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| MPLEMENTATI ON  Cross-reference to Related Applications This application is
related to application U S. Serial No.: , by Andrea et i on

Cct ober ?@U"%gﬁé and entitled 5 System and Met hod for AS%%IQ%%ﬁﬁgyerference
Canceling (Attorney Docket No. 670025- 7010), hereby incorporated by
reference. Field of the Invention This invention relates to signal
processing, and nore particularly, to processing the signals received by
an array of sensors in order to mnimze the anount 10 of noi se received

by the arrgyppRAIYREETEONAY, BEAMSFORMING DESIGN ANIEIMPHEMERT ASTION .
Background O The Invention Beanformng is a termused to designate the

oper at i oN3sSREraliR o Refaltd ApliBat@sSpati al sensitivity pattern for an
array of sensors. assical beanforming is defined as "delay and sum

beanform ng”. In delgy %ﬂcﬁ%mipﬁwﬂo@pg?&t@nwg'.rfg’e?iaﬂﬁ transmts a wave

that propagates and ‘arrrves at an array sensors at different tines,

dependi ng on the source directign and the, arra The. out puts of
the sensor Qe#——%he—a%%ay—as%Aﬁ@“?f@%?fﬂgig%@f%ﬁggggg?%ga?%gﬁﬁgﬁay in time
of arrival of the source's . wave, which griginated fromthe pr red

di r ect iSon, Systeen &drdethod fo5 Adapiyefiptesiczenge éae%qhngéﬁftgl&lpy ﬁ?&?etﬁ\z%%g%r
output. The effect of sources that are |located at directions other 20 than
t he pr ef er0df), dereby incorpofatesfar rebagencs. as t he | ooking direction) is reduced

by the beanform ng process, resulting in maxi mumsensitivity of the
process t ielda$ tHeavenpioef erred direction.

This invention relates to signal processing, and more particularly, to
processing the signals received by an array of sensors in order to minimize the amount

10  of noise received by the array when the array is being used to receive a desired signal.

Background Of The Invention

Beamforming is a term used to designate the operations associated with
forming spatial sensitivity pattern for an array of sensors. Classical beamforming is
defined as “delay and sum beamforming”. In delay and sum beamforming, a source

15 transmits a wave that propagates and arrives at an array of sensors at different times,
depending on the source direction and the array geometry. The outputs of the sensors of
the array are delayed, to compensate for the delay in time of arrival of the source’s
wave, which originated from the preferred direction, and summed, to provide a classical
directional beamformer output. The effect of sources that are located at directions other

20  than the preferred direction (referred to as the looking direction) is reduced by the

beamforming process, resulting in maximum sensitivity of the process towards the

preferred direction.



WO 01/ 37435 PCTI USOQ 41537 2 The array of sensors can be, for exanple, an
array of m crophones receiving an acoustic sound source. The beanform ng
process can be used to map sound sources (in a sonar system for exanple),
or to enwbasszesa sound source whose direction is knowRCHYSMHEHf yi ng t he
conpensati ng del ays and "steering” the look 5 direction of the array. The
beamwi dth - usually defined as the difference between the two angles, in
whi ch the output energy is reduced by 3dB relative to the beamcenter -
depends on the array | ength, frequencjzof t he received signal and
propagati on speed of the received iqpal in our exafgﬁe the speed of
sound). For many prBR&3eay of senspri<an beginke P TR QFIRRPIOPPSy Wi | | not
be sufficiently narrow, and enlarging the array 10 length _is not desired.
For thosereceising aa anoistic §oundepisaal heheamfTmagpropess esRe ysed to B3R r ed.

Mor eover, while delay and sum beanform ng, does not provide opti num noise
reduct i Ongounfl sbltesy@n® sunat systenpfor sxample), ot tosaegthagize alsdundrsencewhioser t o each
sensor) and the outputs of the filters summed, one can obtain a different

shape of pheabsaERMWEDyY AdFVinp tic coithensiting delapoirrlE steetng’t thedookW t h a
careful design it is possible, for exanple, to create a null (zero

recepti o nhiréc%%ﬁ 'bgﬁue‘?mgil.vﬁ{é HhmSFHAP N udubll R dEFed Qs SR Fereficsbotwedn the | S
known and a null I's placed in that direction, inproved noise reduction can

gﬁmr g:;imcz g)?qé}sg}esgﬁ%%ﬁéhegletogg%p&e? | gq‘ﬁ&lﬁ@&'ﬁ% 59@ ra‘fiti\]:ehg titd B3 Genflglay and

asic approacfres have been devel oped to obtain optimm
or eoant odOTARONBHEF ATDY ERENEFIUEReY Of HEFGaTeY et Rt Rise RS T W ey,
New York) pp. 89-105 .
the received signal (in our example the speed of sound). For many practical purposes
the beam-width of the array will not be sufficiently narrow, and enlarging the array
10 length is not desired. For those cases a more directional beamforming process is
required.
Moreover, while delay and sum beamforming, does not provide optimum
noise reduction. If the sensors’ outputs are filtered (a different filter to each sensor) and
the outputs of the filters summed, one can obtain a different shape of the beamformer
15  output and improve noise reduction. With a careful design it is possible, for example, to
create a null (zero reception) towards a given direction. If a noise source’s direction is
known and a null is placed in that direction‘, improved noise reduction can be realized as
compared to the noise reduction of the classic delay and sum beamformer.
Two basic approaches have been developed to obtain optimum
20 performance of a beamformer in the presence of noise. The first one, presented in

Monzingo and Miller — Introduction to Adaptive Arrays (Wiley, New York) pp. 89-105

and 155-216 shows that if a filter is created for each sensor that for each frequency will

have gain weights of



and 155-216 shows that if a filter is created for each sensor that for each
frequency wll have gain weights of WO 01/37435 PCTIUSOO 41537 3 w C'v
(1) p vC'v the output of the beanformer will have opt] rmance in
terms ofWRA8I¥E3S reduction. The above weights will maint gd@@gogﬁ{%f; gai n at
the ook direction (no 5 distortion of the desired signal) while providing
m ni mum energy at the output. The two assunptions (m ninmum energy and no
signal degradation) will result mninumnoise at the output. In Eq. (1) C
is the noise covariance matrix and it y be expressed as: C = E {y*yT) (2)
where 10 YT=1Yi(f) Y2(f) .. Y.(f)J (%%4is t he noi se neasurenent at the
elements, and v is the steering vector tbm?{ds the Il ook direction,
expressed as: 15 e-iwo v = e-i"""®(4yCnke g e-i-r(n-"0i0-T(n-1) are the
steering delays introduced to elenments O-n respectively by a target
originated at the |l ook direction. Further, the filtered el enments approach
was extended by 20 Frost (0. L. Frost, II1l, "An Algorithmfor Linearly

: Constr ai nﬁ% o’ﬁ‘ﬂ)?l?gf $hE beNthA¥mer will have optimum performance in terms of noise

reduction. The above weights will maintain a unity gain at the look direction (no
5  distortion of the desired signal) while providing minimum energy at the output. The two
assumptions (minimum energy and no signal degradation) will result minimum noise at

the output. In Eq. (1) C is the noise covariance matrix and it may be expressed as:

C=E {y*y"} (2)  where
10
Y'=Iyi(® y2H .. ya(H) 3)
is the noise measurement at the elements, and v is the steering vector towards the look
direction, expressed as:
15
e M0
v=| e (49  where
e~ Mwrtn-1)

10-t(n-1) are the steering delays introduced to elements 0-n respectively by a target
originated at the look direction. Further, the filtered elements approach was extended by

20  Frost (O. L. Frost, I1I, “An Algorithm for Linearly Constrained Adaptive Array



WO 01/ 37435 PCTI USQQO 41537 4 Processing," Proc. |EEE, vol. 60, no. 8, pp.
926- 935, Aug. 1972.) to provide an adaptive beanforner in which the

wei ghts woul d adapt thensel ves so that they converge t i he

opti mum ¥&IB748H. The second basic approach to obtain o&&ﬁﬁ#oggsng or mer
performance 5 was developed by Giffiths (L. J. Giffiths and C. W Jim
"An Alternative Approach to Linearly Constrai ned Adaptive Beanformng,"

| EEE Trans. Antennas Propagat., vol. AP-30, no. 1, pp. 27-34, Jan. 1982.)
who suggested using a Noi se Canceling (NC) approach to the optinum

beanf or mer Ppecsisingn Prar. WEEE,80b00ah 8t pre 936:Qp5. Aveg. d9€2.) tacprevide amr e updat ed
by the Least Mean Squares (LMsS) algorithm Giffiths proposed using the 10
el enment s' sdaptiad Beantfonitran whachrtad weigh@woalld adapt thleinsélvédohthathtkeysi gnal and
the noise are present, and reference channels, in which only noise is

present (i eshverlitéProvide thé gitahum ksl@@gn. The mai n channel can be generat ed
t hrough one of the elenents alone, or through «classic delay and sum

beanforning. The ref erenesnhiRRNehDa0R0 d%garngg@@,paﬁl%aﬁl%rﬁuggerﬁ ce

subtraction of one el enment from anot her, orm ng any other |1 near

combi nast o) aslg’gv%[olggéi g%ﬁth& Q?T,Jé&@%tﬂi Eﬁc@%' W.EJ ih, & rnOAangﬁka %gi‘&eﬁhl ook

direction (i.e ction e nmal i channél "an e reference
channels are utili dtg.an adidati e VS W dr filter to obtain an
opt 1 mum botnk By ConsEingl A v alFuntathine  TEEE Trets futepudrangeer.
Applications - Wdrow, Gover, MCool - Proc. |EEE vo0l63 no.12 1692-1716,
Dec 1975) . VlnAPROsN® dap2/e3% &k St 2evhe snesested usinga Nogss£raneslingdNO)| t er ed
20 (i.e. each channel signal is convolved with a set of filter ]
coef fi ci enampyoach hetheioptimuarbeapiiermee bblane Buhisrepproayshdadaptive odefigientt he
noi se estimation, and the noise estimation is
are updated by the Least Mean Squares (LMS) algorithm. Griffiths proposed using the
10  elements’ signals to obtain a main channel, in which both the signal and the noise are
present, and reference channels, in which only noise is present (i.e. which are signal
free). The main channel can be generated through one of the elements alone, or through
classic delay and sum beamforming. The reference channels can be generated through
the subtraction of one element from another, or by forming any other linear combination
15  of elements that would provide a zero output at the look direction (i.e. the signal
direction). The main channe] and the reference channels are utilized by an adaptive
LMS Widrow filter to obtain an optimum beamformer (see Adaptive Noise Canceling:
Principals and Applications — Widrow, Glover, McCool - Proc. IEEE vol63 no.12
1692-1716, Dec 1975). In this adaptive beamformer each reference channel is filtered
20  (i.e. each channel signal is convolved with a set of filter coefficients), the filtered
channels are summed together to obtain the noise estimation, and the noise estimation is

subtracted from the main channel to provide a noise free signal. The filter coefficients

in the Griffiths solution converge to



subtracted fromthe main channel to provide a noise free signal. The filter
coefficients in the Giffiths solution converge to WO 01/37435

PCT/ USOQ 41537 5 w0 =C-ip (5) where Cis the noise covagJl rix and p
is the cBPOYP4PT on vector between the beam output and ?#ﬁ% /édrgg?lce
channels. Note that with this approach the steering is done through the
creation of the reference channels and the beam so there is no steering 5
vector towards the | ook direction in equation (5). Giffiths showed that,
for an n elements system if one ¢reates n-1 reference channels, the LMS
approach woul d --converge-t oWikieC'sane opt i nidn soV@®on as Frost. - -

hj ects and Summary of the Invention It has been recogni zed that while the
t wo appr odizdelse naiseoquivamance mbGixoewng srthe ogreaditoowsstedbetiveuethedeanpri nari | y
devel oped to provide an adaptive solution, they also teach us what the

opt i mum sghiput &4 e ferele dbmels. Nae: et Wigh thiapprdadh te steking Xs doke

non- adapti ve approach, in which predetermned filters are designed and

used, is %198@%11 KB SreAREEoARPRAIERS dhbRTbISdhdaH@BEanY, 8o ARPE RaIbtechile 1 xed beam
(non-adaptivej approach i1s nuch less conputationally intensive, it is much

I
| ) ¢ - of ooy .
han > 3 SItEOIWVFdSttRe ﬂo? %g?{%“’gr“? é@ﬁ{lgggé)rs?grf@%%ﬂ):wﬁh? %%h@{aéx? %g(rjegicgnal .

channef s dRd% 0€és no
Al so, the fixed approach has th tential t h e SO t s of noi ses
better th& %?Htsééfﬁafe‘i 38“&?%’8%%@'?1 rgf?&‘ﬂlcsgﬁl%"é‘ﬁgr%si% Wr%%g‘ W‘yd’urfﬁ? fused | ow
noi ses. On the other hand, one may not_want to give up the adaptive
process, “lservsigsaojthe sams g pdutinaas Brostiini ty to significant directional
noi ses. A

Objects and Summary of the Invention

It has been recognized that while the two approaches to optimum
10  beamforming discussed above were primarily developed to provide an adaptive
solution, they also teach us what the optimum solution would be given the noise
covariance matrix. A non-adaptive approach, in which predetermined filters are
designed and used, is sometimes more appealing than an adaptive approach. The fixed
beam (non-adaptive) approach is much less computationally intensive, it is much less
15 sensitive to leakage of the desired signal to the reference channels and it does not give
rise to distortion in the desired signal. Also, the fixed approach has the potential to
handle some types of noises better than an adaptive process, such as reverberation and
diffused low noises. On the other hand, one may not want to give up the adaptive
process, because it provides the best immunity to significant directional noises. A
20  hybrid system that uses both adaptive and non-adaptive techniques provides a system
which realizes the advantages of both techniques.
Further, it has been recognized that while the above described optimum

beamforming techniques provide the solution given the noise covariance matrix, they do



20 hybrid systemthat uses both adaptive and non-adaptive techni ques

provi des a system which realizes the advantages of both techniques.
Further, it has been recogni zed that while the above desp&{@gﬂmgggiwum
beanf or mM@PBEBANI ques provi de the solution given the noi se covari ance
matri x, they do WD 01/37435 PCT/ US00/ 41537 6 not show how to determ ne
this matrix for a particular noise scenario. Al so, the equations show how
the required weights for each frequencydcan be conputed, but they do not
show how to inplenent the tine domain filters that will approximte the
wei ghti ng sof showdow tTldetepning thigumakiy for e pagicalag noigosesnare. Adss#hess how such
time domain 5 filters would be designed or inplenented in a conbi ned

. adapt i ve/ nedquatidagdhowehowbiha ndqmired ngighysfoe machMbqeencgrcan bb esraputed,rbmt thepchi ng
as to techniques for overconming differences in the elenents' sensitivity,

phase, or H§got AbWIRACE iMblcRRaKMYHAE dnthiOiNGE thatRGiD approRimatether f er ences on
the performance of the fixed beam In view of the above considerations, it

i's an obj e%-ggtigé muqu*pe hﬂ& Wk if thiPhiRY 16& Iﬁ? ESE'L%Q'hoWs'hé‘lYtin%%ﬁﬁfﬁm ng

systen1capab1 opti mal hol se reduction performance. It 1s another

bi f i i . .OVi i | : desi
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optimal”fil nase . . ormng till another
opt i I oy beRHPTnES e B L) Beftinne b bite & MBI G Ra P and
adaptive system It is yet another object of the invention to provide a
met hod to didiregges in the elements’ sensitivity, phase, or the influence of packaging and other
mechanical interferences on the performance of the fixed beam.
In view of the above considerations, it is an object of the invention to
10  provide a sensor array beamforming system capable of optimal noise reduction
performance.
Tt is another object of the invention to provide a simple and easy method
to design optimal filters in a sensor array beamforming system.
It is still another object the invention to provide a simple and easy way to
15  implement the optimal system in as a fixed solution system or as a combined fixed and
adaptive system.
It is yet another object of the invention to provide a method to design
optimum filters for a sensor array beamforming system that would take into
consideration the specific characteristics of the sensors (microphones for example), and
20  other mechanical or acoustical features that influence the performance of the array.
In order to realize the above objects of the invention and overcome the

drawbacks of prior systems, the invention provides a sensor array receiving system

which incorporates one or more filters that are capable of adaptive and/or fixed



optimumfilters for a sensor array beanform ng systemthat would take into
consideration the specific characteristics of the sensors (m crophones for
exanpl e), and 20 ot her nechani cal or acousti cal featuresP(%%g oi/4'i'§3 uence the
per f or meWOP13743%he array. In order to realize the above obj'edts of the

i nvention and overcone the drawbacks of prior systens, the invention

provi des a sensor array receiving system which incorporates one or nore
filters that are capable of adaptive and/or fixed WO 01/ 37435
PCT/ US00/ 41537 operation.. The filter re gdefined a multiple of
coeffici er?P%raH?fhz]}hﬁgﬁt&%r‘? ?‘éﬁ“&ﬁ{%% aé?lggplgé’? c%ecfg%llgn%n icﬁlefzgéleﬂic‘earegi gnal to
noi se ratio of the receiving array's output. In one preferred enbodi nent,
the filterseicoasfq BREHIZ @PélgaeﬂéﬁPP%r¥1°£ﬁ&fm%wgﬂw SP8PULARE™C | nto a
predeterm ned group of fixed values upon the occurrence of a specified
event. 5 Preferdlembddimentnie filter ensflicientnzre adaptivelyplsteamined ang gferfadede adapti ve
and fixed nodes, and providing the array with the ability to enploy the
nmode nost ifitaudraieteemined gaoupi ofdixed ogleesatpionghespeirremeaita. speafiedherener

preferred enbodinent, the filter coefficients are set to a fixed group of
val ues swh iﬁ@reag,eaué%eg ik R&of ArdyQo Optranih bbMrth@aduptideindftedndds, and
environnment. 10 Thus, reference is nade to application U.S. Serial No.:

by Andrea et ial o il ddaShitnOabaRAb capioy89RoABhRNvbla8R fSyssREn and Met hod
for Adapt ip\?(gev@h%tehrefdglrgnégn%ncleﬁﬁngg%ﬁ}?{or neoy Docket ﬁo. 670025-7010),

whi ch, together wt fqgg, abR! iedtd ons
cited t her%&eﬁg% %n\%lﬁg}rngg@ﬂ?%%%g?% e %géogg#%}’gggg?}g%%%%r es%agﬁrtE |Envenjt i on
Ty be Used e foMUIPLLOn do ML IDOdh IR S b A S osSatincd agySSed T

environment.
10 Thus, reference is made to application U.S. Serial

No.: , by Andrea et al., filed on October 22, 1999 and entitled System

and Method for Adaptive Interference Canceling (Attorney Docket No. 670025-7010),
which, together with the documents and patents and patent applications cited therein are
hereby incorporated by referencé; the present invention may be used in conjunction

15  with embodiments disclosed or discussed in Andrea et al. and/or in the documents,
patents and patent applications cited in Andrea et al. (and incorporated herein), e.g., the
“Superbeam” technology of this invention can be used in conjunction with “DSDA”
technology in embodiments disclosed or discussed in Andrea et al. and/or in the
documents, patents and patent applications cited in Andrea et al. (and incorporated

20  herein).

Brief Description of the Drawings



patents and patent applications cited in Andrea et al. (and incorporated
herein), e.g., the "Superbeam' technology of this invention can be used in
conjunction with "DSDA" technol ogy in enbodi nents di scl osed or di scussed
in Andrewoan/3z3435 and/or in the docunents, patents and pREEHIOO4PHIi cations
cited in Andrea et al. (and incorporated 20 herein). Brief Description of
the Drawi ngs WO 01/ 37435 PCT/ US00/ 41537 8 The foll ow ng detail ed
description, given by way of exanple agld not intended to limt the present
invention solely thereto, will best be“appreciated in conjunction with the
acconpanyi ng draw ngs, erein like reference nunerals denote . ||ke

el ements and parts, q?‘ﬁf Vehe d%al‘flﬁdi.escfpﬁgn’tﬁ“é yd‘iv%?t;%aglp%amflinf’tered i nput
type beanfornming systemin accordance with the present invention. Fig. 2
is a bloc kntmd@gg%wthapmm Hyveptiqnesodsly Hiersto. (Wil besl dgiapBreRialed I syst em i n
accordance the present invention. Fig. 2Ais a flowhart which shows an

i 11 ustr at coguprtooevith e aocromphgyidg dragnngsg whendin liksi refesence ngmenals densted
filtered references approach. Fig. 3 is a flowhart showing an illustrative
pr ocedur e likeelegrfigraat ipags, i wkiel: filter coefficients through the use of

si nmul ated noi se and an actual adaptive system positioned in an an-echoic

chanbes. Fig. 4 is g .Ilqmbaﬁaiagdm'mwed inputstlpSbdavodiig eghtdne irf Or
generating 15 fi xedéfi |ter coefficients throug?’lﬁthe use og si mul at ed
noi se, a eterdhonéthdhe prgsent invention.

Fig. 2 is a block diagram of a filtered references type beamforming
system in accordance the present invention.

Fig. 2A is a flowchart which shows an illustrative procedure for

10  designing and implementing the fixed filtered references approach.

Fig. 3 is a flowchart showing an illustrative procedure for generating
fixed filter coefficients through the use of simulated noise and an actual adaptive system
positioned in an an-echoic chamber.

Fig. 4 is a flowchart showing an illustrative procedure for generating

15  fixed filter coefficients through the use of simulated noise, a microphone array
positioned in an an-echoic chamber and an actual adaptive system positioned outside an
an-echoic chamber.

Fig. 5 is a flowchart showing an illustrative procedure for generating
simulated noise and using the simulated noise to generate fixed beamformer

20 coefficients.

Detailed Description

The following description will be divided into four parts. Part one will
detail a method for designing and implementing fixed beam optimal filters based on the
filtered input approach. Part two will detail a method for designing and implementing

25  fixed beam optimal filters based on the filtered references approach. Part three will

detail a hybrid system that includes both a fixed solution and an adaptive one. Part four



positioned in an an-echoi c chanber and an actual adaptive system positioned
outside an an-echoic chanber. Fig. 5is a flowhart show ng an
illustrative procedure for generating sinulated noise i he
si mul at eWOMB3485t 0 generate fixed beanforner 20 coeffic?@gygghﬂ%g%ailed
Description The foll ow ng description will be divided into four parts. Part
one will detail a nethod for designing and inplenenting fixed beam opti nal
filters based on the filtered input approach. Part two will detail a
met hod for designing and inplenenting 25 fixed beamoptimal filters based
on the fil ixgll detail Bh@alesInes e aproadelto thadesighaREmpldrhentdRhaf!fixad hadas i d
systemthat includes both a fixed solution and an adaptive one. Part four
WO 01/ 374351BGTI USOO' 41537 9 will detail two alternative approaches to the
design and inplenmentation of fixed beam filters. 1 - A nmethod of designing
and inplementing fixed beamoptimal filters based on the 5 filtered input
approach. Fig. 1 is block diagramof a filtered input type beanform ng
systemin .accordance.with the.present ipvention. As can he seen fromthe
Fig. 1, N },1' Q. 10gth0d o1 deskennggnd ymplementng Oxed beam optimal hiltars,based on the
conditioners 121 N. The m crophones’ sanples are respectively stored in
time tappelltered gpulanproach 1N and filtered by filters 10 161 N via
convol vers 181_N. The output of the filters is sumed up via an adder 20 to
provide a fixed beanfigr hisblesk|diagram of pfiltered ilivg typk beatnbutimimg systetrhia
i nvention provides

-accordance with the present invention. As can be seen from the Fig. 1, N microphones

10;.n are conditioned and sampled by signal conditioners 12,.n. The microphones’

samples are respectively stored in time tapped delay lines 14y and filtered by filters
10 164N via convolvers 18;.n. The output of the filters is summed up via an adder 20 to

provide a fixed beamformer solution. In the Fig. 1 embodiment, the invention provides

-amethod for creating the noise covariance matrix and then using equation (1) to

actually design the coefficients for filters 16,—n. It should be noted that the equation

provides us with the required coefficients in the frequency domain. The time domain
15 coefficients are obtained from the frequency domain coefficients.

To determine the optimal solution for any given scenario we first define
the scenario in terms of the spatial distribution of the interfering sources (directions and
relative intensity). For each of the interfering sources we assume a far field model. Let
us consider an array of M identical omni-directional sensors with a known arbitrary

20  geometry measuring the wave-field generated by a single far-field source. Let r; denote

the location of the i-th sensor, where r; =[X;, i, zi] and let ¢ and & denote the azimuth

and elevation angles of the radiating source, respectively.



a method for creating the noise covariance matrix and then using equation
(1) to actually design the coefficients for filters 161-N. It should be
noted that the equation provides us with the required i Gl s in the
frequencYOOYAHPH. The time domain 15 coefficients are o%@%@"ﬁ%mthe
frequency domain coefficients. To determ ne the optimal solution for any
given scenario we first define the scigario interns of the spati al
distribution of the interfering sources”(directions and relative
intensity). For eac f thejpterferin rces, we assune a far field
nodel . Let us considéM Bﬂwgfﬁ%&a gﬁfemq%algﬁ]qyc\glcm&w&aF)fpégs[sie%ﬁgpiefggnsOr s
with a known arbitrary 20 geonetry neasuring the wave-field generated by a
si ngl e f arinftineg of aEyal ©& thejiglerfprenggawayedront F%&Pdéla?‘lscﬁlle%‘?nt%ihe i -th sensor,
where ri =[xi, y;, z;] and let 0 and O denote the azinmuth and el evation
angl es of the radiating spgi{.:e,T respect i jél y. WO,01/ 37435 PCTI USOQO 41537
10 Let us now define a diffeéréntial del'dy Vvector,” whi'ch'expresses the del ay
intime of arrival of the interference wave front to the various el ements:
I'M T = wheeijtheTfirs{ sensop Farges as ariefepgnee end the delays aregrqagencd selptivesodls a
reference and the delays are neasured relative to it. 5 The signal

“Di r ects onTKS sigtal FDatctiondftAativalGvettoefdr atie far ftld cassegivendyven by: kX
sin(Ocos(O k = ky =sin(Osin(O . (6) kZ cos(O

k, sin(é&) cos(g)
k=|k, |=| sin(d)sin(g) | (6)
k, cos(d)

Let us define a distance matrix R between the sensors of the array

10
o -
r,-r
R= : @)
Iy —n

The time delay between any two sensors is equal to the projection of the distance vector
between them along the k vector divided by the wave propagation velocity (sound

15  velocity for example). Consequently, the delay vector can be expressed as follows:

T=——— ®)



Let us define a distance matrix R between the sensors of the array 10 O
r2 -r, R(7) rM- rl The tinme delay between any two sensors is equal to
the projection of the distance vector between themalo hﬁ@ £ct or

di vi ded W9 0VHd35wave propagation velocity (sound 15 vel o i exarrpl e).
Consequently, the delay vector can be expressed as folloms Rk (8 C WD
01/ 37435 PCT/ US00/ 41537 11 where c is the wave velocity and the matrix R
is conmposed of the distance vectors bktween aII t he sensors and the
reference sensor. More explicitly, for_sensor j we can wite 5 Tj = [x1]
cos( O si nglmre ¢ isthp wavayepeithgng)the matjx Bdfs‘("@P]OS?d of theflisieres kIS t hat
interference i has an anplitude of s; and a Direction O Arrival vector of
k1 then igewesmasithe sansbrs ayd tHeaeferanay saaor. Moregmlisilye fragnIonbws 68 ce
steering vector nultiplied by the source anplitude 10 .yi \.f) = sibi (.f)
= Sie-' WyrteSi €-' 2)fRk/c (10) The contribution of source i to the noise
covariance matrix i s expresses as:

5 5 =[x; cos(9)sin(g) + y,; sin(&)sin(g) + z,; cos(@)]/c )

Assuming that interference i has an amplitude of s; and a Direction Of Arrival vector of
k; then its measurement by the array can be expressed as the source steering vector

multiplied by the source amplitude

10
. ) . N —jor _ . —j2nfRk/c
yif)—sﬁif)—sﬂ = §;€ (10)
The contribution of source i to the noise covariance matrix is expresses as:
15 C,=E{yy,} (11

T . 2.
Since b; is deterministic and we assume stationary sources where s;” 1s the power of the

source i the above equation is reduced to
G, =y,'yx't (11a)

20  Under the assumption that the interferences are uncorrelated we can write



15 C1 =K{y;y; } (11) Since b; is determ nistic and we assune stationary
sources where s 2 is the power of the source i the above equation is
reduced to C, =Y;VY,t (1la) 20 Under the assunption that i erences
are uncoVPAat4y we can wite WO 01/ 37435 PCT/ USOO/41537M]'§3§0@,}4§§3% - (12)
If we assune that there is an additive uncorrel ated noi se (spatially
distributed white noise) n to each of the sensors we obtain 5 C=nl +JC,
(13) where | is the unity matrix witH2a size of [Mx M. So far we
obt ai ned the noi se covariance matrix for a predeterm ned noise 10
environment. In order to use egudyl®n (1) we(nped to calculate the steering
vector v. This steering vector resses the I ook of the array towards a
defined direction. The steering vector v is the conjugate of the vector

al ready expressed in equation (4) and it 1is calculated in the same way as
the steering vector of the noise sources (see (8) and (9)) where O and B
are the aifwetdsumedhasitesyaisiaprdditive Hecorststednoisedspasially disspuged Wity 15 1t
shoul d be noted that a far field nodel for the noises was used to obtain

t he above neijet iocsash of theisensnstwanettaissari |y desirable to use a far field
nodel for the target (desired signal). For exanple, one may want to

i npl engnt a focusing effect on the target in near field situations. Such
an effect can be obtained by mani pul ating the

C=nl+).C, (13)  where

I is the unity matrix with a size of [M x M].
So far we obtained the noise covariance matrix for a predetermined noise

10  environment. In order to use equation (1) we need to calculate the steering vector v.
This steering vector expresses the look of the array towards a defined direction. The
steering vector v is the conjugate of the vector already expressed in equation (4) and it
is calculated in the same way as the steering vector of the noise sources (see (8) and (9))
where ¢ and @ are the azimuth and elevation of the look direction, respectively.

15 It should be noted that a far field model for the noises was used to obtain
the above equations. It is not necessarily desirable to use a far field model for the target
(desired signal). For example, one may want to implement a focusing effect on the
target in near field situations. Such an effect can be obtained by manipulating the

steering vector accordingly.
20 The fixed solution technique of Fig. 1, using equation (1), provides a
way to calculate the gain weights of each sensor in an array for each frequency. More

specifically, for each frequency of interest the system of Fig. 1, equation (1) is solved to



steering vector accordingly. 20 The fixed solution technique of Fig. 1,
using equation (1), provides a way to calculate the gain weights of each
sensor in an array for each frequency. Mire specifically, for each

f r equencwoai/3743s er est the systemof Fig. 1, equation (1)PGERUSHIHBE to WO
01/ 37435 PCTI USOQO 41537 13 yield one weight for each filter (wopt is a
vector with the nunber of elenents being equal to the nunber of sensors).
Thus, if it is desired to obtain the opti num wei ghts for ten frequencies,
for exanple, equation (1) is solved for ten frequencies and each filter
161_Nis §i@ﬁ1rbn@%&ésig}ﬁq‘oxteécﬁ Bflerf(WEG LS oF TR the MBS elentehs teitg of
frequency’ domai n wei ghts for each filter defining the filter's frequency
domain r escgu%pt%qhe el Serdsb S YRS A it RSRRSE ol fBlaift ebpliubfiveightsdet er m ned,
it is necessary 0 design the tinme domain filters to provide the

determ ned frequency.res

ponse. |f the LoRts. ( "gaLns’y) al
nunber s - CAEEANFISHIRE e’faﬁléoq%l &4yq1eg (h Foer e(ggosr ?%1 ﬁ%%gg@éﬁgseg@ﬁ _ﬁltér\: can use
the weights with any of the_well-known nethods to design the filter for 10
each sensbfin IFH}CU@iéﬂiS’I Ry ten fregHeABSY SOIRHA NAsNAT H&&egﬁé%é‘e%% SPmAL - Si npl e
cases such as when the array is_linear and the noise sources are
posi t i oneweightsfossashndilter definingrthe filipres BeqGATY 4MRAIN EFROYEr ect i on, the gain
wei ghts woul d be real nunbers. If the gain weights are conplex nunbers,
such as when t he noDse: tht frequenrerasponso forspeinfilteriig detemeined, G NEEESAY | t er
wi |l not have a linear phase. For these cases one can feed the weights for
15 each f{J de@fgnttke @Me dbidin(fltersas peovidsthe Betarmiaed frequestyrasporsedédure to
obtain the time domain function that would provide the desired frequency
response @;@%h&rt@xseg%h{sef ark R&1 nlrhbdr®! meaning that the desired filter has a linear phase

- we can use the weights with any of the well-known methods to design the filter for
10  each sensor. For example, a Remez Exchange Method can be used. For simple cases
such as when the array is linear and the noise sources are positioned in a symmetric
strucm;e ardund the look direction, the gain weights would be real numbers. If the gain
weights are complex numbers, such as when the noise structure is not symmetric, the
required filter will not have a linear phase. For these cases one can feed the weights for
15  each filter to an IFFT (Inverse Fast Fourier Transform) procedure to obtain the time

domain function that would provide the desired frequency response and phases for the

filter.

2 - A method for designing and implementing fixed beam optimal filters based on the

20 filtered references approach.

Fig. 2 is a block diagram of a filtered references type beamforming
system in accordance the present invention. As can be seen from Fig. 2, N microphones

26,y are conditioned and sampled by signal conditioners 28;.n. The microphone outputs



2 - A nethod for designing and inplenenting fixed beamoptinmal filters
based on the 20 filtered references approach. Fig. 2 is a bl ock diagram of
a filtered references type beanform ng systemin accord resent

i nventi oWOB&'Han be seen fromFig. 2, N nicrophones 26 ?ﬁl’ﬁgéozﬁ%%ndi ti oned
and sanpl ed by signal conditioners 281_N. The m crophone outputs WO

01/ 37435 PCT/ US00/ 41537 14 are processed by a delay and sum beanforner 30
to provide a beam channel, and by a rafference channel processor 32 which
is typical of an LMS beanform ng system As shown, the beam channel my be
formed vi aateigodehstd Hya ddRlyayd sindl besmitdeen3®ioprowtide Rbe4f Shar@el, hh&by Aput s,
however the alternatives include any |inear conbination of sensor 5 outputs

that will Pif&%h&%h@nﬁ@ﬁfo%%bﬁ%ﬁﬁﬁ i icbp&lshm§ bbﬁﬁﬁp&lﬁ%) ytmeRLi on. The
reference channel s are processed such”that a null 1s plac cf towards the

| ooki ng diyecti;o t V. i . . [ n ] hone form

t he ot her, S%OS’&IB;t/hC%SJP nc‘lh nIg mé%r?}\\éBg#ﬁ%&ﬁﬁlgéggﬁg%%g%?&o%P%g‘gﬁgout puts.
The out put of the reference channels is re ctively stored in.tapped

ot ay. | | o5 o (e g Tomweh in Bermut s (T Gy SR CRGTEHPR BF SaEy
filters 361 _L via convolvers 381 N The filtered reference channel output

i s summid 9FavtahasddeproxpleaTadmBEY tavekls the lgoking (ienirg)tiregtsorn. I8en t he

beanf orner out put as delayed by a delay |line 44. This structure is typical

t o adapt i veferbeerohemebsrase prokensed such thatfewlneplacdddnwetds the leokingt er ed by
adaptive filters and then summed and subtracted fromthe del ayed main beam
si gnal . | ndpettionds may bhebfainet ey sutatratind ofi¢ médoghona fartaghe iotey, o ibst
pre-designed. The nethod is highly practical in systens that already have
the struct R soffe clickaMhbar@oRBaIAtiof BEfensHUugfuts aRe BetpaPHf thefeférendeot h t he

-

channels is respectively stored in tapped delay lines 34, (L. may or may not be equal to
10 N) and filtered by filters 36,.. via convolvers 38,y The filtered reference channel
output is summed via an adder 40 and subtracted via a subtractor 42 from the
beamformer output as delayed by a delay line 44. This structure is typical to adaptive
beamformers, where the reference channels are filtered by adaptive filters and then
summed and subtracted from the delayed main beam signal. In our case, the filters are
15  fixed (non adaptive) and pre-designed. The method is highly practical in systems that
already have the structure of an adaptive beamformer, which can be applied to both the
adaptive solution and the fixed solution.
In the filtered references embodiment of Fig. 2, the filters’ coefficients
are designed and determined using equation (5). More particularly, the noise covariance
2(5 matrix is determined and then used in equation (5) to determine the filter coefficients.
As was the case in the filtered input embodiment of Fig. 1, equation (5) provides filter
coefficients in the frequency domain and it is necessary to obtain the time domain

coefficients from the frequency domain coefficients.



adaptive solution and the fixed solution. In the filtered references
enbodi nent of Fig. 2, the filters' coefficients are designed and

determ ned using equation (5). Mdrre particularly, the naqj Lance 20
mat ri x i?“ﬂ%@@?gined and then used in equation (5) to d@?@?ﬂﬁﬁéﬁ%Ee filter
coefficients. As was the case in the filtered input enbodi rent of Fig. 1,
equation (5) provides filter coefficigats in the frequency domain and it
is necessary to obtain the tine domain “coefficients fromthe frequency

domai n coefficients %gﬁ%gﬁgiﬁgg%uggg{ SO0/ 41537 15 Equation (5) is

expressed as w0 , = I's the noise covariance matri x as neasured
by the reference channels, and p is the correlation vector between the
mai n channel (bean) output and the: T EF @ enédEhannels. 5 W obtain the
noi se covariance matri x using techniques that are simlar to those used in

the filteregshBmyiss caRpiafethatriXae nitadir&d BNGE réferchbddhanke1f a8 pligebt ai n the
noi se received as it appears in the reference channels, and not as it

t . : i i i f
appears at £RtMoSSRSEF betwOerdfe hﬁhfatmaxelﬂ\ég gﬁrﬁieaﬁl?/ gou@*a{ Mdnt peefgx%ﬁ&t Jﬂgpxlk@rllé. ?Eeo

each noi se source to each sensor hat we obtal ne

previo h and. then find the contribution of each nojse source to 10
each r ﬁ ep@t c?gga%:rh%lﬁ rrfeFé ‘ § he'¢e %tlné r?é%lgé??gﬂlﬁg?esstﬂﬁﬁ'%e alé’HEalr 1 #‘VS%‘EFQH vel y
flat sensitiyity, .patterns hayving. nulls pointing to the array | ook

directi on.th?ﬁbel%éf&”&?@@‘@ﬁ%%ldgﬁ%f?@e 1g ehe gegktiophtain thedioises5as5ivsdt i ons of
the el enments' outputs after they have been steered to the | ook direction.

For exanplas ikappgars (ithe xefyrepes chisandds, apd aetesdieapphern aetach senser. {Tgedo thisput s

(denoted as xn) have been appropriately delayed to conpensate for the | ook
we first obtain the contribution of each noise source to each sensor (the same y; that we

obtained in the previous method), and then find the contribution of each noise source to

10 each reference channels. The reference channels are generally relatively flat sensitivity
patterns having nulls pointing to the array look direction. The reference channels are
created using linear combinations of the elements’ outputs after they have been steered
to the look direction. For example x;+x,-(x3+x4) may be a reference channel after the
inputs (denoted as x,,) have been appropriately delayed to compensate for the look

15  direction. These relations can be expressed as a nulling matrix N (note again that in
order to guarantee a signal free reference the sum of the elements of each row in the

matrix should be 0).

Example for nulling matrix for an array of four microphones and three reference
20  channelsis

o
N=-| -3 1.1 1] (4
11 1 -3



15 direction. These relations can be expressed as a nulling matrix N (note
again that in order to guarantee a signal free reference the sumof the
el enents of each rowin the matrix should be 0). Exanpl i ng
matri x W@ OHW4E ray of four microphones and three referéﬁg%ﬁﬁﬂgﬂ%tannels IS
11-1-1N=43111¢(14) 11 1-3 W 01/37435 PCT/US00/ 41537 16 Note
also that for an n elenents array onlx n-1 i ndependent nulls can be
created. If we denote v as the steeriﬁg vector to the | ook direction than
we can obtain the contribution of the a noise source i to the reference
channel s through the follow ng equation: 5 Xi = N diag(v) vy; (15 where
diag(v) is the diagonal matrix which elenpents are the e] enent % t he vector
v (for bNothlsi thet far amy elemegis\aay onlyhk mdspendentpulls ¢4n b ‘ffei“gd-ﬁ \:
interference contribution of 10 noise source i neasured by the_ array

el enents asndies a¢ ihbatterdhpvestortp the lppledizeckian Hiangve ¢patabiain thecgniri§uligteat e t he
ref erence channels and x; is the contribution of interference of noise
source i gpERFDkee6udy i tde Fdérenenhenchathrelgh thefotlowilg eguatami on (15) the
contribution of a noise source is "transferred" fromthe array elenments to
t he regerence channel s. 15

x;, =N-diag(v)-y; (15)

where diag(v) is the diagonal matrix which elements are the element of the vector v (for
broad side array diag(v)=I - the unity matrix), y;is the interference contribution of

10 noise source i measured by the array elements as described above, N is the a Nulling
matrix used to create the reference channels and x; is the contribution of interference of
noise source i as measured by the reference channels. Through equation (15) the

contribution of a noise source is “transferred” from the array elements to the reference

channels.
15
The overall noise measured the reference channels is the sum of the
noise contributed by each interference.
X= Z X, (16)
20

where x is the noise measured at the reference channels.

The contribution of each x; to the noise covariance matrix is expressed as



The overall noise neasured the reference channels is the sumof the noise
contributed by each interference. x=x; (16) 20 where x is the noise

nmeasured at the reference channels. The contribution of ggég;gd %p t he
noi se cHVAPVHAYe matrix is expressed as WO 01/37435 pcTh PSS 17 C, =
E{x;x; } (17) As in the case of equation (11), since x is a nultiplication
of a stationery signal by a determnistic one (the steering elenents) the
equation is reduced to 5 C, = x;x; (1FVA) Under the assunption that the
interferences are uncorrelated we can wite C5C; (18) 10 If we assune
that there is an additive uncorrelated noise n (spatially distributed white
noi se) to each of the sensors we obtain C=nl + EC (19) where 151 is
the unity matrix with a size gf [ QQZA. Ve noy need to find the
correlation vector p. This vector ekxpresses the correlation between the

beam signal and Lhe { el et ens. Sranel S e 651 L Bl S5hAby aP 1S O1ven

deterministic one (the steering elements) the equation is reduced to

5 C. =xX; (17a)

i i

Under the assumption that the interferences are uncorrelated we can write
C=>C, (18)

10 If we assume that there is an additive uncorrelated noise n (spatially distributed white

noise) to each of the sensors we obtain

C=nl+)Y C, (19)  where

15  1is the unity matrix with a size of [M x M].
We now need to find the correlation vector p. This vector expresses the

correlation between the beam signal and the reference channels. The correlation vector

p is given by:

20 pP=) P (20)

where p; is given by

p,; = beamx; (21)



p; = beamx; (21) WD 01/37435 PCT/ US00/ 41537 18 and beam = v vy, (22)
After obtaining both C and p equation (5) is used to find the gain weights

for each frequency. The practicality of obtaining the 'ﬁﬂgn a series
of discf%?é”?ﬂ@ﬁuencies 5 and the actual design of theW?% e?éﬂ%%s

denonstrated above in relation to the filtered inputs nethod of Fig. 1. An
illustrative procedure for designing and inplenenting the fixed filtered
ref erences approach is shown in Fig. 2. As can be seen fromthe figure,
the first steps are to define the desired noise scenario, the array
configuration and frequency;nd0 rgage=ang, resol yeaon (step 50), and to
initialize certain variables to be used in the procedure(step52). Next,
the contribution of a first noise source to the noise covariance matrix -
at the array output - is conputed (step 54). The noi se source's

contribution to reference channel nojse covariance matrix.is Lhen conput ed
on the badfter dttaining bethF ged B eqeasion (P bisppeshio dind thegain Waights fopeach ¢ he nul Ii ng
matri x and the steering vector toward the 15 array | ook direction (step 56)
i s conput fequeacyd Thheracbealiey of shtainingdhoweight fae e perid of Bisenste fEeqyaptiesand t he

ref erence channels for the source is determned (step 58). At this point a
det er r§ nagidme h&uiTaideigasf the filkstwmardeamakirsalabore haslatios to theditsreder ed i n
steps 52-58 (step 60). If not all noise sources have been consi dered, a
count varh%Q&qmaﬁxhgqngpnted (step 62) and steps 52-58 are perfornmed for

t he next noise 20 source. If all noise sources have been considered, the

contributions of eagh; irﬁ%e%qweﬁﬁre fBPd@s?éiﬁhéﬁfdQﬁl%%?enﬁﬁéﬁ{%Qixeﬁr e sumed to

generate a ref erence cﬁgnnel covarl ance

filtered references approach is shown in Fig. 2A. As can be seen from the figure, the
first steps are to define the desired noise scenario, the array configuration and frequency

10 range and resolution (step 50), and to initialize certain variables to be used in the
procedure(step52). Next, the contribution of a first noise source to the noise covariance
matrix - at the array output - is computed (step 54). The noise source’s contribution to
reference channel noise covariance matrix is then computed on the basis of the source’s
contribution at the array output, the nulling matrix and the steering vector toward the

15  array look direction (step 56) is computed, and the correlation vector between the beam
signal and the reference channels for the source is determined (step 58).

At this point a determination is made as to whether each source has been

considered in steps 52-58 (step 60). If not all noise sources have been considered, a
count variable is incremented (step 62) and steps 52-58 are performed for the next noise

20  source. If all noise sources have been considered, the contributions of each noise source
to each reference channel are summed to generate a reference channel covariance
matrix and the beam/reference channels correlation vectors are added to determine a

beam/reference channel correlation matrix (step 64). Once the reference channel noise



matri x and the beam reference channels correlation vectors are added to
determ ne a beanfireference channel correlation matrix (step 64). Once the
ref erence channel noise WD 01/ 37435 PCTI USOQ 41537 19 &%'03}395%7 mat ri x
and corrWPHBAYA matrix are deternined for a particular frequency under
consideration, a filter coefficient corresponding to that frequency is
determ ned for each channel according to equation (5) (step 66). A
determnation is then made if each dedPred frequency has been 5 consi dered
(step 68) If not all frequencies have been considered, a count variable is
i ncr ement eshafistcepnatfy amhcbredlation ngdrif sreafeterpinetl fomaphrfiodan frrgueroyt f r equency.
If all frequencies have been considered, a filter design programis used
t o obt ai nytdeecddstdeBition}d fikerdoBticikntaefdspaidang e thddteqappy dxdetartmnddne desir ed
response as defined by the frequency domain coefficients determned in

step 66 (géﬁgﬁ’cﬂ&éﬁnelgcc%'rdiﬁgW&fuﬁﬁbﬁéﬁts@éﬁ g¢dyat includes both a fixed

sol ution an aptive ohe. Adaptive systens are designed to provide the

opti mum sol uti on t OAtdggm{ﬁgggxgitsgﬂéﬂ &ngﬁch%si?éayfrédugﬁcg ih&sibBgh t he reference

channel type approach, an-a ive system nmeasures and studies the noise

sources through the referen channel.s and 15 subtr.ac [ ili4.zing LMS
filters. ponsiderd (EfFBB?)eIﬁPB?ﬁgﬁeqé‘ﬁ%‘B?ﬁ ]Qf'ié'eg’%qcé)r%ﬁi%sre{j h%&ﬁlé%&%rg%w lIf)r oblem The
desired signal "l|eaks" into the refereng;e chggnel %gl | s due 9 di fferences
in the sefmstamenteddsigp ¥PMAd\stenn 42198 sEeReriqgmed;for the;next Srauency, erfections.
The | eakage of the desired signal into the nulls causes the systemto try
and cancefrequrvacidebiveddens cepsideredas filtprodegigniprogram inwied do obtam the, gi{%‘by causes
distortion in reception of the desired signal.

time domain coefficients that approximate the desired response as defined by the

frequency domain coefficients determined in step 66 (step 72).

10

3- A hybrid system that includes both a fixed solution and an adaptive one.

Adaptive systems are designed to provide the optimum solution to the
noise environment at any time. Using the reference channel type approach, an adaptive
system measures and studies the noise sources through the reference channels and

15  subtracts it utilizing LMS filters. A major problem of an adaptive system is the leakage
problem. The desired signal “leaks” into the reference channel nulls due to differences
in the sensors’ sensitivity and phases, or due to mechanical imperfections. The leakage
of the desired signal into the nulls causes the system to try and cancel the desired signal
as though it was noise, and thereby causes distortion in reception of the desired signal.

20 One way to prevent signal distortion due to leakage is by blocking (or freezing) the
adaptive process when a strong desired signal is detected, and thus prevent the adaptive
process from attempting to cancel the desired signal. However, regardless of the logic

of the adaptive process blockage, blocking has the effect of locking the noise reduction



20 One way to prevent signal distortion due to | eakage is by bl ocking (or
freezing) the adaptive process when a strong desired signal is detected,

and thus prevent the adaptive process fromattenpting t he
desired §ﬁbﬁ%¥¥”kbmever, regardl ess of the logic of thegggggﬁﬁbgﬁprocess

bl ockage, bl ocking has the effect of |ocking the noise reduction WO
01/ 37435 PCTI USOQO 41537 20 filters on,§ he sol ution existing i mediately
bef ore bl ockage conmenced, resulting i~ the filters losing their rel evancy

intime. Ip order, to,Qverco t he iLorat e, the probl ens, asspciated with

| eakage anglt‘HF R KieRg }uqioﬂgx‘ﬁ{}‘g%%meﬁ%glé’rhef%ﬁglﬁfiga CFRTIENLT eesﬁﬁll%ﬁ%v\hi ch the
filters' 5 coefficients drift formtheir adaptive solution into a

pr e- desi gnthg fHtessdesing theiriTelgvaneRan i8¢st em i nitial i zes its filters
coefficients with the fixed pre-designed solution and fades into the fixed
sol uti on whenever t hia aadeifie Pvescmothe gmelierats the Riodlemspssafited Wiy nechani sm
is inplemented in the followng way: let wi(n) be the i-th coefficient of
an adapt i leskdgklahé bloakingj the preserd mbehsn prp@de@sytstem in wizidh thel filterdf t hat
filter coefficient, then 10 wi(n+1l)=wl(n)*y+w, (0)*(1-y) (23) where vy

det er m nescdepreiéms rif femd thkir edaptivk kolatsvdtepientedighédfikddotutival Tiid on. The
drifting process of the invention serves another purpose. It has been 15

shown t hat %Qﬁu AHBRLLVE MRS LSSHHIRYtsSHR BE ExéPpreHe¥BREEI0IGK 4nd fuegEr i cal
probl ens en the process is perfornmed by a fixed-point processor (see

Limted-Precision i { ] '- - Cloffi - | EEE
Tlr ansact i owgol %‘Iﬁ léle? %nglt?és:& ‘glr‘]‘%i‘%@gg%‘iﬁéﬁ@”J‘%%E l-lsr?}%o%kg.&p?l?k %1?1 987|) . To
t h di ver t b k A t f f. I
P eaky 11 st EaRmepled 3 B hovsie vy BOVDUIRe [ Rty 8PB ¥ @
adaptive filter at time n, and let w(0) be the fixed value of that filter coefficient, then

10 wi(nt+1)=w;(n)*y+w;(0)*(1-y) (23) where
v determines how fast the filter will converge into its fixed solution.

The drifting process of the invention serves another purpose. It has been
15 shown that the adaptive process may explode (or diverge) due to numerical problems
when the process is performed by a fixed-point processor (see Limited-Precision
Effects in Adaptive Filtering — John M. Cioffi - IEEE Transactions on Circuits and
Systems vol cas-34 no. 7, Jul 1987). To prevent such a divergent breakdown, it is
sometimes useful to apply a “leaky filter”. A leaky filter multiplies its coefficients by a
20 number smaller than one before they get updated, thus preventing divergence due to
numerical problems. Although the leaky process does not allow the filter to converge to

the optimum solution, it prevents mathematical divergence.



20 nunber smaller than one before they get updated, thus preventing

di vergence due to nunerical problens. Al though the | eaky process does not
allowthe filter to converge to the optimumsolution, it prevents

mat henat waad1/3dazser gence. WO 01/ 37435 PCT/ US00/ 41537 21 FE®USHEIEY t he
decayi ng process proposed here will elimnate the need to use a strong

| eaky process (or any |eaky process) since whenever the adaptive process is
bl ocked the whol e adaptive process is agtually reset. Also it is possible
to be nore generous in the blocking logic - meaning it is possible to

allow it to happen nrHeAis@bt 88 defayfigibedsifropbieti@leramill elinfififte t¥trieedtos Ub
optimal, but fairly good, solution and the pitfalls normally associ ated

wi t h bl ock| [ = ' ; ehes i ;

il ement FRSOF B PRPess for YAoK SREE RACIEE: bR ATNIBRERE | ¢ ved
beanf ormer, .10 i.npl epent ati.ons of the inventio e nr n these two
i npl enment al?lf"g??grﬁg%‘gﬂag 9%&9“5? grsocgssﬁso?cst%aq%'trfa’%l(t:‘t@%ﬁtl)syp %F‘?ieﬁﬁté’gg%‘?‘ése sour ces
in the sphere, the e _noi se covariance rix js calculated and the

opt § mum F1ge0giout e ACKREISEe s prenE s pestballvddt & SPRE FOMMER of t he
description a hybrid beanformer inplementation was _ discussed. In the third
i mpl emént asinasrihe Bleradfadsiaton soopsmal baidgirbygapdwsrlutiqnanddhgpitfalis
significant noises to adapt to, and the fixed solution kicks in when the
adapt i ve provmeBgasspeiated withi tleddtirfgare goméed: eason (e.g. a strong signal). It

i s proposed here that, assum ng one has the infrastructure for an adaptive
solution, it can be utilized to obtain the fixed sol uti-on using the
adaptive process. For exanple, |lets assune that the adaptive process is

i mpl ement efd Qfr@Rivehbproaches to design and implement fixed beam filters

In parts one and two of this description fixed beamformer
10  implementations of the invention were presented. In these two implementations one
simulates a noise structure by placing noise sources in the sphere, then the noise
covariance matrix is calculated and the optimum filter for that noise structure is
obtained. In part three of the description a hybrid beamformer implementation was
discussed. In the third implementation, an adaptive process is employed when there are
15  significant noises to adapt to, and the fixed solution kicks in when the adaptive process
in inhibited for some reason (e.g. a strong signal).

It is proposed here that, assuming one has the infrastructure for an
adaptive solution, it can be utilized to obtain the fixed solution using the adaptive
process. For example, lets assume that the adaptive process is implemented on an off

20 line system using high-level language (like Matlab for example). One can simulate the
noise structure off-line, i.e. obtain the noise signal on each of the microphones (time
domain noise sources multiplied by the source steering vector). This noise data can then

be fed into the simulated off-line adaptive process. Once the adaptive process



20 line systemusing high-level |anguage (like Matlab for exanple). One can
sinmulate the noise structure off-line, i.e. obtain the noise signal on
each of the microphones (tinme domain noise sources nultipli t he
source sVYOMBHISvector). This noise data can then be feﬂaé)'%/g@gmﬁ%é

sinmul ated off-line adaptive process. Once the adaptive process WO 01/ 37435
PCT/ USOQ' 41537 22 converges, one can read the final values of the filters'
coefficients and use themas the optiué;%um solution for the pre-defined

noi se situation. The di sadvant age of ng the adaptive process in a

simul ated environnment to obtain the fixed weights .is that it i i.me
consumi ng.SORYFEE G4 40 ?afdgtge ﬁ%ﬂg d 3@85 Bfﬁlﬁ &{lgﬁlgr g%efﬁ%}?mf ﬁ%‘??siel tEleerrrl le {hg conver ge
and the 5 adaptive process is very. conmput atjon_intensive when it is done
of f-1ine. ORABYM sqfulondes B airedeligd aﬁlssa&mlpwmiagm?weféﬂns %has been
assuned, and if one does not exist it needs to be prepared;-The advantage
of this nedhgiveipsoqersin 3 simplaigh gnyiranment toobign ghe Bxeduyeiglts sohitl SHMenan t he
di rect nmethods. The reason is that the direct nmethods determ ne the gain
wei ght i n cohenfingduegrdataibieninsed td be peephivd fortbe éidtemity corverge antthmugh a 10
filter design process that is, by nature, an approximation and incl udes

i nher eRt  QAOHPEPIdEESis aG¥S compuitionintB@ie wigenCiofttdoat of fHURNARDS theso, in the
nmet hods di scussed in parts one and two each filter is designed separately

and we ha\é‘iiswﬁcgH%@Ma?hi&eu%temﬁnu1@ﬁ@ﬁ A bebf AL IR dRES fdERAGEx(sUSi ng al |
the filters concurrently) Could not provide a better solution. 15 Running

e, oL ) G U0 L U5 EPL U FESE RSO il et (e
P g:c Zre enggva%ﬁggtgg&%{i%glag rthrea(%{regg rgllejtﬁgéjsr. The Ir:e%rsonef(se%ﬁ% ltl?d diirefct Wethdas the
determine the gain weight in the frequency domain. It is then necessary to go through a

10 filter design process that is, by nature, an approximation and includes inherent
compromises, over which we have no control. Even more so, in the methods discussed
in parts one and two each filter is designed separately and we have no guaranty that the
overall beamformer performance (using all the filters concurrently) could not provide a
better solution.

15 Running the simulated data through the adaptive process assure us that
we get the optimum solution for the simulated scenario, that is for the simulated noise
environment and array structure. For example, if we use the reference channel type
adaptive filter, the solution will take into account the specific way we actually
implemented the reference channels — which the separate filter design discussed in part

20  two does not take into account.

Another approach proposed in this invention assumes that there is a real

time working adaptive system. The simulated noise data can be stored on a recording

media, such as a multi-channel digital tape recorder, or a computer equipped with a



adaptive filter, the solution will take into account the specific way we
actually inplenented the reference channels - which the separate filter
design discussed in part 20 two does not take into account. Another

appr oachwproepoised in this invention assunes that there iRCTHUSMALSITt | ne

wor ki ng adaptive system The sinulated noise data can be stored on a
recording nedia, such as a nmulti-channel digital tape recorder, or a
conput er equi pped with a WO 01/ 37435 B&T/ US00/ 41537 23 mul ti-channel sound
card. The noise data can be injected into the real tine working system

whi ch wi | |, ¢0BYRRE&ch dhE ’Isiﬁln'éis'e‘aﬁta chh 9@?1‘};7‘ edtdieinto tﬂé‘l'eai {ile¥ctkingoef fi ci ents

and either store them permanent y as the fixed solution or transmt them

to,a host Laf¥al cﬁ%lczambe? Bifeduldhontde dd 460 shERNtOImBEn ah't L on. The

advant age’ % S rre hod € nois a a 1s prepared, the
solution is obtained ver tive filt nverd evmthln
seconds. ﬂﬁ&?f Rlare BEY RATY asttﬁFglxﬁ‘zfﬂgboq(gtfaﬁgPStﬂﬁg’% %(?—ﬁgn%&’l's tFon will
take into account all_ kinds of inplenmentation related issues |ike - fixed
poi nt andtakahsineddnto; th%é&ﬁt&@mé@mer selgtionyIhg addvanfags 9b this mefhed ds thete my
differences in the input ports of the processor |like different A/D

conver i er sncrtble s@sodnta BErepakadntheshlation tsvabtangsh o fesb dbe gdapsive dilteher , t he
present invention proposes to create a simulated noi se environnent using
| oudspeak@filcinverze vathiresdaonds. Aabthoteivanthfesf this mnstingl i ket Hetaefiptedve system in
t he chanber and freezing the final values of coefficients as the fixed

array sol yihish wioeKSRRA8st all Rirds 3€ BEpleMeBtiGNreREdi0kSues GRaTiged t 0
sinmulate a certain noise scenario - for exanple two | oudspeakers can be 15

P 'ngfgd znp&ﬁf%d%{u%neh ibREuALENird] atinACRhEEsT @B dysian IRHERRSes 3R tHAUL h

input ports of the processor like different A/D converters and so on.
10 Taking the above approach one step further, the present invention
~ proposes to create a simulated noise environment using loudspeakers in an an-echoic
chamber, then running the adaptive system in the chamber and freezing the final values
of coefficients as the fixed array solution. Loudspeakers are placed in an an-echoic
chamber to simulate a certain noise scenario — for example two loudspeakers can be
15  placed on each side of the array at 40 degrees and 75 degrees azimuth angle. A
simulated noise is played through the loudspeakers — for example pink wide band noise.
The adaptive system runs and converges (within seconds) and the final filters’
coefficients are stored. The process can be automated - the adaptive system is putin a
calibration mode, the adaptive system converges and than stores coefficients converged
20  to as in its own memory as the fixed solution. The calibrated system is than switched off
from the calibration mode for normal operation.
The advantage of using the actual working adaptive system is that the

convergence solution takes into account not just the process itself with all its



simul ated noise is played through the | oudspeakers - for exanple pink w de
band noi se. The adaptive systemruns and converges (w thin seconds) and
the final filters' coefficients are stored. The process, S(Bﬁl%ytonat ed -
the adapMOV3&Etemis put in a calibration node, the adaptive system
converges and than stores coefficients converged 20 to as in its own nenory
as the fixed solution. The calibrated systemis than swtched off fromthe
calibration node for normal operation. 2¥he advantage of using the actual
wor ki ng adaptive systemis that the convergence solution takes into
account noPequjagtigsikesypupicgangenf|the ppeassailand thesexewd implepragsiopefitheSOY 41537
24 peculiarities |ike dynam c range of the processor and the exact

i mpl ement afilters, tott alshainkdqwr faetors likstthainsaophokesosensifinitico asd phakes, t he

m crophones sensitivities and phases, mechanical interferences and so on.

This is pamnetlanical inyerfenqoes andtsooinnThis ig paniculdpBampoebaeinte K dtert he fi xed
solution is very sensitive to sone paraneters |like msmatch in 5 phases.

Also, if tBeecrRAENheHRdRbRIOR ROREFsentitive YRR firarffiths GRE ﬁiiflh&léh funi
directional) mcrophones are used instead of omi directional m crophones,

Lhen the ARG, I(PRASEs R RRLAURS bPBlarfe AGLhtoerker Tance of the

filters far’ from what was pre-designe ging of the

' h or. | sq. affect th f

T e e BT SR A e DR B8 B BB PR Sener ot
the fixed sol ul’ti an coef fi ientﬁ ta&les al | etg_'gu)ese paranmeters into _ account
and ensur eSSTRIGIP PRERED] R TU6h theh e grvalpetioanange of the filtassmaske &je of t he

method is that, in general, it is necessary to use many sinulated noise
sour ces i nifgfpadat vas pisHiesigiedi diF patheging of thsrmigrapboneer othsneensor) array

may also affect the performance strongly. Using the real working adaptive system to
10 adaptively generate the fixed solution coefficients takes all these parameters into
account and ensures an optimum solution the given system.
The disadvantage of the method is that, in general, it is necessary to use
many simulated noise sources in order to achieve desirable performance improvement.
Use of one noise source located at one side of an array, for example, may cause the
15 array to adapt such that the noise source is effectively cancelled while the beam shape
on the array side opposite is undesirable. However, for a relatively small array, where
the fixed super directionality is most needed, few noise sources will usually be
sufficient to provide an improved performance. For instance, in a four cardioids
microphone array with an aperture of 6” four noise sources are sufficient to provide a
20  noise rejection of 20 dB at angles over 30 degrees from the look direction.
An illustrative procedure for generating fixed filter coefficients through
the use of simulated noise and an actual adaptive system positioned in an an-echoic

chamber is shown Fig. 3. The first step is to create four random noise files having a



Use of one noise source |ocated at one side of an array, for exanple, may
cause the 15 array to adapt such that the noise source is effectively
cancel l ed while the beam shape on the array side opposi% i sirabl e.
However , MOH3%3P el atively smal|l array, where the fixed ﬁ'b/ggoomgg
directionality is nost needed, few noise sources wll usually be
sufficient to provide an inproved perfofmance. For instance, in a four
cardioids mcrophone array with an apérture of 6" four noise sources are

rdioids moroph ith an apetture of 6 i
deor oes. ks RO Bt dnd RS GELE 80 ot P Sener at i ng

fixed filter coefficients through. the use of sjnulated noise and, an act ual
adapti ve sPETRER BYSnEIRRIEg bramionmine systar; ae Plasrimsdanteshais shpmisrgwith  The
first step is to create four random noise files having a WO 01/ 37435

PCT/ US00/ 4bsanelestetyganithe seaksryndsaseytloakndisastiombeing aetiabr7 03f-4804¢ewdnds or
nore (step 74). Next, four speakers and an adaptive beanform ng systemare
pl ace i n alf° fstepethiolke fohamdiser filesvire Hied toltke nddpeskdre(siupeil) nhkthepdaktioes and
array |l ook direction being set at -70, -40, 40 and 70 (step 76). The four

noi se f5i | eystamds &ldavddato tchevel geitd sipeapti@ias s¢lati@pandBhe @iler ddeeriaslapt i ve 5
systemis allowed to converge to the optinmal solution and the filter

coef fi ci enfofresRndiAs RO MIoREMhDsolitRNQRS §toRH (§&) 86)l on are stored (step 80).
Anot her technique to calibrate a systemis proposed here. The m crophone

array is placed int I r ﬁ'% {. i oi se is played
t hrough the | oudspea eF%?fe ea%éljtto(p‘)cg?g% 1R glrllrggﬁilogwr%%%%’gd (no real tine

p AT T P S R T e AT
Final fil ttl?rroﬁlgh &Q%chsgé Qrts. haero%tpslft %%81% a?'rralxg is recorded (no real time DSP system
10  is present in the chamber). The recorded output is then replayed into the real time
system. The adaptive process converges and the final filters’ coefficients are stored and
burned into the system as the fixed array solution. This method is sometimes more
practical when the automatic calibration and burning mechanism is not implemented. It
is highly inconvenient to perform the down loading and uploading of the coefficient
15  from a system that is positioned in the chamber. This operation usually requires a
development system (like In Circuit Emulator or a simulator). It is much more
convenient to do the recording in the chamber and perform the down loading and
uploading of coefficients outside were the development system is located.
An illustrative procedure for generating fixed filter coefficients through
20  the use of simulated noise, a microphone array positioned in an an-echoic chamber and
an actual adaptive system positioned outside an an-echoic chamber is shown in Fig. 4.

As in the procedure of Fig. 3, the first step in the Fig. 4 procedure is to create four

random noise files having a white or pink spectrum and a duration of 30 (step 82). The



burned into the systemas the fixed array solution. This nmethod is
sonetinmes nore practical when the automatic calibration and burning

mechanismis not inplenented. It is highly inconvenient m t he
down | 0a¥PAY3HA¥ upl oadi ng of the coefficient 15 froma %@P@E&M%ﬂ is

positioned in the chanber. This operation usually requires a devel opnent
system (like In Crcuit Enulator or a sinulator). It is nmuch nore
convenient to do the recording in the 2hanber and perform the down | oadi ng
and upl oadi ng of coefficients outside were the devel opneni systemis

| ocat ed. Aextiis fopleGedPpRPepreaTEWANS MISFORIRRRIERY IHQ“F‘P'%E‘”FF RYIER ficients
through 20 the use of sinulated noise, a mcrophone array positioned in an
an- echoi c tidarghes betwedn therspaakersaind aetap 19okadirggaenehaingosst a1 d) ﬁedEQ)u‘f'% i28¢. an

an- echoi c chanber is shown in Fig. 4. As in the procedure of Fig. 3, the
first steporidptsa).Aite. fodr npiseddetare fadsto ttiee londspeakefso(step 86hantbtre noi se il es
having a white or pink spectrumand a duration of 30 (step 82). The WD

01/37435 %Iﬂoymﬁéa%?outﬁ@ ifeKdrdédort Pmpltcanhautcapadktes S8pMtean a

m crophone array in an an-echoic chanber, with the angles between the

By The FoarsRbut BfiathaRatipn B i el W i e RSt nd the
58y The. upkgtied R’ FGRS Bttt g BBk ARIREET Lor
LAl ovedpiimebsaergBecos HREnSSBTFRANEB . GRIENE Wane e e T "
corresponding to the optinmal solution being stored for use as the fixed

filter coeféacthefixed fileregeetwjents{pigp 98)-shows an illustrative procedure for

generating sinulated noise and o )
Fig. 5 shows an illustrative procedure for generating simulated noise and

10  using the simulated noise to generate fixed beamformer coefficients. The first step in
the procedure is to define the desired noise field scenario and the array configuration
(step 90). Next, a counting variable indicative of the noise source being considered is
initialized to one (step 94). A random signal is generated to represent the noise
emanating from the source under consideration (step 96), and for each sensor, the

15  contribution of noise from the source under consideration is calculated. Calculation of
noise source contributions involves; initializing to one a counting variable indicative of
the sensor under consideration (step 98); determining the time delay from the source to
the sensor under consideration, relative to the time delay to other sensors (step 100);
and determining the noise source contribution based on the random signal generated in

20  step 96 and the time delay (step 102).

After the noise contribution of a source to a particular sensor is

calculated, a determination is made as to whether all sensors have been considered (step

104). If all sensors have not been considered, the sensor counting variable is



10 using the sinmulated noise to generate fixed beanforner coefficients. The
first stepin the procedure is to define the desired noise field scenario
and the array configuration (step 90). Next, a countin j

i ndi cat iW@0B¥74¥he noi se source being considered is ini %Cé‘?lfé%@gﬁ%o one
(step 94). A randomsignal is generated to represent the noi se emanating
fromthe source under consideration (step 96), and for each sensor, the 15
contribution of noise fromthe source2linder consideration is cal cul at ed.

Cal cul ation of noise source contributions involves; initializing to one a
count i ng yefehizhled (5tasli 06)tand theqirocetine rs@msdo step 38 Whomell sensersihgye (st ep 98) ;
determning the tine delay fromthe source to the sensor under

consi der ajdeqRondi@drad for @ paRichlesdurses adelepyinkorishede ae swhathé¢rsflep 100);  and
determ ni ng the noise source contribution based on the random si gna

generat edg| Do flg\ééﬁe%ﬂ coisidad (3 108 MBndfdY, thesdoaRekddntingVariabletiie noi se

contribution o source to a particular sensor is calculated, a

det er m nat of 4 TRES, 75 b8 ML AklurRDSAL 9GEHS: HEREBRRIAAT ed (st op

104). e not '‘been consi dered, the sensor counting variable

i's WD 01/37435 PCTI USOQl 41537 27 i t .10 d
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source, a determnation is made as . to whether all. soyrce .Q@ye been
consi der edoissdaspisxopplete Jde ppisp data is then &5 P @B 2ERWEPHRS® ‘éfFiwz‘b‘i Sis
incremented (step 110) and the procedure returns to step 96. Once the

cont ri but alwwedfto Someerde, and be cedfticigatsidgrivedlion dhsennverged BRERNIAR Ul at ed t he
generation of the simulated noise data is conplete. The noise data is then
fed to anseedmbi we apteoptunbfivdd ceffigenta(stepvidd).t o converge, and the
coefficients derived fromthe converged operation are

10 While the present invention has been particularly shown and described in
conjunction with preferred embodiments thereof, it will be readily appreciated by those
of ordinary skill in the art that various changes may be made without departing from the
spirit and scope of the invention. Therefore, it is intended that the appended claims be

interpreted as including the embodiments described herein as well as all equivalents

15 thereto.



stored for use as the optinmal fixed coefficients (step 112). 10 Wile the
present invention has been particularly shown and described in conjunction
with preferred enbodi ments thereof, it will be readily appreciated by those
of ordi nwmoy1skissl in the art that various changes may beP@HHEIWGIS  out
departing fromthe spirit and scope of the invention. Therefore, it is

i ntended that the appended clains be interpreted as including the

enbodi ments described herein as well as all equivalents 15 thereto. WO

01/ 37435 PCTI USOQ) 41537 28 \What is 28lained is: 1. A sensor array for
receiving a signal that includes a desired signal and noise, conprising: a
pl urality%ﬁ&é&%ﬁ%&S a plurality of filters for filtering the output of
each sensor, each filter being defined by one or nore filter coefficients,
and a meahs f oA semsobamidnfyr rdseivengtarignal drat ingludes ¢ flesined sigpakagd poesensor
array output signal; wherein said filter coefficients are adaptively
determ neglorﬁllgﬁsa,fg;to 10 maxi m ze the signal to noise ratio of the array

out put signal, and wherein upon the occurrence of a predeterm ned event
the adaptive deternj patdi@podensord;d filter coefficients is stopped and said
filter coefficients are faded into a predeterm ned set of fixed

coeffigients. 2. The, SeRaoke Midelr Aiedfl e Quipht bedch 3bifod catd k@i n sai d

Sensors are

being defined by one or more filter coefficients; and

a means for combining the outputs of said filters to form a sensor array

output signal;
wherein said filter coefficients are adaptively determined so as to
10  maximize the signal to noise ratio of the array output signal, and wherein upon the
occurrence of a predetermined event the adaptive determination of said filter

coefficients is stopped and said filter coefficients are faded into a predetermined set of

fixed coefficients.

2. The sensor array as set forth in claim 1, wherein said sensors are

15  microphones.

3. The sensor array as set forth in claim 1, wherein said filter coefficients
are frequency domain coefficients such that for each said filter said frequency domain

coefficients determine the frequency response of said filter.

4, The sensor array as set forth in claim 1, wherein said filter coefficients

20  are time domain coefficients.

5. The sensor array as set forth in claim 4, further comprising:



15 m crophones. 3. The sensor array as set forth in claim1l1, wherein said
filter coefficients are frequency domain coefficients such that for each
said filter said frequency domain coefficients determ uency
responseWOISZ38 filter. 4. The sensor array as set fort Cﬂﬂg@Pgﬁﬁll
wherein said filter coefficients 20 are tinme domain coefficients. 5. The
sensor array as set forth in claim4, further conprising: WO 01/ 37435
PCT/ US00/ 41537 29 a plurality of deld9 lines, said delay lines
corresponding to respective outputs of said sensors and receiving
respective outputs 4 plamlispoftietgrises,spidaiethydines coradspending togespeciiveer s,
corresponding to respective outputs of said delay lines, said convol vers
bei ng opegabuty Bf §4d E@E6s Uad FeRsiPRGrbspecteidutiuts fronmidabshorg anél ay | i nes and
convol ve the received outputs with respective filter coefficients to

generate a plurality,gfaty J)ftc%h%véi’é‘,'&)‘rekﬂoﬂﬁix%% RishSotivebatpaisbrsaid plurality
of filtered del ay Illr)1e out puts are conbined by sard neans for conbining to

formsaid,arr out put , . [ {m5,
further C%%’ﬁ eishsgauggo&mlggﬁs;g? §1g30$ led%e gclrlr&?lée{lY@%g?leglﬁ)(% %El l?tg Iﬁ;&gf Sl)ar(f‘decei Vi ng
respective outputs fromsajd sensors, sanpling the. recei.ved qutputs and
passi ny t #dasUnesI2Rd C?ré"?é‘i’e\} %ITCSWB%?@WS nglgﬁ%)%fti“(?eﬁl&eé i 1F'ieﬂt(§§(.’ ? The
sensor array as set forth in claim1, wherein said fixed filter

coef fi ci eganerasg eplyealisy pf flkaeddelaling HPHsr ect |y and non- adaptively an

equation w0 = C -Iv where Cis the noise covariance matrix, v is the
steering vector wherein said plurality of filtered delay line outputs are combined by said

means for combining to form said array output.

6. The sensor array as set forth in claim 5, further comprising a plurality of
10  signal conditioners for receiving respective outputs from said sensors, sampling the

received outputs and passing the sampled received outputs to respective delay lines.

7. The sensor array as set forth in claim 1, wherein said fixed filter

coefficients are determined by solving directly and non-adaptively an equation

Clv
W o= —
°  yClv

where C is the noise covariance matrix, v is the steering vector

15 toward the array look direction, and Wep is a vector having a number of components
equal to the number of sensors, and where solving said equation for “n” frequencies

provides “n” coefficients for each filter.

8. The sensor array as set forth in claim 1, wherein said fixed filter
coefficients are determined by placing the array in a simulated noise environment,
20 letting the adaptation of the filter weights converge to a solution and then setting the

fixed filter coefficients equal to the coefficients of the converged adaptive solution.



VC-'V 15 toward the array | ook direction, and wopt is a vector having a
nunber of conponents equal to the nunber of sensors, and where sol ving
said equation for "n" frequencies rovi des "n" coeffici ach
fil terfq WO 0¥dE33 ensor arrgy as set Port hinclaimi, \Ahelfée%/ﬁsofgglisagfi xed
filter coefficients are determ ned by placing the array in a simulated

noi se environnment, 20 letting the adaptation of the filter weights
converge to a solution and then settipg the fixed filter coefficients equal
to the coefficients of the converged adaptive solution. WO 01/37435

PCT/ USCO' ¢1537 30 Phe sEhfor 8885 &Y sebfdrin 2fimgt whereldsaidificddfilter1, wher ein
said fixed filter coefficients are determ ned by sinulating a noise

envir O“WEgcgeggagnéé 08 dfehfidhe bf SRR 2 dofse3Al BorRb Gn& Mhe 4y EaBlponset t i Ng

t he si nul aptation o er weights converge to a solution and
then storjng.the coeffici th Vv | . ution for use
as the fis?esglmlsﬁheflglr%lfm%@qé%fl gg}}e Sélr%}l%%a a?éfgg%lzoqggég%% ‘geflg]% as set forth
inr.] aiml, wherein. sai ixed.filter __coeffi.cients are det.erm ned by

si nul at i n@oné(errgﬁit%és‘@lﬁwr}ﬁglﬁé‘?ﬂ %tovf&:%m??f&m?ﬂ'é of 3‘[’%3609?1@?&%6 generated in
said environnment, playing back said sinulated noise for reception by the
array,5 | esalutinn foheseag s iptedoreights efrn actyal araxaei ght s converge to a sol ution
and then 10 setting the fixed filter coefficients of the array equal to the

coefficients of the converged adaptive solution. 11. An sensor array for
recei vi ngl&i gnal t hEhe sengsir attay asset &thr ind ! atingln athergitsaich fredfilteonpr i si ng:

coefficients are determined by simulating a noise environment, recording the simulated
noise generated in said environment, playing back said simulated noise for reception by
the array, letting the adaptation of the filter weights converge to a solution and then

10  setting the fixed filter coefficients of the array equal to the coefficients of the converged

adaptive solution.

11. An sensor array for receiving signal that includes a desired signal and
noise, comprising:
a plurality of sensors;
15 a delay and sum beamformer for combining the outputs of said sensors to

generate a beamformer output;

a reference channel processor for combining the outputs of said sensors
to generate one or more reference channel signals;

at least one filter for each said reference channel, each said filter being

20  defined by one or more coefficients; and

means for combining the outputs of said filters with said beamformer

output to generate a sensor array output signal;



a plurality of sensors; 15 a delay and sum beanforner for conbining the

out puts of said sensors to generate a beanforner output; a reference
channel processor for conbining the outputs of said sen ner at e
one or Y &/¥&¥erence channel signals; at |east one fiI?g&ﬁF%@%ggﬁh sai d
reference channel, each said filter being 20 defined by one or nore
coefficients; and neans for conbining the outputs of said filters with said
beanfornmer output to generate a sensaf array output signal; WO 01/37435
PCT/ USO0/ 41537 31 wherein said reference channel processor and said
filters operate {0 wiB|akfrofdithos BRI frBeddQirafid SaliheRfopefife @r Ty out put

signal, wherein said filter <coefficients are adaptively termned so as
to maxim ze._t i i i . arr t DL ignal, and
wner o n uptners SRl ol S SR sl Bt BLSREITE, |
determ nat i of said filter coefficients i.s.stopped and said.filter

Coer 11 i oReheipais e Adapbrely S GREREion Bumebinich OF Piedd EOBRF ot 12 The
sensor array as set forth in claim1l, wherein said sensors are

ni cr ophonasay quiputsigmak apd wherginyypen dhe ecsurrenseof apredeteamiped Vel ei n sai d
filter coefficients 10 are frequency domain coefficients such that for
each sii daddptivedetempiationefiseid d\terienediigients sestdpped emt saidiGtterqoefiiantse
frequency response of said filter. 14. The sensor array as set forth in
claim 1, vdded &itma pedddtefrhineésetobfikéd aieffitiants.

12. The sensor array as set forth in claim 11, wherein said sensors are
microphones.
13. The sensor array as set forth in claim 11, wherein said filter coefficients

10  are frequency domain coefficients such that for each said filter said frequency domain

coefficients determine the frequency response of said filter.

14. The sensor array as set forth in claim 1, wherein said filter coefficients

are time domain coefficients.

15. The sensor array as set forth in claim 14, further comprising:
15 a main channel delay line for delaying the output of said beamformer;

a plurality of reference channel delay lines, said reference channel delay
lines corresponding to respective reference channel signals and receiving respective
reference channel signals; and

a plurality of convolvers, corresponding to respective outputs of said

20 reference channel delay lines, said convolvers being operative to receive respective



are tinme domain coefficients. 15. The sensor array as set forth in claim
14, further conprising: 15 a main channel delay |ine for delaying the

out put of said beanfornmer; a plurality of reference cha el .l ines,
sai d ref¥PEHEW3Thannel delay |ines corresponding to respeé¥|ve reference
channel signals and receiving respective reference channel signals; and a
plurality of convolvers, corresponding to respective outputs of said 20
ref erence channel delay |ines, said c@dvolvers being operative to receive
respective WO 01/ 37435 PCT/US00/ 41537 32 outputs fromsaid reference
channel d&lt?qns Honesidwreerars ¢hannel ddizy lires ahd eahvolreple rceivedhoutpets pétht i ve
filter coefficients to generate a plurality of filtered delay |ine outputs;

wherei n S?cifﬂecm/éjﬁﬁélj Jdo¥fRfents th loenicste dgil@ylityiof Gilterst delag linadutpaisd nmai n
channel delay |ine output are conbined by said neans for conbining to form

said array 5 out pulypdfin JAGIRSAU MeflicRy 1€ bulpalstdhdistidahan m 15, fur ther
conprising a plurality o I gnal’ conditionérs for receiving respective

Campl ed BP0 A v ghiet oS SRR R R EEEIY SEmB B oA e AR o (he

sanpl ed r 0 sal ornmer and sai'd

ref erence channel processor. 10 17. The sensor array as set forth in claim
11, wherePwP8aid fixed filter coefficients are determ ned by sol ving
directly and non-adaptively an equation wopt=C |p where Cis the noise

covariance matri X, is a vector represent.i h correl.ation ween t he
out put of 1&ai d bean%@???é?orélﬁféytaﬁ%et ‘gi‘}bﬁ‘td%?‘ a%‘ﬂﬁﬂﬂéfoé}l%lﬁsé%ga&malﬁ?

of signal conditioners for receiving respective outputs from said sensors, sampling the
received outputs and passing the sampled received outputs to said delay and sum

beamformer and said reference channel processor.

10 17. The sensor array as set forth in claim 11, wherein said fixed filter
coefficients are determined by solving directly and non-adaptively an equation
w.,pt=C'lp where C is the noise covariance matrix, p is a vector representing the
correlation between the output of said beamformer and the output of said reference
channels, and Wy is a vector having a number of components equal to the number of

15 sensors, and where solving said equation for “n” frequencies provides “n” coefficients

for each filter.

18. The sensor array as set forth in claim 11, wherein said fixed filter
coefficients are determined by placing the array in a simulated noise environment,
letting the adaptation of the filter weights converge to a solution and then setting the

20 fixed filter coefficients equal to the coefficients of the converged adaptive.



channel s, and wopt is a vector having a nunber of conponents equal to the
nunber of 15 sensors, and where solving said equation for "n" frequencies
provi des "n" coefficients for each filter. 18. The sens éngg&ﬁ%iﬁs set
forth i n"WOUPBM3E1, wherein said fixed filter coefficien e det er mi ned
by placing the array in a sinmulated noise environnent, letting the
adaptation of the filter weights converge to a solution and then setting
the 20 fixed filter coefficients equahsto the coefficients of the converged
adaptive. WO 01/37435 PCT/ US00/ 41537 33 19. The sensor array as set forth

in claimid, wherei 'ﬁhéééingorfah)éf% £éélf<;rﬁ{ in 2R GheRiSsafl Sxdiefipm ned by

sinmul ati ng"a noi se environnent and the array's response to said noise
environment,..l.ettin he. si,nul at ed. adapt.ati on of t i <Y
converge PFHCIEYP ﬂrtegjﬁ#ﬂgﬁﬁdt%ﬁ éﬁn@%bnrgi an‘8°‘% & Vgglé‘??llltglg %mes o% s\tqﬁée[’%g%)ezver ged
adaptive 5 solution for use as the fixe i ghts act.ual array. 20.
The sensoto $##d pgjseAIvEeRmeni, lefling ﬁhe(ﬂl’%ﬂl%"’%f\,gaeﬁﬁ%‘?rb‘?ﬁ{‘% gﬁ‘c’f ‘?’?%@8 filter
coefficients are determ ned by sinulating a noise environnent, recording
the sinul edrvgrgeriop selutiemanddtheristprng tie goefhigichis wiiptconperged adppH¥%ek sai d
simul ated noise for reception by the array, letting the adaptation of the
filterswesghtien foonseeasdiee fixedavagltslbf @nactusd atrlyen 10 setting the fixed filter
coefficients of the array equal to the coefficients of the converged
adaptive solution. 21. A nethod of processing a received signal that
i ncl udes gpdesired FThgseabor admag angdt $ath in@hgimi 19, whetehesasd Bysi folter pr ovi di ng an
array of sensors;

coefficients are determined by simulating a noise environment, recording the simulated

noise generated in said environment, playing back said simulated noise for reception by

the array, letting the adaptation of the filter weights converge to a solution and then

10  setting the fixed filter coefficients of the array equal to the coefficients of the converged

adaptive solution.

21. A method of processing a received signal that includes a desired signal
and noise, comprising the steps of:
providing an array of sensors;
15 filtering the output of each sensor through a filter, each filter being
defined by one or more filter coefficients; and
combining the outputs of said filters to form a sensor array output signal;
wherein said filter coefficients are adaptively determined so as to
maximize the signal to noise ratio of the array output signal, and wherein upon the
20  occurrence of a predetermined event the adaptive determination of said filter
coefficients is stopped and said filter coefficients are faded into a predetermined set of

fixed coefficients.



15 filtering the output of each sensor through a filter, each filter being
defined by one or nore filter coefficients; and conbining the outputs of
said filters to forma sensor array output signal; wheregj i ilter
coef fi ci W02 adaptively determined so as to nmaxi ni z"ewﬂ%“ }éflf%?lal to
noi se ratio of the array output signal, and wherein upon the 20 occurrence
of a predeterm ned event the adaptive determ nation of said filter
coefficients is stopped and said filted coefficients are faded into a
predeterm ned set of fixed coefficients. WO 01/ 37435 PCT/USOQO 41537 34
22. The mapthod accofie agtiod acéadin 2d clainh 2t eviieremsad senesrase ar e

m cr ophones. 23. The nethod according to claim2l, wherein said filter
coef fi ci emtigrophéhesf requency donain coefficients such that for each said
filter said frequency domain 5 coefficients determ ne the frequency
response of said filter. 24. The nmethod according to claim 21, wherein said

filter cogg]‘i Ci ent S TRE etHold MBcHGMBHACIGRED T, viHeBdth Said ARer dlRErdTEIIAE according
to claim?24, further conprising the steps of: receiving the outputs of

sai d sens Judhy ggﬁawﬁ%kfécyengfsuaﬁaﬁ?fo Y% R ter e fieh{}@f;eg droﬁl%ﬁi ving the

outputs o ai ay l'rnes at respective convol vers; vol'ving the
recei ved delay. line outputs.wth respectiyve. filter coefficients to
orerafe asofflicns MEE BRI GERRES 0SB ilec 5. Song

24. The method according to claim 21, wherein said filter coefficients are

time domain coefficients.

25. The method according to claim 24, further comprising the steps of:
receiving the outputs of said sensors at a plurality of respective delay
10 lines;
recei\}ing the outputs of said delay lines at respective convolvers;
convolving the received delay line outputs with respective filter
coefficients to generate a plurality of filtered delay line outputs; and
combining said plurality of filtered delay line outputs to generate said

15  array output.

26. The sensor array as set forth in claim 25, further comprising the steps of:

receiving the outputs of said sensors at respective signal conditioners;

and

sampling the received outputs and passing the sampled received outputs

20  to respective delay lines.



conbining said plurality of filtered delay line outputs to generate said
15 array output. 26. The sensor array as set forth in claim?25, further

conprising the steps of: receiving the outputs of said
respect i V@ 0BYal conditioners; and sanpling the recei v%gﬂg%{o%tlﬁé and

passi ng the sanpl ed received outputs 20 to respective delay lines. WO
01/ 37435 PCT/ USQQ 41537 35 27. The sensor array as set forth in claim?21,
wherein said fixed filter coefficient3 are deternined by solving directly
and non-adaptively an equation wopt = C1 v where Cis the _noise
covari anc@7matri x, ¥he senserearesyaes¢tigrtly wcalaim 2l &herein said fied filierar r ay | ook
direction, and waft is a vector having a nunber of conponents 5 equal to
t he nunberkoéficierts ans determictdlyesobrirgpdivdctly asdheh-edppatelganfequation” frequenci es
provi des "n" coefficients for each filter. 28. The sensor array as set
forth in claima@l, wherein said fixed filter coefficients are determ ned
by pl aci ngvie—arfay | wharesC muthateide owiasen@muatrinyvmsihs sted¢raigtvengr t he
adapt ati on of YheViilter wei ghts converge to a solution and then setting
the 10 fixed filter coefficients equal to the coefficients of the converged
adapti ve sovard iherarray Jopk difestien @8é rWarlp ayeeer kpyingtapumpbar of PPORCRE, wher ei n
said fixed filter coefficients are determ ned by sinulating a noise
envi r ofime rtua mathe nember efisessors spbwhere solyingaail eyuatsen fonVi't fequencies | et ti ng
the sinul ated adaptation of the filter weights

provides “n” coefficients for each filter.

28. The sensor array as set forth in claim 21, wherein said fixed filter
coefficients are determined by placing the array in a simulated noise environment,
letting the adaptation of the filter weights converge to a solution and then setting the

10 fixed filter coefficients equal to the coefficients of the converged adaptive solution.

29. The sensor array as set forth in claim 21, where;in said fixed filter
coefficients are determined by simulating a noise environment and the array’s response
to said noise environment, letting the simulated adaptation of the filter weights
converge to a solution and then storing the coefficients of the converged adaptive

15  solution for use as the fixed weights of an actual array.

30. The sensor array as set forth in claim 21, wherein said fixed filter
coefficients are determined by simulating a noise environment, recording the simulated
noise generated in said environment, playing back said simulated noise for reception by
the array, letting the adaptation of the filter weights converge to a solution and then

20  setting the fixed filter coefficients of the array equal to the coefficients of the converged

adaptive solution.



converge to a solution and then storing the coefficients of the converged
adaptive 15 solution for use as the fixed weights of an actual array. 30.
The sensor array as set forth in claim?21l, wherein said f] Oﬁhﬁ;er

coef fi cive@OH3’4#% det ermi ned by sinulating a noise envi r di , recording
the sinulated noise generated in said environnment, playing back said
sinmul ated noise for reception by the array, letting the adaptation of the
filter weights converge to a solution3@nd then 20 setting the fixed filter
coefficients of the array equal to the coefficients of the converged
adaptive snl ution. MEn@HddpdBEciPOE/asE00] thaberludgsa desiredsigaalipd npige,
receiving a signal that includes a desired signal and noise, conprising
the stepscfiprisigiie diepgofan array of sensors; generating a beanforner output
by passing the outputs of said sensors 5 through a delay and sum

beanf or mer; generat%@gmﬁ@ﬁmQhﬁggfgﬁ@@gprence channel signals by passing the
outputs of said sensors through a reference channel processor; filtering

each reference chag&g&mﬂﬁ%??eﬁﬁwhﬁggﬁgﬁg%X%&%%%gmeg@&hmggggdg&kbgr bei ng

defined by one or re co Icrents; Ining the outputs of said
utput to generate a sensor array output

filters with ah& bea or mer - :
si gnal3 wHEPU? 5P' éW@réW@B“Eﬁﬁnngl processor and said filters operate
tsgi dn}alxi {ﬂ efe the si gerlglratiglg ogé) Iorsrgorree}'g%e(r)err]lcg I:ha;[nple s?grnra?sybyoﬁgsggé thselo%pp%lts wherein
of said sensors through a reference channel processor;
filtering each reference channel using at least one filter, each said filter
being defined by one or more coefficients; and
10 combining the outputs of said filters with said beamformer output to
generate a sensor array output signal;
wherein said reference channel processor and said filters operate to
maximize the signal to noise ration of the array output signal, wherein said filter
coefficients are adaptively determined so as to maximize the signal to noise ratio of the
15  array output signal, and wherein upon the occurrence of a predetermined event the

adaptive determination of said filter coefficients is stopped and said filter coefficients

are faded into a predetermined set of fixed coefficients.

32. The method according to claim 31, wherein said sensors are
microphones.
20  33. The method according to claim 31, wherein said filter coefficients are

frequency domain coefficients such that for each said filter said frequency domain

coefficients determine the frequency response of said filter.



coefficients are adaptively determned so as to maxi mze the signal to

noi se ratio of the 15 array output signal, and wherein upon the occurrence
of a predeterm ned event the adaptive det ermi nation of sahg;&§

coef fi civOR3THI st opped and said filter coefficients ar& 14y nto a
predeterm ned set of fixed coefficients. 32. The nethod according to claim
31, wherein said sensors are m crophones. 20 33. The nethod according to
claim 31, wherein said filter coefficBgents are frequency domain
coefficients such that for each said filter said frequency domain
coefficiem s deternThemtihed hedelieg wyclairslondereirt sasdfillerf dokffeients 4 01/ 37435
PCTIUSCCY41537 37 34. The nethod according to claim31l, wherein said
filter g&%ldghﬁﬂlt&,eﬁ‘{cg‘emgl me domain coefficients. 35. The nethod according
to claim urther conprising the steps of: delaying the output of said
beanforner via a main channel delay Iine; 5 delaying said reference channel

signals via reSpeCtTP(cemE@lB@E%?cﬁngr@Hﬁﬁl 34 @lﬁk}iﬁ‘ccmﬁﬁ‘éing iRk ¥i:ng t he

outputs of 'said reference channel delay Tines with respective filter

coefficients to gen&el%{ir?%%]e%ufﬁ?cfsta}/d an{fblln{e? fith SlEBhatdd Belaplify S:_and

conbining said filter "I ne ou S an sal mai n channel ‘delay 10

| ine output to generate sai. rra .. The et hod a g to
claim35, further c P%f‘aﬁ(g E?‘ﬂgn tglb%‘l%gflgna?i? YRIPRPEHLY S rﬁ%r%lﬁ?pua?lg&of sai d
sensors at respective signal conditioners; and

delay lines;

convolving the outputs of said reference channel delay lines with
respective filter coefficients to generate a plurality of filtered delay line outputs; and
combining said filtered delay line outputs and said main channel delay

10  line output to generate said array output.

36. The method according to claim 35, further comprising the steps of:
receiving the outputs of said sensors at respective signal conditioners; and
sampling the received outputs and passing the sampled received outputs

to said delay and sum beamformer and said reference channel processor.

15 37. The method according to claim 31, wherein said fixed filter coefficients
are determined by solving directly and non-adaptively an equation w.,pt=C'lp
where C is the noise covariance matrix, p is a vector representing the correlation
between the output of said beamformer and the output of said reference channels, and
Wopt 1S a vector having a number of components equal to the number of sensors, and

20  where solving said equation for “n” frequencies provides “n” coefficients for each filter.



sanpling the received outputs and passing the sanpled received outputs to
sai d delay and sum beanforner and said reference channel processor. 15 37.
The net hod according to claim31, wherein said fixed fil icients
are det eWRI%@W3By sol ving directly and non-adaptively anﬁcgifﬁé@ﬁg%H\ADPt =C-'p
where Cis the noise covariance matrix, p is a vector representing the
correlation between the output of said beanforner and the output of said
reference channels, and wopt is a vedB8or having a nunber of conponents
equal to the nunber of sensors, and 20 where solving said equation for "n"
frequenci gg, provi de¥hé methodatdarding od daiho3 1, edeteid sdid fixed MBerCcbe FictdE

PCT/ US00/ 41537 38 38. The nethod according to claim31l, wherein said fixed

filter cogffiaifited bydlRifahehhyRth duRtaGiond chiitordhdnlettifg hesi mul at ed
noi se environnent, |étting the ‘adaptation of the filter welghts converge

to a solution and ' [ bl ter oG al to the
coeffici eﬁfl?t%]fontoﬁgh%?gﬁ:\%ge%g& é)&}g%tg{e it/&é??cgﬁtgcl& &?ﬁ%&lorrs;e%d(%hgggidr grigér#g to claim
31, wherein said fix ilt coef fi.cients r eterm ned by simulating a
noi se envic?‘?fﬁﬁ‘ﬁﬂtﬁe ‘H’g?‘i {?8 Cg?e{flﬁvn@ of ep°8ﬁg%g?cga({s%8€" ‘noi se environnent,
|l etting the sinulated adaptation of the filter weights converge to a
solution _and then stori the coefficients .of .the.con ed aptjve
sol uti &n B8r use asT ﬁQC%%Qéacor g&?ﬁl?“b?{’ﬁpeé%?ﬁﬂﬁ%ﬁgﬁg}%%ﬁﬁc&%#he
met hod according to claim 31, wherein said fixed filter coefficjents are
det er m nedrexetesimined Ryisipulating? BaisesvieBmsaAnd thearmys W@quﬁ%tos”tafdﬂ“é?eed noi se
generated in said environnent, playing back said simnulated noise for
recept i on ehyirdrineng dettiyg thelsanulatad addptatimoad thet filten weightheonvelge o a aRlpgon s
converge to a solution and then setting the

and then storing the coefficients of the converged adaptive solution for use as the fixed

weights of an actual array.

10  40. The method according to claim 31, wherein said fixed filter coefficients are
determined by simulating a noise environment, recording the simulated noise generated
in said environment, playing back said simulated noise for reception by the array,
letting the adaptation of the filter weights converge to a solution and then setting the

fixed filter coefficients of the array equal to the coefficients of the converged adaptive

15  solution.

41. A sensor array for receiving a signal that includes a desired signal and noise,
comprising;:

a plurality of sensors;

a plurality of filters for filtering the output of each sensor, each filter

20  being defined by one or more filter coefficients; and



fixed filter coefficients of the array equal to the coefficients of the
converged adaptive 15 solution. 41. A sensor array for receiving a signal

that includes a desired signal and noi se, conprising: i of
sensors; R MBI ity of filters for filtering the out pufpcg]%/%@}é'h&zensor,

each filter 20 being defined by one or nore filter coefficients; and WO
01/ 37435 PCT/ US00/ 41537 39 a neans for conbining the outputs of said
filters to forma sensor array outputzgsignal; wherein said filter
coefficients are determ ned by solving an equation WOW= C ~where Cis the

noi se covariance mMahiesns for bSmbilMgIhEQIhRE oF 86d Alters Wfokn Dsechsotardy t he array
| ook direction, and wopt is a vector having a nunber of conponents equal

to the nugpﬁ)ﬁtg%naqensors, and where solving said equation for "n"
frequenci es vides "n" coefficients for each filter; and wherein said

noi se covariance matri X.iS. erm ned defini.ng.a s i .stribution
of noi se sources; d&f Fﬁf%sgmgﬁg%lcg I\C/I«fe{géFe ?%?Hné%c bynS&P‘g}éé %&)fﬁuggg{ljsi ng said
10 spatial distribution, said delay vector expressing the relative tinmes of

arrival of, t he Gaverr oyl {4 @M AehflLONARaRRHR A isTREdeSRIIREr def i ni ng a

steering J‘é%‘t"oa,cf*lqr each sai nor se source based on sal el ay vector;
using said steering vector to determne the contribution of each noise

sour cest 0{aig tﬂ@:oinsﬁ 16V B dARE ‘ﬁnwoﬂ;ti iXa vadish 1SRG Alunttr 88k énponents
equal to the number of sensors, and where solving said equation for “n” frequencies
provides “n” coefficients for each filter; and

wherein said noise covariance matrix is determined by defining a spatial
distribution of noise sources; defining a delay vector for each noise source using said
10  spatial distribution, said delay vector expressing the relative times of arrival of the

wavefront from said noise source at each sensor; defining a steering vector for each said
noise source based on said delay vector; using said steering vector to determine the
contribution of each noise source to said noise covariance matrix; and generating said
noise covariance matrix by adding the contributions of each noise source and a matrix

15 indicative of spatially distributed white noise.

42.  The sensor array as set forth in claim 41, wherein said equation is solved for “n”
frequencies to yield “n” coefficients for each filter, and for each filter, said “n”
coefficients are used to generate filter design values according to an operation selected
from the group consisting of a Remez Exchange operation and an Inverse Fourier

20  Transform operation.



noi se covariance matri x by adding the contributions of each noi se source
and a matrix 15 indicative of spatially distributed white noise. 42. The
sensor array as set forth in claim4l, wherein said equation is solved for
"n" freywanoies to yield "n" coefficients for each filtBET/USHHRHISEr each
filter, said "n" coefficients are used to generate filter design val ues
according to an operation selected fromthe group consisting of a Renez
Exchange operation and an Inverse Fourigr 20 Transform operation. WO

01/ 37435 PCT/ US00/ 41537 40 43. An sensor array for receiving signal that

i ncludes ayflesired shgoal ARty HPla8vi | S1LNg. pl ural i § f _sensors; a
del ay and sum beanf or ner ?or (Yorr’glenl ng@?%ﬁ%@%{gg?lg@e&a d;eglﬁ‘%d ‘L‘slé?lagglr@ to 5
generate a(geagforngr.output; a reference channel processor for conbining
t he output% O “YBPE ®&nsors  to generate one or nore reference channe
signals; at least one filter for each said reference channel, each said
filter being defincPBRIBHRE s§RSOKbr e coefficients: and 10 neans for
conbining the outputs of said filters with said beanforner output to
generate a sensor arad$glaycumdsum begibermer fireombiningihd-oitputseof saidestisocs tont s ar e
determ ned by solving an equation wolt=C-'p where Cis the noise
covar i @éncegamatate xbeamformen outpot;or representing the correl ation between the
out put of said beanformer and the output of said reference
a reference channel processor for combining the outputs of said sensors
to generate one or more reference channel signals;
at least one filter for each said reference channel, each said filter being
defined by one or more coefficients; and
10 means for combining the outputs of said filters with said beamformer
output to generate a sensor array output signal,
wherein said-filter coefficients are determined by solving an equation
wo,,t=C'1 p where C 1s the noise covariance matrix, p is a vector representing the
correlation between the output of said beamformer and the output of said reference
15  channels, and woy is a vector having a number of components equal to the number of
sensors, and where solving said equation for “n” frequencies provides “n” coefficients
for each filter; and
wherein said noise covariance matrix is determined by defining a spatial
distribution of noise sources; defining a delay vector for each noise source using said
20  spatial distribution, said delay vector expressing the relative times of arrival of the
wavefront from said noise source at each sensor; defining a steering vector for each said

noise source based on said delay vector; using said steering vector to determine the

contribution of each noise source to said noise covariance matrix as measured at the



15 channel s, and wO is a vector having a nunber of conponents equal to the
nunber of sensors, and where solving said equation for "n" frequencies

provi des "n" coefficients for each filter; and wherein i I
covari anWVOOgi4¥% x i s determined by defining a spati al ﬁ@ﬁ?oﬁgiﬁggn of

noi se sources; defining a delay vector for each noise source using said 20
spatial distribution, said delay vector expressing the relative tinmes of
arrival of the wavefront from said noygse source at each sensor; defining a
steering vector for each said noise source based on said delay vector;

usi ng sai g seeddrRthe Bl g herid SHteeHindRath Bow egidtfilicbuiitomn aed cotitidednoi se
source to said noise covarliance matri X as neasured at the WD 01/ 37435

PCT! USOO! (] 28 Lt Wi FRRASGCE Bl cMninifitba by fBdrTrigyeblol varditheat es how

sai d filtgﬁgoutputs are conbi ne to generate ‘said reference channels;

deternminin n array. st in t : i i X
ot or mi i ARl sftion S ny B BhrREHRL et Boisf S0te folth Mkl on

h |l b d idcontributi h i t. i,d ,
CRT nul | Argne DRt s POEHIHOR A SPn SORE PP oataEnson dignPg: g sai d

noi se covariance matrix by adding the contributions of each noise source
to saisl rehebomdsaisiumbslesringvectornendr gereraling|Faid PPise CHRIIARLETATIK Y

di stributed white noise 44. The sensor array as set forth in claim43,
wher ei n s addingte@bitaibutiensdkachchoisespurento saidrpirrericabannglyand| agnatpx
coefficients for each filter, and for each filter, said "n" 10

coef i ci epldiafi@otipatallyligabaieaiaitt nbiser design val ues according to an

operation selected fromthe group consisting of a Renez Exchange operation
and an Inverse Fourier Transform operation.
44, The sensor array as set forth in claim 43, wherein said equation is solved
for “n” frequencies to yield “n” coefficients for each filter, and for each filter, said “n”
10 coefficients are used to generate filter design values according to an operation selected

from the group consisting of a Remez Exchange operation and an Inverse Fourier

Transform operation.

45. A method of processing a received signal that includes a desired signal
and noise, comprising the steps of:
15 providing an array of sensors;
filtering the output of each sensor through a filter, each filter being
defined by one or more filter coefficients; and
combining the outputs of said filters to form a sensor array output signal;

wherein said filter coefficients are determined by solving an equation

Clv
*  vC'v

20 w where C is the noise covariance matrix, v is the steering vector

toward the array look direction, and Wep is a vector having a number of components



45. A nethod of processing a received signal that includes a desired signal
and noi se, conprising the steps of: 15 providing an array of sensors;

filtering the output of each sensor through a filter, eq&p?ﬁ%%%g%7being

defined WP WYAE3Dr nore filter coefficients; and combini ng puts of
said filters to forma sensor array output signal; wherein said filter
coefficients are determ ned by solving an equation 20 w0,, = C 1" where C

is the noise covariance matrix, v is #Be steering vector vC v toward the
array |look direction, and wopt is a vector having a nunber of conponents WO
01/ 37435 BgGbl 16300 hdrhb& of séidorsgaral wheye stlgingsaidexquasfonden'ddrisequangiesnher e
solving said equation for "n" frequencies provides "n" coefficients for

each filt gfovide@en WiREfiichtsfr dadhofilees; 4dvar i ance matrix is determned by
defining a spatial distribution of noise sources; defining a delay vector

for each noise sourgeisi AR ideboRarsit hitkr:dis Fetelibd B defiming a@pdtiay vect or
expressing the relative tines of arrival of the wavefront fromsaid noise

source at .each .sensor.. Qi t i AR S daignoi se
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noise source based on said delay vector; using said steering vector to determine the

contribution of each noise source to said noise covariance matrix; and generating said
noise covariance matrix by adding the contributions of each noise source and a matrix

10  indicative of spatially distributed white noise.

46. The method according to in claim 45, wherein said equation is solved for
“n” frequencies to yield “n” coefficients for each filter, and for each filter, said “n”
coefficients are used to generate filter design values according to an operation selected

from the group consisting of a Remez Exchange operation and an Inverse Fourier

15  Transform operation.

47. A method of processing a received signal that includes a desired signal
and noise, comprising the steps of:

providing an array of sensors;

generating a beamformer output by passing the outputs of said sensors

20  through a delay and sum beamformer;

generating one or more reference channel signals by passing the outputs

of said sensors through a reference channel processor;



“n" frequencies to yield "n" coefficients for each filter, and for each
;LLgegz sa;d "n" coefficienfs are used to generate filter design val ues
rding to an operation selected fromthe group consi st
ExchangeW8#&PHe% on and an | nverse Fourier 15 %rangforn1o%%pg P§%5§4$?n2?
met hod of processing a received signal that includes a desired signal and
noi se, conprising the steps of: proviq{ng an array of sensors; generating a
beanf or mer out put by passing the outputs of said sensors 20 through a

by pasel ng. e out pil e Aot aRtc uiing b oft PLECRRISIRTAR, =' one! <

by passing the outp are

processor; WO 01/ 37435 PCT/ US00/ 41537 43 filtering each reference

usi ng at beimgdefined 1y oneer mas eeeileipdtsianft er  bei nggdefi ned by one o(r:hﬁgpgl
coefficients; and conbining the outputs of said filters with said

beanf or mer out put t combiiverthe eutputs efisad filiers agittow HRRAMIPTREA CUPY! thher ei n sai d
filter coefficients are determ ned by solving an equation wopt=C|p where
C is the neh&feaQuor angeoutpdtrsignal;p is a vector representing the
correl ati on between the output of said beanformer and the output of said

referegce channel syiangh Wphiltércodfiicamtsire Bevinligedbysotvme anfequasioponent s
equal to the number of sensors, and where solving said equation for "n"
frequenci o 2C7P! desy e CQRfd dotdetdl friant nfaBix, pas B vbétbt Rpiesé@itihg the
correlation between the output of said beamformer and the output of said reference
channels, and Wy is a vector having a number of components equal to the number of
sensors, and where solving said equation for “n” frequencies provides “n” coefficients
10  for each filter; and
wherein said noise covariance matrix is determined by defining a spatial
distribution of noise sources; defining a delay vector for each noise source using said
spatial distribution, said delay vector expressing the relative times of arrival of the
wavefront from said noise source at each sensor; defining a steering vector for each said
15 noise source based on said delay vector; using said steering vector to determine the
contribution of each noise source to said noise covariance matrix as measured at the -
sensors; defining a nulling matrix which indicates how said filter outputs are combined
to generate said reference channels; determining an array steering vector towards the
array look direction; determining the contribution of each noise source to each reference
20  channel base& on said contribution of each noise source at said sensors, said nulling
matrix and said array steering vector; and generating said noise covariance matrix by

adding the contributions of each noise source to said reference channels and a matrix

indicative of spatially distributed white noise.



wherein said noise covariance matrix is determ ned by defining a spatial

di stribution of noise sources; defining a delay vector for each noise
source using said spatial distribution, said delay vectg ing the
rel ati veWPiO8E3Hf arrival of the wavefront from said n&¥§@8§@&§§2 at each
sensor; defining a steering vector for each said 15 noi se source based on
sai d delay vector; using said steering yector to determ ne the
contribution of each noise source to sﬁ¥d noi se covariance matrix as
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said filtetdoutputs eemétbﬁcg?cr‘?%m?&@ cgféﬁ‘fé{ﬂag’@er?% %‘dr?éﬁlé?%‘hﬁéot"ﬁ‘i&mel S:
determining an array steering vector towards the array |ook direction;
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channel based on said contribution of each noi se source at said sensors,
sai d nul | i cogffioients ane usetddto panetata filtaydesigpemiuey aveeding to amepegsivarselectad sai d
noi se covariance matrix by adding the contributions of each noi se source
to said refréh@ncgroahesintifg afwiRemeBELdhingd dpdrativhiane ad InvepstHoakiky

di stributed white noise. WO 01/ 37435 PCT/ USO0/ 41537 44 48. The net hod
accor disng +@n&gbdh Bpddtionvher ei n said equation is solved for "n" frequencies
to yield "n" coefficients for each filter, and for each filter, said "n"
coefficients are used to generate filter design values according to an
operation selected fromthe group consisting of a Remez Exchange operation
and an I nverse Fourier 5 Transform operation.



