR). However, in order to sinplify notation, the second input x2(k) is
denoted the del ayed signal for all values of D wthout | oss of generality.
I'n order to provide a causal filtering problem a fixed delay A can be

i ntroduced into the signal path following the first sensor. Wiile this is a
natural approach in nost applications, it is not a prerequisite for the

i nvention to \seiadtativh (uid thusl @k coffespontimgttiniesdataypindi leved attenugtien) tof rthel sdnsors

below. Wth the extra_ delay [err]_introduced, ope can fine first d

second i nt er nedPatd With ﬁ%’é"t&{’ é‘}e]rt]-“ﬁkﬁn,d %?E‘(“%)s‘@ép f%‘feﬁ\%g& f Iu}dicaté”wm

wher e denot Bgagekomlgﬂ- 0. =y(k+ 1),

glerr] gy( k) :y?ﬁkg‘#r?g tc.), and mﬂse%‘?ﬁ@gg?'iilgaﬁ?ts%e(ﬁg&?ér}/]( -D. %\Iot e that,

for causal filteri dfythe[fisstrand:seqond sensor inpyis (after agplog pesprofessipg god anajog-to-

illustrates the.jpput signals X[ kRt Lat.east,gnal s

ylerr](k), vy[ gﬁ%‘%%‘“@ﬁ“ﬁ‘ﬂg} @%ﬁ%%)%{"l %Qead e%l)by%@ %ﬁ%ﬁhea urgferlgh n

;yst em tT[]ﬁ tsmé fja&?lfd)&glgﬁr iEbuglit(%(Q)(& g'eﬂerhlllﬁ'f(&ji!elaﬁd drﬂtsﬁiflet% sqxsig&mfiﬁﬁ)ﬁmt Figure
exce at a dela QC correspon i xed del a .

descri Eed aboPegsor @P_é&ti(’f)i &ﬁ&?%&%ﬁz(ghﬁ H&g&“ De W S‘i‘”gﬁyag%bc%ﬁglﬂ xed

filter 230. | gr&?tﬁetﬂ{%fﬁéf& PWhtidahe fQhy PNRay take bSsideS4s WAl i \gafivievalues.

coefficients I xed TilLter 230 dre stored 1n a first

8 coeffici ent Stdattyospeskfing,rfpr Bnd @ Kag., tforesignateemanating fromdb¢ s¢cond gigoalof t he
adaptive filter 23 re stored in,.a.secand .coeffi.cient. v r .
General |y, th@%@gﬁr “F"né’éﬁl“PB lgisl&/?g yed @gﬁﬁﬂ?dafﬁpgﬂ%‘ﬁfgh%sﬁe%@m?‘é&
accur at e nmet hgg(xf.oHoRvér et brder tomfifyaotddoathe tsbednd ¢apue xf(R)Cis dendted @ed on
t he measured sensor inputs x[err] (k3 and x2(k). Advantageously, the nethod

i s robust agaidslayedsignal forallivalugssef 1 withputtlogsof ggherpyyused successful Iy, for
le, in the ab | | t t. Th
exanple, in the a Wﬁ&ﬁ&[}#&?ﬁﬂ“@%@?‘éﬁ?ﬁ Hi(%w{?hﬁa lARRAPIA EATHEX e

estimated quantities, say ere k indiCates that sensor
i nputs up to dmmoduced inte thy signakbpdtinfoltoringthe fastisersdr.f JYhilertbisdaagatuel on of D

and S), can be used to inprove.system performance, . Far, e e, in
t he cont ext ofaPPr'iS’B&} I mgst apRlicaLions, pLts E'i?'%ﬁr%]%“s%f £9 e Igygnuge, r‘?@gﬁ be
used in conbi Rakhddd. VI8 268 ls exsaRien ib groafe dofall YeloGC Wit URS ekt delay A

el ectronically . L
introduced, one can define first and second intermediate signals y,(k), y,(k) as follows:

¥,k = x,(k-4A) §))

7B = 50 = <" Py ® = 3 0eD) @

where g denotes the well known delay operator (i.e., gy(k)=y(k+1), g'y(k) =y(k-1),
etc.), and where D is defined to be A-D. Note that, for causal filtering, A > D.

To aid discussion, Figure 4 illustrates the input signals x,(k), x(k) and the
intermediate signals y,(k), y,(k) in the context of a level and delay measurement
system. The system 400 of Figure 4 is identical to the system 200 of Figure 2 except
-that a delay block 410 (corresponding to the fixed delay A described above) is
positioned between the first sensor 215 and the fixed filter 230. In the discussion that

follows, it is assumed that the coefficients of the fixed filter 230 are stored in a first



enhance and reduce the sensitivity of the sensors 215, 225 with respect to
the first and second sources 210, 220. For instance, when a particular
source is active (e.g., when the drivef is speaking), a beam my be forned
in the direction of that source to optimgze its reception. Aternatively,
when a source provides a signal that should be bl ocked fromthe sensors
(e.g., when a cx:efﬁdmt vectar docmdslmahaﬁmt-hanymgmpeﬂhiwe df ciehsiaptiveefilterc283ack or
echo) spatial fi ring c dim'nish the sensitivity of the
sensors with r&&f E ‘Pd”t“' ffecg% e &, ‘Furthernore, the system can

sel ectively transnidenenlly, mquesemabeﬁah@edmts atcompR@fiddalyl lsihiplé §ESRcufen a
partlcul ar source iIs active. For ex i f one sensor is much nore

sensitive to tpehedfos @ﬁ‘g‘@?‘mtgﬁ&ﬁ delgy %@Qjﬁhp\?@lc fagtog; S baspdeon; the smeasused
hysi cal ' : y
physi cal "pr oxI g shfoed B B SPIRIranblERsl: By ASShIRRkAREO 1 r ansr

t sensor passenger is
speaki ng. backgieundmmsegsotﬂlatﬁt gnyebem,sed Suecessfyliy| foy Erampld, kip theishowe by t he
fixed filter efll dver5|ono the first interne at
signal y[err] (%Sr{qeg%@gq;ea pp ny context. The estimated quantities, say

[err]s, (wn&erkein&mhtés Hﬁﬁs&&&%pxﬁé ? b add B&&ddﬁ: kiRl inst i &k 28 waﬁe

{cl[err]}, [err are the fixed filter coef icients. Additionally,

the signal [ er‘L‘} eﬂyul@mnimftDbgd Shecan bseed to improvesystgs performnance.he fi | t er ed
version of the secqg L AhAE Fth@ Lok D HhobliE SILgnbly, ihd SstiaYeS Dt 8, can

be used in combination with well known beamforming techniques to electronically
enhance and reduce the sensitivity of the sensors 215, 225 with respect to the first and
second sources 210, 220. For instance, when a particular source is active (e.g.,
when the driver is speaking), a beam may be formed in the direction of that source to
optimize its reception. Alternatively, when a source provides a signal that should be
blocked from the sensors (e.g., when a source is a loudspeaker that may cause
bothersome feedback or echo), spatial filtering can be employed to diminish the
sensitivity of the sensors with respect to that source.

Furthermore, the system can selectively transmit only the signal detected at a
particular sensor when a particular source is active. For example, if one sensor is
much more sensitive to the passenger than to the driver (e.g., due to a close physical
proximity to the passenger), then it may be desirable to transmit only the signal
received at that sensor when only the passenger is speaking. ,

~ Returning to Figure 4, the signal y(k) output by the fixed filter 230 (i.e., the

filtered version of the first intermediate signal y,(k)) is given by:

y0) = y, (07, G)



[err] where the vector [err](k) contains the time varying filter
coefficients of the adaptive filter 235. The vector [err](k) is updated .
based on the error signal e(k) as foll'ows: [err] where [err] is
a gain factor (constant or time-varying) in the interval 0 < [err] < 2,
and where [err] denotes the squared Eucl? di an vector norm The adapti ve

al gorithm descri béd by equations (9) and (10) is the well known Nornmalized
Least Mean 7,0 = 0,3, &-L))T 10 Squares @
(N-LM5) algorithm Alternative adaptive schenes, such as the Recursive
Least Squares (RLS) algorithmor the Least Mean Squares (LMsS) al gorithm can
al so be used. For a nore detailed description of adaption algorithns
generally, see for exanple B. Wdrow and S.D. _Stearns, Adaptive Signal
Processing, Prentice Hall, Englewood § FfEgc)N, 1985, and L. Ljung ?ﬁg T.
Soderstrom Theory and Practice of Recursive Identification, MI.T. Ss
Canbri dge, MA, 1983, each of which is

where L is the order of the fixed filter 230, and where {c,}, { = 0,..., L are the fixed
filter coefficients. Additionally, the signal $(k) output by the adaptive filter 235 (i.e.,
the filtered version of the second intermediate signal y,(k)) is given by:

§® = y,00%k-1) C®)
.0 = 0,0, 0-L)T | @
&k-1) = @€, k-1)-¢,(k-1)7 ®

where the vector &(k) contains the time varying filter coefficients of the adaptive filter

235. The vector &(k) is updated based on the error signal e(k) as follows:

ek) =y R)-yk) ®

¥, (k) «®

&k) = Ek-1)+p
ly,(OF , (10)

where y is a gain factor (constant or time-varying) in the interval 0 < u < 2, and
where [| -]|2 denotes the squared Euclidian vector norm. The adaptive algorithm

described by equations (9) and (10) is the well known Normalized Least Mean



I ncorporated herein by reference. Advantageously, each of the above defi ned
quantities can be conputed using standard digital signal processing
conmponent s. For a broadband source inpinging on the sensors 215,
225, the coefficients of the adaptive fg¢ter 235 converge toward a del ayed
and scal ed version of the coefficients the fixed filter 230. In

particul ar, i fSquerss {NJIMSY algorithm. oAltemnativel adaptiveaschamesc§ueh rap thesRdcupiive. , | T

effectively n | ' | sed) ,.the tipe-yaryin ctor,c(k)
conver ges t owaq'r'e%y;én?ﬂ%{o% hofxél )rrggtfr“ i G e, &?&%%@W’S@&@@gﬁ@]ﬂ&
Sqlerr]). Suctbeased:s Foi a hase aaanem&iﬁ@naﬁtau%m algoﬁﬁnﬂegs &u’g!‘s&r fop’ art
systens. See, for exanple, Y.T. Chan, J.MF. R ley and J.B. Plant,
"Model i ng of t"lxi%?]&@'ar@méﬂﬂ and $-Rppiermsy 4aptive, Signali Rracassing  Rrentavestlall,i onar y
del ays", |EEE MRS NN FCSa QA |.O Pro si.ng,
Vol .~ ASSP- 29, fﬁg&h 135,53%@55@’- é%g?léﬁg lﬁ‘ﬁzj‘i@gﬁa@ms@%g@h1 Z’?‘%’u’%&?‘gﬁ%‘:‘ﬁ rein
by ref er ence.of Raeurdive klintifitatigr, McETc Pedss; Camtridgs, A , 1983, 6536h 08 wihlia i
overal |l syste erf or mance et(f,ri or at Si nifiganhl when backgrounlg noi se
i s present, n@‘%ﬁ@’q’ 24 n??’ﬁ%ca£$V@&F8W%§° r‘%&h"-%@?’? defngd) i cati ons.
Advant ageous| yuartities PAE5E SdmputdCidih®OftaddAAL figfal sl ﬁﬁ@%%pﬁmg hfi9 prior

n

know edge whi ch di stinguishes the source signals from backgro noi se,
syst em per f or mance Feha beradbang foprce Ampingingram B¢ sensors 2181225, he eqefiicients of

overal | perf orgBiGEs ' ' | t.uati.ans. For
exanpl e, the prese_ﬁttweltﬁl\?eég{%sgﬁﬁ‘{%g% é‘gﬂ %%gﬁﬁg%c%86%%¢ é?r%}%l’)ﬁglﬁ on is

avai | abl e whegoefficientsof the fixedtfileer 280r de pastigulat, Sf efery béetficisit dfIh€ BREENT I at ed
around one or re center f.peguencies, ile the hackground noise has a
relatively 11 465 lﬁﬁéaabaﬁaﬂm &Hp@‘\g’gdjﬁieéﬁﬁ‘{se r YSHIRS-Vaying: Yestor déisi t y.
|0 jSuch a contoaerges owad 86 Qprokiiidhitnd AR AR (el K7 L xp8) FeRyf] | ter
230 can be designed as a band-pass filter having one or several” pass bands.

For exanpl e, fERltdgebes uspdimessimate Gmedplayscinipion ditfsysems c Seearfon exdmple s
reasonable to S tihatet r R C | | s..concentrat ed
VSR, NLF Rifey SRR Y. Pland PRIGPRESS BhOBALS AP QRAREGS D! ed

in the
speci fical |y, ta tstinfationl afrectsetioharg qlelys’y IBEE Jrarah&ionp 6@ Medustiss, tSpebdldny

around 100Hz, .and, t,he fund ng uenc f a femal e speaker is :
typical ly arofii§d? ’ﬁgi'hs"’gn%gre‘%ﬁff'ﬁ'ﬁﬁ% :{]’r&’og%ﬁbﬂ,‘m@ k281 didnis i nventi on

teaches sever glcoRRefédhdeid by @fserb ! @reaiiad ’ i hlsh&EmeR0. For
exanpl e,. the ficggjg fil te(re gg'o caen be desiISng%n{ggaissrﬁgiﬁtﬁggiﬁ%fcggg%%%gsds,

the first andtsbevwnal pestesn aprdormancs dejcrivsaicesighificantly vdiea dackgraidHmisenis
250Hz, respecB#eggty%@ggﬁ{fﬁg%%gg%gmw&%fédrélﬁg r]:zzllllvso(egfd %%H?gan be designed to

i nclude a single pas cen requency BB and spanni ng
a frequency band wAiwimtigacislyjeke piesent invendioaneahed thaobiemeypofating Poiod

speakers as |1 as the first harmoni c freguency of mal e speakers. In
practice, t h\gﬁ?‘{ﬂlﬁi&ﬂ ‘gﬂﬁq Sﬁwq‘@ﬁﬁmcéguﬁcﬁé%ﬂgéﬁﬁfn backsrenndpeiss, systEmer s as

performance can be significantly improved. To ensure improved overall performance,

the priors should be true in all situations. For example, the present invention teaches
that such prior information is available when the energy in the source signals of
interest is concentrated around one or more center frequencies, while the background
noise has a relatively flat and broadband frequency content, or power spectral density.
In such a context, the present invention teaches that the fixed FIR filter 230 can be
designed as a band-pass filter having one or several pass bands.

For example, for speech signals in a mobile hands-free scenario, it is

reasonable to assume that the energy of the speech signals is concentrated in the



conpared to the latter approach. Generally, if the nunber of design
frequenci es are doubled, then the order L of the filter is doubled as well.
In the discussion that follows, a fixed filter 230 having mdistinct
pass-bands is considered. At the center gtiequencies {[err]} [err] =
1,...,m the filter is designed to providé unity gain and zero phase.

Addi tional |y, ihteeval 18GASOHZ.t Moraagﬁéclﬁcalﬂﬁ&hgh&ﬂarh@twfmqhdﬁy o4 Elk speaker

attenuation in the o] by | 2|n th fllter |se ai.n (NG
which is defidéwpé@flyag‘{ﬂgwﬂﬁm@%‘gg‘ ég gfn

proceeds ar oungpitiify sbhdd 2508 e[nﬁawlaam@mnﬂaab@tm@?mén%@ﬁﬁ&@t&aw for
FIRfilters is"given by: [err] desi fixed filter 230,

consi der an i rsgveralspagsible depigny glteknativesfor ithe W@@U%Q}f Fot exaspile) the fixed

follo [
{[er r}N}S [err] [fﬁfcilno mnmb%deea%nntxé t%léqsdurdgéwggafs'ban?sr‘ (tahqeu%rrs\tcl gss%? \M[ql%éﬁ?nxed FIR
filter, [err] mvmgmhmnmlmaes ah100Hzeand] 256H0, fesperdively. 1 Alternativelpnutie {fixedr | }

are unlforrﬂy but ed ,random ya |able err r,r],[er
Next consi der tZQQ ?ﬁlﬂegrm %@ﬁl}ag %tfﬁﬂ“?ﬂfyaﬂfd

providing an %th!tanK[s eﬁ%' bﬁd%@ﬁx@ﬁxd& thé ﬁ&d%@xﬁﬂcﬁé@@n&y%ﬁ er
any initial transients have deca he i nput y[err](k) for any d, -co
< d < co, as feorlespeakers as well as the first harmomc frequency of male speakers

In practice, the former approach requires the use of higher order filters as
' compared to the latter approach. Generally, if the number of design frequencies are
doubled, then the order L of the filter is doubled as well. In the discussion that
follows, a fixed filter 230 having m distinct pass-bands is considered. At the center
frequencies {w,}, ¢ = 1,...,m, thé filter is designed to provide ufxity gain and zero
phase. Additionally, the fixed filter 230 is designed to provide maximal attenuation in
the stop-bands by minimizing the filter noise gain (NG) which is defined as:

1 o dz (11)
NG = —9C,(2)C —=
5§ GG ™
where Cy(z?) = ¢y + ¢z"+-+¢;z*, and where the integration proceeds around the

unit circle. By Parseval relation, the noise gain for FIR filters is given by:

L
NG = Y e
Z; ! (12)

To design the fixed filter 230, consider an input signal y,(k) comprising a sum

of sinusoids as follows:

Ya®=Y o, sin(wk+$) 13)
t=1



[err] For =0 (i.e., for a coefficient vector c[err]), the fixed
FIRfilter 230 pI’OVI des unity gain and zero phase at the center frequencies
{[err]},f =1, ,mas desired. Additionally, if the sensitivity to

br oadband noi se is mninzed (i.e., if t quantity in equation (12) is
mnimzed), then (for a filter length L, such that L > 2m- 1) the

fol l owi ng resuwherdqlglst & Ug..,m afecthe |desireditenter frequentibeofttre fix¢d FIR Hiltenpt ri x: -

13 [ er rlo 2, awr:d¢v£’er e jo({g?‘} altr% JnEEow?nmcopr edi ct [ 016 é/ec&or m, and {dg)
are uniformly distributed random variables ¢, € (-x,7],f = 1,...,m. Next consider a
fixed FIR filter 230 having a coefficient vector ¢, and providing an output y,.(k)
which is an exact d-step prediction (after any initial transients have decayed) of the
input y, (k) for any d, -0 < d < o, as follows:

yom(k+d) = yin(k)rcd i (14)
Yu® = O3 D)
c, = (coc)T - (16)

For d = 0 (i.e., for a coefficient vector c,), the fixed FIR filter 230 provides
unity gain and zero phase at the center frequencies {f},{ = 1,...,m as desired.
Additionally, if the sensitivity to broadband noise is minimized (i.e., if the quantity in
equation (12) is minimized), then (for a filter length L, such that L > 2m - 1) the
following result holds true:

¢, = LTLLY) 'p(d) an

where L is the 2m x (L + 1) matrix:



[err] First and second plots 510, 520 of Figure 5 depict the
magni t ude and phase response, respectively, of a fixed filter 230 desi gned
usi ng the approach described above with d = 0, L =32, m=1, [err] = 200
Hz and a sanpling rate of 8000 Hz. As shown by dashed lines in Figure 5,
the fixed filter 230 provides unity gaini3and zero phase at the center
frequency 200Hz as desired. As ,descri bed gbove, the adaptive al gorithm
used to update the adaptive filter 2S%%i It ®he adaptive filter 235
to converge toward a del ayed and scal ed;replica of tlhe fixed filter 230.
Specifically, for a fixed FIRfilte] 230 with d = 0(i.e., coefficients
c[err]), the coefficients of the adfgsiwe -fidosdr1PRY will converge agig)

fol | ows: [err] L={. — 14 where S and D
are the scale factor and tine del ay sf“é'%lpe“bt?%l 9,“’1caused by the physi cal
separation of the sensors 215, 225. {Thug, the prgesent invention teaches
that estimtes of the scale factor and the_tine dglay D can be cal cul at ed
fromthe vector relation given by ed&8®«on (%)LTI)I%(, exanple, if S[err]
denotes an estimate of S based on the coefficients c(k) of the adaptive
filter 235, then the estimate S[err] can be conputed from equation (20) as
fol | ows:

and where p(d) is the 2m prediction vector:

(cos(1-dyo,

cos(1-dyw, |

P@ = | n1-dyo, a9

\sin(l -d)w, )

' First‘and second plots 510, 520 of Figure 5 depict the magnitude and phase
response, respectively, of a fixed filter 230 designed using the approach described
above withd = 0, L = 32,m = 1, @, = 200 Hz and a sampling rate of 8000 Hz.
As shown by dashed lines in Figure 5, the fixed filter 230 provides unity gain aod
zero phase at the center frequency ﬁOOHz as desired. ' S

As described above, the adaptive algorithm used to update the adaptive filter
235 will cause the adaptive filter 235 to converge toward a delayed and scaled replica
of the fixed filter 230. Specifically, for a fixed FIR filter 230 with d = O (i.e.,

coefficients c,), the coefficients of the adaptive filter 235 will converge as follows:

E(L) - SC_D (20)



[err] Furthernore, S can be estimated w thout prior know edge of D.
To see this, first note that equation (21) is a vector equality in which
both c-[err] and c(k) are vectors of stze L + 1. Then, fromequation (17),
it follows that Lc[err] = p(-D). Thus, rfgltlpllcatlon of both sides of
equation (21) fromthe left with the om (L +1) matrix L defined in
equation (18),wlkre Sand I afecthe @wlm@ctoe&ndl time delay, respectively, caused by the
S[err](-D) bot h. si des of eqﬂ&tlon

(22) are 2m VSQY)B‘F@ Selﬂ{é'i‘f)n %ﬁ %e ﬁeqsﬂ'étuﬁ( %ﬁ eﬁ‘]sp?hﬁ)l’rm?ﬁ Ingentiog feach

(19)), equati O&nfnf rfﬁ‘c’téﬁr s hﬁ@fhcftﬁnef &l1dyW=an be calculated from the vector
Slerr]Km= (L[err ))[err]L err (23
From equat i on rel28ipn given byrequatione(2 thorcm:an. rf-ﬁdcmt@s asestimatecofSk bagedidre

coale 126t or Sytkedilioh 850 B gy s ER b oS L b o

delay D can be&mrmtﬁﬂbﬁ(ae)isgfoﬂodmast squar es flt as fol | ows: [err]
Equi valently, an estimate Dierr] of the tine delay D can be conputed as:

15 [err] S,c_p=t(k) - (21)

Furthermore, S can be estimated without prior knowlédge of D. To see this,
first note that equation (21) is a vector equality in which both ¢, and é(k)- are vectors'.
of size L + 1. Then, from equation (17), it follows that Lc, = p(-D). Thus,
multiplication of both sides of equation (21) from the left with the 2m x (L + 1)

matrix L defined in equation (18), gives the following result:
$:p(-D)=L(k) 22)

where both sides of equation (22) are 2m-vectors. Then, given that p(D)'p(D) = m

(see equation (19)), equation (22) can be re-written as follows:

From equation (23), and from the fact that § > 0, the estimate S, of the scale

factor S at time instant k can be computed as:
R rviTev R 24
s . JTROLE® @9
k m
Given an estimate S, of the scale factor S, an estimate D, of the time delay D

can be computed using a least squares fit as follows:

D, = ™ |Le(h)-3,p(-DIP (25)

Equivalently, an estimate D, of the time delay D can be computed as:



Advant ageously, the estimate Dlerr] can be conputed iteratively in
practice. Note that the delay gradient dp(D)/dD follows readily from
equation (19). Thus, the present invention teaches that estinates of
the scale factor S and the tinme delay D _can be conputed in a
straightforward fashi on. Advant ageousl y,15each of the above descri bed
conput ati ons can be carried out using well known digital signal processing
conponents. Due to the consister, prl T pakrEp(DRANF ovi ded by the figggd
filter 230, the estimates will be valideven in the presence of background
noi se. The system can be further enhanced by the addition of an

activity detector vAdvaftagetuslyp thepestimere Byyah becpmpdted iremtiely irepractien Note
signal sources are inactive. Fo ?@{ee, %ﬁn nei t her, sgééce 210, 220 is
active, the si@#éh%dﬁ@xgﬁdbﬁ%d@)%ba s Feagily drop equation, rs- 215, 225 will -
conprise uncorrel at ”ﬁﬁh??m@&'ﬁvenﬁﬂn%&%%@stﬁdﬂ& JFABP sdakefakiok (S84nd the

coefficients [err]( Wi converge toward the null vector, neaning that
the scal e facttime delay Bhatan 18] complutedi inla straightforwead fashiono Advpmtageonslys eagh ofel ay

estimate Dk may take any.val ue. To prevent I3 : ' . S el

Dl err] can be ‘éﬁ ﬁg‘?"é’i @%thPBugg?fgo%Pﬁﬁt%&@gl%ﬁ%%h@n‘ggﬂ g{é\%alg? }@He {’}%Lﬂ
det ect or sensegroédising bsBpeiRnQ! Dudiathé corsistent pricrSinformation protided bgthe fixgd
activity detector conpares an estinmate of the filter r}allgs in to a

e gai
predet er mi ned filkar@3Rothg estimates wilh be yalikh ved 1n, fieresgage P F%%g‘.m poise.

e °|[°r | a} e threshohyl £aBnNGn R NRE cnhEEE Y Bel ABitiod BF ad Scdvaty d¥téctor
= [err

(L[ err]-(LLT) [ ewhith pgdyds| groperisy¢tesm psriofmynge eyqn(wen all signal sources are iggagtiye.
= p(DJ[err](LLLerr rlr“]LL err]1(LL )&l ) .
= p(D[err](LL Ur P hﬁ’f Ef‘mégou&g&id’li%eol%éﬁé’g %‘F\ ,SIgP%léxé,é)t ﬂfll ’%lk)det ect or
conput es an esfetdiidEatMee S¥nséd215) 23wilheonsprisg ancormiated mise aly.s G amchscasé, t he
adaptive filter taps (i.e., NG=[err] |If the estinate I}IIG is much smajl |l er
than the predetheedantive filtsr eastrients £ife Wil Geavgegedgward the oull vector, meaning that

the scale factor estimate S, will tend toward zero while the time delay estimate D,

may take any value. To prevent this, the estimates S,, D, can be explicitly set to

appropriate values when an activity detector senses the absence of signals of interest.

An exemplary activity detector compares an estimate of the filter noise gain to
a predetermined threshold (i.e., an expected noise gain value). An appropriate

threshold can be derived from cciuation (12) as follows:

NG

T
cpCp

AITALH pD)LTALD 'p(D) 27
p(D)TLH'LLILLY) 'p(D)
p(D) L) 'p(D)

In operation, the activity detector computes an estimate KNG of the filer noise
gain as a sum of squares of the adaptive filter taps (i.e., NG = &kyerky. If the

estimate NG is much smaller than the predetermined threshold, then the delar



16 estimate Dierr] is set to zero, and the scale factor estimate S[err] is
set to unity to ensure proper systemoperation. Note that since the val ue
of the noise gain NGis independent of the delay D, it is sufficient that
a single threshold be stored. An exenpl ary system can be i npl enent ed
using the follow ng pseudocode. Those skiglled in the art will appreciate

t hat such pseudocode is readily adapted for inplenentation using standard
di gi tal signal estimateoRsisrsgt omepbraadithe scale factor esthmates’, insat 40 upityl torermsrdDel ay -
Estimation Routine Eid tening: u fr t | xed FIR

“oB system, gpefasiohi O ef G € YL Bl BT NG B

filter and th nning time
i ndex) . inddperdant OK thel delayl D, it is suffici¥it that\aMrele thréshbld;be stored. y| hat (k)

Ener gy el cul at | onsABRFBRIN WAE R be mpleene sirn diedhlivwing psbaddadent iy

S
used in order fghssgkilkd s 8! Wil dgprdcud BaOsuch g&éﬁﬁé&de is readil a&a%%d%?r gy in
the inputs. The instantaneous energy is onpared with™a I ong tine
aver age. impiementation-usingrstapdardt digital sighal [procefsingr §opjponents.  eave(k) =
0.999 * eave(k-1) + 0.001 * enon(k); i f (enmonm(k)>.5*eave(k))
g(k) nmu, el sQle Facto)akd TEmé Delay Esti@B€lion Routind¥+ LMS update: Update
of the adaptive fi IE'g.er coefficients usi ngf_t héa Fl}l;szMial go‘riiéhhm
— HI A= oW O 1Xe er an e

C=CH+ g( k) * Y2 *a:i%.;tzw FiROQ?fé:% (;P%anﬁep'f:@;)f\mning tim; index).

¥l = yl(k:-1:k-L); '

Y2 = y2(k:-1:k-1);

ylhat(k) = ¥2* * C;
y1lfil(k) = Y1’ * CO;
err(k) = ylfil(k) - yihat(k);

Energy calculations and gain control: A simple gain control
scheme is used in order to set the gain g to zero if there
is low energy in the inputs. The instantaneous energy is
compared with a long time average.

emom (k) = sum(ylhat (k:-1:k-L)."2);
eave(k) = 0.999 * eave(k-1l) + 0.001 * emom(k);
if (emom(k)>.5*eave(k))

g(k) = mu;
else
g(k) = 0;

end

N-LMS update: Update of the adaptive filter coefficients
using the N-LMS algorithm. -

C=C +glk) * Y2 = erx(k) / { (¥Y2'*Y2) + 0.01);

Update of estimates of S and D: The scaling_estimate is
smoothed by a first order recursion, while D is estimated by
an iterative gradient method. delta denotes the fixed time
delay in channel 1.

LLC = LL*C;

PPD = {cos {warr+* (1-Dhat+delta)); sin(warr*(1-Dhat+delta))l;
DPD = [sin{warr*(1-Dhat+delta)); -cos(warr*(1-Dhat+delta))l];
Shat = (1-mu) *Shat + mu*sqgrt {(LLC’ *LLC) /m) ;

Dhat = Dhat « mu*DPD’*(LLC - Shat * PPD);

Activity detectcr I he sum square of estimated filter

€ -
taps are 2048 belcw the sum square of the expected filter
taps, the gain I:u fzrced to unity and the delay estimate
towards zexrc.

eC = C'*C;

if (eC <« ¢.CL =+ -~
Shat 1,
Dhat -G
end



Update of estimates of S and.D: The scaling estinate is snoot hed by a
first order recursion, while Dis estimted by an iterative gradi ent
nmet hod. delta denotes the fixed tinme ° delay in channel 1. LLC
= LL*C, PPD = (cos(wapk* (| - Dhat +del ta));

si n(warr*(1-Dhat +delta))]; DPD = (sin(warr*(1-Dhat+del ta));
-cos(warr*(1- Dhat +gl@) tagimhtes of s abllal aFe further (shodBhed Hynatfikrst '
rru*)sqrt((LLC *LLC) ¢¥fer running PR2R: = Dhat + no+ DPD *(LLC - Shat *
PPD) ; Acti vj dsiest 81y I dhs quare of estimated filter
taps are 20dB bel oié%grﬁihgumggﬂugre gI)-frhg %Eépect ed filter taps, the
gain in forced to unity and the delay estimate t owar ds zero.
eC=(err].C if (eC < Jerr] Shat = 1: Dhat = O;

end To further illustrate operation of the exemplary embodiments, amgmenesical mat es

of S and D are further gnoothed a first . rder runnin an:

Sh( k) =r ho* Sh( R¥aPle uging e s"_%ﬁ’&?‘?gabm’e is PoYidsd., TP %‘-'lf?' 3 ?‘%-“?Wﬁco) *Dhat :

To further il fdphdidiisCeonsigéred iPwhith thé Sensord & preunedite Bé microphores andrete cal
exanpl e using the pseudocode above is provided. In the exanple, an acoustic

scgna[] i0 is censtasarepresymechioche hlﬁéaﬂs@ﬂ%f@fdﬁ'ékﬁa&fﬁrﬁﬂsm’&’%ﬁqﬂ‘ﬂ ophones
and the sourc e Llr. & reohRYOSPRAKERR :
transmtting %ﬁcﬁ% égé‘g’%ﬁ%&%b‘?gégagov%?ﬁg%ﬁ “gltﬂsaccgh%rl 0 can angéObiﬂﬁ t he
cont ext of hatelephbnyeesedihiah autoaiobiis enviranseedt. | Thaugh shet examipld is restticted trent .

Though t he exanpl e i i -
g X twncP seenscl)rss an %\}vcr) Isg&rggs, Ttt‘?ose: skilled in the art will appreciate that the approach

b4

can be applied using an arbitrary number of sources and sensors.

With a distance of 0.5 meters between the first source 210 and the first sensor
215, and with the first sensor 215 treated as a reference sensor, the actual time delay
at the second sensor 225 with respect to the first source 210 is D =225 samples for
a sampling rate of 8kHz. Using the same assumptions, the actual time delay at the
second sensor 225 with respect to the second source 220 is D = -8.75 samples.
These assumptions are reasonable, for example, for a car compartment with a mobile
phone (containing the second sensor 225) placed in its cradle near the passenger (the
second source 220) and an extra stick-on microphone (the first sensor 215) placed on
the sun visor in front of the driver (the first source 210).

In such a car compartment, a rather severe background noise is typically
present (e.g., from an AC-fan, the car engine, the road, the wind etc.). For purposes
of the numeric example, the sensitivities of the microphones in differeﬂt directions are

assumed to be as shown in Table 1.



two 'sensors and two sources, those skilled in the art will appreciate that
t he approach can be applied using an arbitrary nunber of sources and
sSensors. Wth a distance of 0.5 neters between the first source 210
and the first sensor 215, and with the fl'érst sensor 215 treated as a
ref erence sensor, the actual tine delay™at the second sensor 225 with
respect to the fiTABLEOUF MICRIIPHONB SENSITHVHANT0 BIFFUSEBAGKHRAGNPat e of
8kHz. Using the sanme NGIBANDSIGNALSOUROES IV IDIEFERENY POSEIHONSecond
sensor 225 with respect to the second source 220 is D = -8.75 sanpl es.
These assunpt ifs—ere—reasorapre, J or —exanp &, TOr ¢ cal conpal LNEIt. ih a

mobi | e phone (| (ef8. ade8edond Seasos 228 (e-gnedr

t he passenger [(t he secSoutcesour ce 2j2Csunavistr avcreptione) Jt i diviloin micgrophsinghe (|t he
first sensor HI5y—ptaced om the sun visor Rat'rront gf the drixer (the Tirst
source 210). I a car [conpart , a ratfher seve backgr ougd
noi se is typi dal | yBankgeound Naiseg. Ierom an ACG-fan, the car engine, the rdad,
the wind etc.)| For.. 0se f the nuneri xanpl e,] the sengjshi vities {f
the mcr ophon%s ian(ﬁg%gg‘;g%?l i recfions ar'i-cesdgssurred to be 'asﬁgﬂom in Tdbl e
1 e.g., driver) 19 TAR

SENSI TIVITY TQ Dl Fabisifa SAGKER9ND -1088 SE AN} SI GNAL SABRCES | N

DI FFERENT POSHTI ONge o passenger) Si gnal First Sensor 215
(e.g., Secon . —Seurce : S5Ol
m cr ophone) built-in m crophone) Di ffuse

%58 Additionally,oﬁﬁthgjic twEaBMREIHERuaERe were credted $ithSomake 210
+

B Se.g. .. dri ver}( Fecond
Source 220 speaker at the lpqatign of the first source 210 and a fggpale spea %rea_tdl_lg Oﬁéfé%‘bﬂfger )
Additionally, g i h ' l e
speaker at thetﬁ (Q)%:cgﬁ‘?%uré&%eﬁ?ﬁéﬁsr@‘%ggé@%%%&a%ﬁgla?g% ggssg%tg e@?ceg? t he
| ocati on of t hetisigy crdfirsosecoml, 2B the nwld spealer was ectiverfonis tberediersuwss phat

t here was no speaker. activity the_first second, .fhen e I was
active for 75,43‘:?‘?‘5’% f‘l‘?ﬁér én‘%\gé“ rﬁge g?@faﬁev?pf F &S §°§fve§?ﬁj{¢}heﬁ¥et ﬁén%?gﬁglﬁiée
speaker was acgiiy ithOfespedfto the Secdnd Bésof 225asSRIB for the male speaker and 7dB for

the female speaker (measured over the total period during which they were active).

The speech sighal detected at the first and second sensors 215, 225 are depicted in
first and second plots 610, 620, respectively, of Figure 6.

Adciitive background noise was modeled as white Gaussian noise. The noise
signals detected at the first and second sensors 215, 225 are depicted in third and
fourth plots 630, 620, respectively, of Figure 6. The combined speech and noise
signals measured at the first and second sensors 215, 225 are depicted in fifth and
sixth plots 650, 660, respectively of Figure 6.

In the simulation, the parameters used were: L = 32, A = 10, w =
2%200/8000, m = 1, u = 0.01 and rho = 0.99. The results are shown in Figure 7.
Specifically, the delay estimate D, is depicted in a first plot 710, and the scale factor
estimate S, is depicted in a second plot 720. In both plots 710, 720. every 50-th
sample is displayed. Horizontal dashed lines indicate delays of -3. 0. and 9 samples

as well as gains of -10dB, 0dB, and 3dB. As shown, the system properly provides



ratio with respect to the second sensor 225 was 8dB for the nal e speaker
and 7dB for the fenmal e speaker (neasured over the total period during which
t'hey were active). The speech signal det ect ed at the first and second
sensors 215, 225 are depicted in first d second plots 610, 620,
respectively, of Figure 6. Addi ti've background noi se was nodel ed as
whi te Gaussi ascaofstr ait émealetay estimates,srespoctivelye of §db andagnreximatel-Second -

sensors 215, 225 are de ed i n Ot

respect i vel y, SURPIES &t}?‘b ﬁrels sg%é'ﬂrgeadﬁs g%Jebc#{d ‘%H'Q’lr’fgf‘%"e@ ??s{:] S e
alt E he6f5 :) r s% 68% gqm%ea@ﬁ@l Om]:caldli;ibﬁallyZZﬁ ml&qdeacMrepToperlyf setslt ﬁhf[: &cale ﬁ;cﬁdrh

pl ots respectively of Fi Si ati.o e
par aneters uséﬂdﬂé%eéielal cstimates AF°§PC%(§V£[ dp Ogb aﬂdz? é?‘?q %}rgfggf‘é O‘PYh Rerr]

= 0.01 and rhggq aigwer tﬁ@pﬁsénieﬁﬁx% safgwn in Figure 7. Specifically, the
del ay estimate %[err 'S Ina first plot 710, and the scale factor

estimte S[err] | sAd&pugI&d emboéxwgsdmje beeotdesczibed imthe soptert oftcausal 0. 720.
every 50-th s .e i.s dis d. s of
P50, "and o Sibpe e g B e hltiiet 37 Wt psGRR ifhatod S5 SIS FoRBLINC, T
system proper liye @n@kt @€ Eon-causal filtering. Specifically, for A 0 the adaptive scheme 19
scale factor and tine delay estinates, respectjv ,of 0d nd: .

appr oxi mat el y m@PWégamérpl?‘}‘FébﬁrWé?wFés 2 S5 ﬁt?og’ﬁﬁ Qﬁgya%edmtor
appr oxi mat el y (§ Y RPwird DRASSEQDY 0).S TR s 1t ndvdskaiy @ARY ixed t he

activity detector rop erI sets the scale factor and tine del’ay _ estinates,
respectively, dblayﬂ:dtadduﬁmahsalgpﬂeﬂ)ovd(ﬂrz ngﬂd@yqucﬁiw FWAdaPHYeeSCheme er

dth
Goscr i bed 1 n THE maHELE e doia o F P HIcAG FSpAY) JRBf Wl Raet”

teachi ngs of tpagtipil9eRMnck Y y(@mm apamahbns amnkmea,tﬁeeausn thchquahtgnbéxt of
non-causal "filtering. Specifica

for &L t he a&t i ve herre
conpri ses an Jdkmagstimagespyilde qogrgwh&tdﬁsssagptgge tha %‘? 2 é’eﬁéﬂé?(vvar d
predictor (D .0 ) b pretcise VBB OF A
necessary t hat abygpg{dgggm?da %%‘38‘25&?%&5% lgllﬁgt?\lée?)zg?)ow (pr g., V|ua del ay
bl ock 410), ardn e sedmpid uwnaybtemsiewgn lonsiderations. | Foreexammpledd) gap banset e

el -t appleoRei TORC SRR 1S B At RBNPR R AR, RN Rouid, T

be somewhat | gesoadbid/fesiilts Wehhnaa:a@mawﬁmhnmpr oach (and because narrower
pass-bands are required for the fixed FIR filter 23 recise va e&Je of

[err] can be set badwese thilsd @yhe am, vl SpRFAcIAE M H@r%’f?%e%gwerﬁg’r“ I8, O g

[err] can be Sgind §ieCip¥ %&em erﬁﬁ&d‘i&ﬁédt@ﬂﬁmhm teeh destibedRé@inbio€ purposes
situations" since the syste provide reasonable results even in rare

extreme sit uatdfdhsstration.” The ?W@fshd invention ithengforeyris dgined bypthe £33 @vhighy

Lhe present | e mbacied 5ot ahdlidn ?or%%ﬁnos&‘i&ﬁﬂdoﬁ SAPAPEQVa &P RticHeNt S

are consistent with the meaning of the claims are intended to be embraced therein.




of i1l UH”JHM The scope of the invention, therefore, is defined by the
clains Vg Im”l ﬁ d hereto, rather than the foregoi ng description,
and all equi val emt Sg h are consisteht with the neaning of the clains are

*

intended to be enbraced therein. 20 CLAIMS: : A )
processi ng devi ce, conprising: a first si gnaTHISesg?F'Hﬁg BE'E’N
a first filterChA¥MSg an i nput coupled to an output of sgid fi L'ds%-lgsor;'
a second signal sensor; ' a second filter having an input

coupled to an output of said second sensor and having an adjustabl e
filtering characteri,sti & signal processing deviee, somprising: devi ce having a first

i nput coupled to an output of said first filter and a second input coupled
to an output of said se t?lg‘ﬁ?é?‘fsms'/xherei n the adjustable filtering

characteristic of said segRPfIdr HavBig dnSinfdlicdapleditol 4h Sl DT SEdfirsp@asey
out put of said sunmm ng device; and a processor for conputing -

an estimte of at |east 20¥%eondasignabsansosndi cating a rel ati onship between

said first and second sgn f{ifﬁ@' ' L1 D 4 wyggg 8cnd
function of a filteri ngeac%gén?c er fifsaﬁ.ng %Pﬁglg?&d‘lﬁ?elartgtdnﬁul er and sas a
function of thensstndhating ahiadjustablediletiag ahdraatéristic;c of sai d second filter.
2. A signal processing devjce accordin 0.claim wher ei n_ sai
processor conputes esti faf@YgE dﬁ"%ﬁ%‘ﬁ‘&/g f‘%ﬁtﬁ?“g‘é‘?"&’#datﬂ&nao%qtg?is&g It e
factor betweenghgi fhafd desdndtiifurSRaped 16 2 6@pet oFishid seesndcfilier, Wheretn @8 al
sour ce. 3. A_signhal processing device according to claim]l,
wherei n said fadjustablé fittering chatagt ofisaid secend filiesjisiadjusied Ngdspendeaee ¥PRP sai d
processor are Lnngllltglrlrteor}.tsg% sldﬁlrxﬂgg geﬂwiahal signal processor (DSP) integrated
circuit (10). ’ '
' a processor for computing an estimate of at least one parameter relating

to said first and second sensors, wherein the estimate-is computed in dependence upon

a filtering characteristic of said first filter and the adjustable filtering characteristic of

said second filter.

2. A signal processing device according to claim 1, wherein said processor
computes estimates of a relative time delay and a relative scale factor between said

first and second sensors with respect to a signal source.

3. A signal processing device according to claim 1, wherein said first
filter, said second filter, said summing device and said processor are implemented

using a digital signal processor (DSP) integrated circuit (IC).

4. A signal processing device according to claim 1, wherein said first
filter, said second filter, said summing device and said processor are implemented

using an application specific integrated circuit (ASIC).

—
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4. - Amr"ﬁ‘cessi ng—devi ce according to claim1, wherein said first
filter, sﬂm ' , said summ ng device and said processor are
I‘mpl ement mmﬂmnmaylcat ion specific integrated circuit (ASIC).

5. A sifnal promessi device accordi;yjg to claim1, wherein said signal
processing device is a tel ephone and wherein said first and second sensors
are nicrophones. 5 A sifnal procssiigdittice REEdISG to¢laiey] whereincsaldisigaal t 0
claim1, wherein said_ signal processing device LS a radio transceiver and
wher ei n sai d Procsssingndeviceds adelsehinng aad Whereiaidhiitt andoseeopdssensors are 7

A si gnal proc%ﬁg)]jo gmggvi ce according to claim1, wherein said first filter
is afinite inpll'Se response (FIR) filter having a fixed filtering
characteristic. 8. A signal processing device according to
claiml, wherein the filtering chatacteristic..of sgi.d {i i . | ncl udes
at |east one passbh8nd pfo¥8tf &cﬁﬁﬂgﬁeﬁﬁﬁc‘:ﬁﬁd&n‘%&‘c‘"';’s&elﬁ%fg agficg{g%ﬁcenter
frequency of tﬂ?&e&i?&@ﬁ@: is a radio trans®iver and’whdrgi ahidfireCa@secghddsensore are
according to claim1, wherein the filtering characteristic of said first )
filter includagtegaeelementsnts which are set to nininize a noise gain of said
first filter. 10. A signal processing device according to claim
1, wherein the filtering characteristic of said first filter includes
coefficients which7are aAdjigsd @docessingpdevice acconding tmelpim b, wbersin said fitst of sai d

1. wher ei n' 1 hdileeis £l Bupye eefordt (P BRFORFLR AR ARAEERAANT i S

adj usted using a Nornmalized Least Mean

8. A signal processing device according to claim 1, wherein the filtering
characteristic of said first filter includes at least one passband providing unity gain and

zero phase delay at a center frequency of the passband.

9. A signal processing device according to claim 1, wherein the filtering
characteristic of said first filter includes coefficients which are set to minimize a noise

gain of said first filter.

10. A signal processing device according to claim 1, wherein the filtering
characteristic of said first filter includes coefficients which are adjusted to optimize a

signal-to-noise ratio of said first filter.

11. A signal processing device according to claim 1, wherein the adjustable
filtering characteristic of said second filter is adjusted using a Normalized Least Mean

Squares (NLMS) algorithm.

12. A signal processing device according to claim 1, wherein the adjustable
filtering characteristic of said second filter is adjusted using a Least Mean Squares

(LMS) algorithm.



Squares (NLMB) algorithm— 12. A signal processing device

accordin e| n the adjustable filtering characteristic of

sal d secgmm, "mnl"m,lm sted using a' Least Mean Squares (LMsS) al gorithm
si gnal processi devi ce according to claim1,

\/\herelnthe adj ust abl e filtering characteristic of said second filter

is adjusted using a3ReC|Arsign&ptmstnngwh:eaecordmg td &hi) 1 awhereint thenadjustable -

14. A signal_.pr.oce ng.devi.ce .accor. to, c im2, further conprising a

beanf or mer f orX %cﬁ"’d‘ grbsé’ﬁ fsadss 8?%“8‘}1(93 “§‘é‘gd‘ e Ve lieps ng

sensors in RLSpRBBA@ALE upon the estimates of the relative tine del ay

and the relative scale factor between said first and second: sensors.
15. A signal processing device accordi ng to claim14, wherein the beam

pattern includes a ygpaciy [ sQur ce.

16. A signal procgsm ngg %‘B?ﬁce ac gl nge%rﬁnc??o é%iam%pgﬁnqqf’é“%%am

pattern incl udumﬁ:rmpamrahapmga:bempmbrﬁgmvmﬂbgsﬁﬂrﬁmmﬂdmdgs&ﬁioﬁwrce-
[ laim 2, wherein said

17. A si gnal cessi n devi.ce accordi tQ ¢

processor de E“éﬁ%‘%ﬁeé’ patl the gstimates of theig {;‘% timg delay and the rglative peale fagtori r st
and second sem,gg;;egnfsga frst and lsE@RAd ¥eSDEON | N dependence upon the estimtes
of the relative tine delay and the relative scal e factor between said
first and second sensors. A signal processing device
according to cl ai S t i.4ipnal
sensor and at Ieag;lgone a%?onag@iqe?%?g aV| Oa‘ﬁggldlﬁsq&eg%gtﬁe b

filtering champamdrarinctides a spacial beam aimed toward apﬁlﬁtﬂhﬂsxﬁﬂh@s@d&:&lst abl e
filtering characteristic of said additional filter is

16. A signal processihg device according to claim 14, wherein the beam

pattern includes a spacial notch aimed against a particular signal source.

17. A signal processing device according to claim 2, wherein said processor
selects a signal detected by a particular one of said first and second sensors for
transmission in dependence upon the estimates of the relative time delay and the

relative scale factor between said first and second sensors.

18. A signal processing device according to claim 1, further comprising at
least one additional sensor and at least one additional filter baving an adjustable
filtering characteristic, )

wherein the adjustable filtering characteristic of said additional filter is
adjusted in dependence upon a difference between the output of said first filter and an
output of said additional filter, and

wherein said processor computes an estimate of at least one parameter
relating to said first sensor and said additional sensor in dependence upon the filtering
characteristic of said first filter and the adjustable filtering characteristic of said

additional filter.



adj usted T dependence—upon a difference between the output of said first

filter t of said additional filter, and
wher ei nﬂ lﬁ""}gﬂHﬂmﬂmomut es an estiimate of at | east one paraneter
M *

relatingstocsal ' sSstssensor and said itional sensor in dependence upon
the filtering characteristic of said first filter and the adjustable
filtering characterpsti @ §fnatprétessing de@_ii@'a&éo?dlﬁ% tof ¢14ihe18, wherein said

19. A signal processing device according to claim 18, wherein said

processor comPiesssos Sompweestigrates of @) rglativetime delay andyg relativescaleifagtore scal e
f 0 i > - e .
actor bet ween.gald dhii"ibe %3&?%%@89 aﬁcgihgnﬁqgisﬂiﬂ \Qﬂﬂeég&g%oﬁ sgg%lps&[xg%ptegt to

a signal source. sign processi ng device a
claim?2, further conprising an activity detector for detecting when a

signal source of interest .is_active, grein said grocessor sets {he
estimtes of the réfati e m%@%ﬂ’@“ﬁ@ E’t‘g@? icéf‘éerf%‘ﬂﬁ‘s“%&_)m
pr edet er m ned a¥¢ditEdetd¥ict Yod aétgctﬁagtﬂrﬂé'nta)’si%ﬁl Souk @' of | ieieStok A8tive) AhePln Shignal

source of interest is active. 21. . A signal processing device
acccor di ng t o PEPegsser sgs therestimpies ofithe rplativetime delapand thp gelativy sealecfaetbr the

relative U e el @360 AAth LIF 1SR TRluEoP aldif; BEES oA ik Quon

when said acti atesS that no sig sourc nterest is
active. interedt?is activd. sSi gnal processi ng device according to claiml1,
further conprising a fixed-delay block positioned in a signal flow path
corresponding to said first sensor. 23. A signal processing

devi ce according tejcl aisGidnal processing device acobbin! th claith 20! Whrein said .
characteristics of said first and second filters each include a nunmber L of
filtering coefprecgssonsess the estimate of the relafjve tigierelayido g¢motaad ithgyestimateef thei st i ¢
of said first [fJ [ . X band [err], -
[err] (1, m, s{:}zlé%/?a%orﬁ%é%g@?n %n@éﬁ%ﬁ@y&@%ﬁr %%%g%g no%?g%gl $oeee %er ein an
estimat e DO er riftereft ia actideat i ve tine delay D between said first and

22. A signal processing device according to claim 1, further comprising a

fixed-delay block positioned in a signal flow path corresponding to said first sensor.

23.° A signal processing device according to claim I,
| wherein filtering characteristics of said first and second filters each

include a number L of filtering coefficients,

wherein the filtering characteristic of said first filter includes a number
m of passbands, each passband Z; £ € (1,m), having a center frequency w,, and

wherein an estimate D, of a relative time delay D between said first and
second sensors and an estimate S, of a relative scale factor S between said first and
second sensors, at a time instant k, are computed based upon the adjustable filtering

characteristic ¢(k) of said second filter, a matrix L, and a prediction vector p(D), as:

s . JaE®Lew
&

m



secon stimte S[err] of a relative scale factor S between
said f liE[lDBMIﬁ% JEH’Eensors, at a tinme instant k, are conputed based upon
t he adj« [ «ng characteristi'c [err](k) of said second filter, a

matrix L, and a prediction vector p(D), as: [err]
24 where the matrix L and2¢he prediction vector p(D) are
conput ed, as:

b, = "ETL ILe®-S,p(-D)P

where the matrix L and the prediction vector p(D) are computed, as:

(cosw, - cos(L+1)w\

1 @

cosw, - cos(L+lw,
L=

| sinw; - sin(L+1)w,

ksinao,,l sin(L+1)me

(cos(1-D)w, |

cos(1-D)w,,

PO = n1-Dyo,

\sin( 1-D)w

mJ

24. A method for processing signals, comprising the steps of:
detecting a first signal using a first signal sensor;
filtering the first signal using a first filter to provide a first filtered
signal;
detecting a second signal using a second signal sensor;
filtering the second signal using a second filter to provide a second

filtered signal;



\

[ ] A met hod for processing signals, conprising

LT T ORI o

filter to provide®a first filtered 25 signal

detecting a second signal using a second signal sensor; _ §

;! : :erl gg the Isecond Si goBputihd 4\GifRrenes Bitdedn the Bist (et QigndPar ﬁxeczég&ﬁd
iltered signal; .

conmputi ng a difflteeadesignalibet ween the first filtered signal and the second

filtered signal; P L ' B | L.Std.6..0f the
second filter in dependgﬂ%mépaoﬁﬁf@%#gpé%cm%@égﬁ%ﬁhgg dgﬁ%ep of
conput i ng; andipon the difference obtained in said stegyoficomputingstandne par anet er, the
paranmeter indicating a rel atijonship between the first, apd second sensors,
D Tunct i on of & i & ERITE 15 % BB Rerantes Aolaie oyths B Aff peond SERgE"
function of the depdntigiice Mok AFNREME charhdteristt of adid fivse FeL ardd the Fltering

25. A method according to claim?24, wherein said step of esti %FI ng at

| east one par shameteristiccofisgidssecond Bllesp of estinmating a relative tinme del ay
and a relative scale factor between said first and second sensors with

respect to a signal source.
25. A method according to claim 24, wherein said step of estimating at

least one parameter includes the step of estimating a relative time delay and a relative

scale factor between said first and second sensors with respect to a signal source.

26. A method according to claim 24, wherein the filtering characteristic of
the first filter includes at least one passband providing unity gain and zero phase delay

at a center frequency of the passband.

27. A method according to claim 24, wherein the filtering characteristic of
said second filter is adjusted using a Normalized Least Mean Squares (NLMS)
algorithm.

28. A method according to claim 25, further comprising a step of shaping a
beam pattern provided by said first and second sensors in dependence upon the
relative time delay and the relative scale factor obtained as a result of said step of

estimating.

29. A method according to claim 25, further comprising a step of selecting
and transmitting a signal detected by a particular one of said first and second sensors
in dependence upon the relative time delay and the relative scale factor obtained as a

result of said step of estimating.
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26. © A method according to claim 24, wherei n the filtering characteristic

of thetlmmmﬂmm gl udes at | east one passband providing unity gain and
zero phy ml’”“menter frequency of the passband. 27. A
met hod dccbrdbng' t & clai m 24, wherein theg filtering characteristic of said

second filter is adjusted using a Nornalized Least Mean Squares (NLMS)
al gorithm 3028. A merHdRideastd qeeﬁmwﬁnﬁé@aém' ing/tHE £ .
conprising a step of shaping a beamﬁgagt ern .p’r ovi de t?gélsngl d Hgﬁgs? and
second sensor Sdetasting phedienz sigog saurch of intergstiis active and seling relativettime dedamt i ve

scale factor g ' . I | i . 29.
A net hod accor%?%ﬁ?gacﬁralg%&%qE@ﬁ%&?ﬁ%ﬁl%%ﬁg%éggg og?iegeg%ti ng and
transm tting dindicgesthadnd satradofintepespdy dctieall ar one of said first and second
sensors in dependence upon the relative tinme delay and the rel ative scale
factor obtained as a result of said step of estimating. 30.
A nmethod according to claim24, further conprising the steps of detecting
whet her a signal source of interest is active and setting relative tine
delay and scale factor estimates to predeterm ned val ues when said step of
detecting indicates that no source of interest is active.




