WO 02/ 03754 M CROPHONE ARRAY SYSTEM BACKGROUND AND PRIOR ART 5 1. Field of
the I nvention 102. This invention relates to a m crophone array system
Descri pt ivomop6376he Rel ated Art PCT/ SGOQ 00098 Normal |y a peT/sG@h@nes i s used
to acquire a sound. However, the surrounding environment can |argely
affect the sound acquisition. Background noi ses and reverberation of the
speaker's voice can degrade the acquisition performance, particularly 15
for a distant-tal king. For this reason, a short range m crophone desi gnhed
for use near the nouth oMIEIROBHONEARRAY S¥SAEMadset i crophone or hand
m crophone has been enployed. However, it is unconfortable to wear the
headset m crophone on head, while the hand m crophone limts the freedom
of the speaker as it occupies his/her dition, it is also

i nconveni ent for nultipIeBﬁ&&ﬁ@&Q&W@%£g£g§%Ké£ . There has been a 20
demand for a sound input scheme that can allow nore freedom and conveni ence
to the speakers. A known m crophone array system has been studied as a

pot enti al. Fiidoflthedn¥emtiosound i nput schenme that can sol ve the
conventional |y encountered inconveni ence described 25 above. The m crophone
array systemconsists of a set of a plurality of m crophones which are
arranged atrhgPavimtonyeldict {01 BRéropRsiclar@psystaier e the desired speaker can be
| ocalized and tracked, and noi ses can be reduced by synthetic processing
of outputs of these m crophones. 30 The al gorithns for reducing noises by
m cr gphopearray. i ngl vweptional delay and sum beanform ng, broadband
adap@ivgﬂbg%ﬁFﬂﬁﬁwﬁgﬂ§%§d%%€éﬁ?fiItering etc. However, the delgy and sum
beanf orm ng can provide | ow performance, broadband adaptive 1

Normally a microphone is used to acquire a sound. However, the surrounding
environment can largely affect the sound acquisition. Background noiseé and
reverberation of the speaker’s voice can degrade the acquisition performance, particularly
15 for a distant-talking. For this reason, a short range microphone designed for use near the
mouth of the speaker such as a headset microphone or hand microphone has been
employed. However, it is uncomfortable to wear the headset microphone on head, while
the hand microphone limits the freedom of the speaker as it occupies his/her hands. In
addition, it is also inconvenient for multiple speakers for a conference. There has been a
20  demand for a sound input scheme that can allow more freedom and convenience to the

speakers.

A known microphone array system has been studied as a potential candidate for sound
input scheme that can solve the conventionally encountered inconvenience described
25  above. The microphone array system consists of a set of a plurality of mjcrophoneé which
are arranged at spatially different positions, where the desired speaker can be localized
and tracked, and noises can be reduced by synthetic processing of outputs of these

microphones.

30  The algorithms for reducing noises by microphone array include conventional delay and
sum beamforming, broadband adaptive beamforming and match-filtering etc. However,

the delay and sum beamforming can provide low performance, broadband adaptive



WO 02/ 03754 PCT/ SGOO 00098 beanform ng needs a | ot of conputations and is
sensitive to the m crophone dismatch and m crophone position errors, while
mat ch fi wen2/egsfneeds to know the information of the traref/eGodemes i ons
bet ween the sound source and m crophones in prior. 5 SUMVARY OF THE

I NVENTION It is accordingly an object of the present invention to provide a
m cr ophone array system to overcone at |least a part of said
inconvenlences i s anot her object of the esen t .10 invention t rovi de
a nicro Oﬁﬁlln&)P% ?g?ﬁ iocqmeputaiqns andJis f‘?F‘gi’l‘évea s migrepnony %1%4%@& ivity
and pro Argfam?c 9}% Q{t‘i%h ek WL ﬁthEh-Qilteiﬁﬁ Se6y 1B noksthe Ghfoeshalidn of
providing a fir a second set of m crophones for receiving first and
second sthe nméfeaﬁmnHOnﬂmtwmnghaSdeaDMa!pd mierophepeslin prioessor, a

beanform ng 15 circuitry and a steering neans. Said adaptive si gnal
processor receives a first set of digital signals resulting fromsaid
firsts; set of acoustical signals and outputs both, a localization signal
and a processed signal. Said beanformi ng circuitry receives said

| ocal i zation signal and aS Oi?gnal s resulting from
said second set of acoustical signals and outputs a result signal. Said
steering neans is controlled by said |ocalization 20 signal and adjusts

sai d secRhglagotdinglymnwbiybhofithe present mvelnticnctoi provide e mecsphdnd anrat system of

acoustical signals cones fro re specifically, cor di an

o oodl i ovrine 3 Jeasun part ] Bieonpaatmses. dt if sodiEnotEdlet Ge tpsent

m cr aphofe, Iﬁ{(fna% gﬁﬁﬁ dfbghmgf 8§st8mf fol 5 ablE '8 YachRAB QS 86bdEpatiani 25
a m cr ophones an secon

di rection array, conposed of directional

m cr ophosebtivitpandppivide ehigh sighi}-toemissriaios, a O/ A converter, a video
canera (optionally), a small notor to drive the rotation of the fixed
directional m crophone array, an adaptive signal processor and beanform ng

Ci T CUI LI Yhis ¥bjedt SOGMA BY pravi Featndfa sicbRE bétwTahicrophonapleresivisg of a

fixed beamto its direct 1oo0k rection or such and it is steered (for 30
exanpl e: fitsy and segond gptstnf aaowleelr magalsan@apt%smﬁmre?esamdaﬁaea@gw%g:or di ng
to the

15 circuitry and a steering means. Said adaptive signal processor receives a first set of digital
signals resulting from said first set of acoustical signals and outputs both, a localization
signal and a processed signal. Said beamforming circuitry receives said localization
signal and a second set of digital signals resulting from said second set of acoustical
signals and outputs a result signal. Said steering means is controlled by said localization

20  signal and adjusts said second set of microphones into a direction where said first set of

acoustical signals comes from.

More specifically, according to an embodiment of the present invention, there is provided
a steering microphone array system which comprises a first array composed of omni-
25  directional microphones and a second array. composed of directional microphones,
preamplifiers, A/D converters, a D/A converter, a video camera (optionally), a small
motor to drive the rotation of the fixed directional microphone array, an adaptive signal
processor and beamforming circuitry. Said second array composed of directional
microphones is of a fixed beam to its direct look direction or such and it is steered (for
30 example: by rotating) by a steering means like a motor and braces according to the

localization obtained from said first array composed of omni-directional microphones.



| ocal i zation obtained fromsaid first array conposed of ommi-directional

m cr ophones. 2 WD 02/ 03754 PCT/ SGOQ' 00098 Ot her objects, features and
advant agewO avesdi ng to the present invention will be prpepRGedNs t he
followi ng detail ed description of the illustrated enbodi nrents when read in
conjunction with the acconpanying drawi ngs. 5 BRI EF DESCRI PTI ON OF THE
DRAWNGS FIG 1 illustrates a block diagramof the m crophone array system

ol ar© P ORRE Bhiect b A Ula Mgl B afodrtind 6 B i8uchy B BRIGALAE) OF >3 &

first array 0s€e A BNar s i CrR Sllustrates a

bl ock di p@seam(bih thafallosdng détaited degciistigrostabe nrusﬁlatédeeinbedmientsrwmmhwnes, 15

FIG 4 i]lusf{rates a %ructure di agram of the arrangenent of a jt'

di r ect i ofAOIIURCHPB Wi {he AGQMPANYNEHIAINEE| G 5 illustrates a structure

di agram of anot her arrangenent for said second array. 20 DETAI LED

DESCRI PTION OF THE INVETION FIG 1 illustrates the bl ock diagram of the

m crophone array syst elBRIEFIINESCRESHON OF MR DROWINGS Ssyst em consi sts of

two arrays 1, 2 of mcrophones. Said first array 1 is conposed of m

omi -di rectional mcrophones OMOL, ..., OMOm and said second array 2 25 is

conposed of n directional m'crophones DIVDl DIVDn A first set of

acousti cal | r 1,
S e I e e R e S A A

first0 seinvettion preamplifiers OPOL, ..., ODOm and a flrst set of mA/D

comn ettt BRSSO B 95 e el 2

An adaptmi@olﬂjogeﬁl processor 4 receives said first set of digital signals
x (i), . i) and outputs both, a localization signal od(i) and a
proc essed H@n |11Lygt(ratys a block diagram of said second array composed of directional

microphones;
15 FIG. 4 illustrates a structure diagram of the arrangement of a jth directional
microphone and said motor;

FIG. 5 illustrates a structure diagram of another arrangement for said second array.

20 DETAILED DESCRIPTION OF THE INVETION

' FIG. 1 illustrates the block diagram of the microphone array system of the present
invention. The system consists of two arrays 1, 2 of microphones. Said first array 1 is
composed of m omni-directional microphones OMO01, ..., OMOm and said second array 2

25  is composed of » directional microphones DMO1, ..., DMOn.

A first set of acoustical signals received by said m omni-directional microphones OMO1,
., OMOm is sent to a first set of signal converting means comprising a first set of m
preamplifiers OP01, ..., OPOm and a first set of m A/D converters OA01,..., OAOm and
30  converting said (pre-amplified) first set of acoustical signals to a first set of digital signals
x1(), ..., xm(i). An adaptive signal processor 4 receives said first set of digital signals
x1(i), ..., xm(i) and outputs both, a localization signal od(i) and a processed signal oz(i)

at first and second output lines 6 and 7, respectively. Said adaptive signal processor 4



at first and second output lines 6 and 7, respectively. Said adaptive
signal processor 4 3 WO 02/ 03754 PCT/ SGOQO 00098 determ nes, whether a voice
signal ewa@vy937ahd estinmates in a case, where such an acPOBBGeRI00% gnal
exists, fromwhich direction said acoustical signal cones. A second set of
acoustical signals (nost of these signals originate fromthe sane source 5
{speaker} as said first set of acoustical signals) received by said n

di rectional nicroghgnes DW1, ..., IS sent to a second.set of signal
Conver t | RorBaFEs WRCGHER eIk GeRALSsit dng GHBTonA B AT I BP0l
DPCn andafbﬁ%fa@ NAhcish, HOmWich GRRYEST S adddBHoal signal dofifes. converting said
(preamplifie second set of acoustical signals to a second set of digital
signals yl(i), ..., yn(i). 10 A beanformng circuitry 5 receives said
second set of digital sigpals i )s eatea YOG ) ' si gnal
0z(i) frOrieE egg’gc%?ﬂﬁssfﬁgf%%’?al%l{‘ﬁ%&?)fthﬁﬁ%s‘é?fg‘%é?gﬁgterﬁe°§‘{hﬁ%eosrsa?‘%ﬁsg’ﬁ‘%gz(i) at
an ou pufsp3akepRhslsdi@® fiktt betDf aB@Istical (signalsy réchived beBhidtxadiesetiondlput means 11
(for instance: to__a connector) through a DA converter 10. 15 A notor 3

t

(bei ng pavieropongs DM i ngDMOaiE send to 8 peqoad sefff stanatranyeingdne®sond array 2,
for ins i ' 2a P9 a8 hRBcdid'set Ofn A J
steeri ngéﬁgglﬁssﬂég,s‘?cgﬁa%§F§$r%6§€%gié§£??gh’sedﬁj'tpg dfear a rotation of said
second acomwrters@NOT;,0).) BAOhyomariing seid (preanplofied) séapndisetoaf(achpusticalm sai d
first output line 6., Said,. ocalizati sign od (i) fromsaid first 20
out put I$lﬁﬁalﬁt°r?a§ﬁ°°%fb€ﬁtf’ge‘r$§?\a§}$n By _ed"gﬁ‘%‘burn a video canera 9 to focus
to tfiye desired speaker. FIG 2 illustrates a block diagramof said first
array 1 conposed of said first set of m ommi-directional mcrophones OWM1,

., OMOA begaifarnring cinduitdy b eeceivea atidrsceandsaboladigitd savalsy1@), ..., & ecei ve

said fi f i.cal sjgnal . ' LSt
ol ect roniid Bregrrd SERERRUF Fout R eBpd BaBECT and byl festiffigfell, o,
sai d firgtanSRip@18. S2id PésaREitnal 241)Ss BRPbent to an of¥pGnaat I1h@or iastane: teed t o

said first set of digital signals xlI (i),
a connector) through a D/A converter 10.

15
A motor 3 (being part of a steering means 2a, 3) is connected to said second array 2, for
instance via a brace 2a (said brace 2a also being part of said steering means 2a, 3). Said
motor 3 is used to steer a rotation of said second array 2 controlled by said localization
signal od(i) from said first output line 6. Said localization signal od (i) from said first

20  output line 6 may, additionally, be used to turn a video camera 9 to focus to the desired

speaker.

FIG. 2 illustrates a block diagram of said first array 1 composed of said first set of m
omni-directional microphones OMO1, ..., OMOm. Said m omni-directional microphones

25 OMOI, ..., OMOm receive said first set of acoustical signals and convert it to a first set of
electronic signals. Said first set of electronic signals is amplified by said first set of m
preamplifiers OP01, ..., OPOm and then converted to said first set of digital signals x1(i),
..., xm(i) by said first set of m A/D converters OAO0L, ..., OAOm.

30  Within said adaptive signal processor 4 an adaptive voice detection circuit 41 receives

said first set of digital signals x1(i), ..., xm(i) and detects, whether a (for example:



., xm(i) by said first set of mA/D converters QAO1, ..., QAOm 30 Wthin
sai d adaptive signal processor 4 an adaptive voice detection circuit 41
recei ves waara7si rst set of digital signals xl (i), ..., xPCTpGeanmubogket ect s,
whet her a (for exanple: 4 WO 02/ 03754 PCT/ SGOO' 00098 human's) voice |ike
signal exists or not. The result of said detection is outputted as a
detected signal v(i). If said detected signal v(i)=0, no voice signal was
det ect ed ' ' = ' ' tected. 5 A
time-del élyh?’é‘gszg&f%ca‘%. %iﬁggﬁétgéﬂo%ﬁ%rggﬁ ?fcs\éﬂ&ei%&iﬁgggm s sald first set
of di gi t aletectsd gigahlsv(®l Ifispid detectedksignal véijreD, saivdicd signat wds déteeted. If§did
esti mat esd%he Iocallei z)g:li on .of it hgl desi rf speaker (i. e.: the direction,
where saiogeFtef siEnalyot: L yQite sisp IW%si‘%FFﬁ ‘comes from), creates and’
outputs said localization signal od(i) at said first output line 6. 10 The

operation of said tine-delay based |ocalization estimation circuit 42 is
descr b bed\ time-delgly|basest logglization estimationasincuit 48 irepebites ogid firg seteff digitalme- del ay

based | ocal i .on est j. | on ' it 42 does not .actual.i ze i status (i)
and 1t odBtea i corbIRAd i delbE et Sl s BE Rl ERR e Bignal o
15 2) |f dsdited spedkecticsl: thedivetiion, wiede sasdififbt sét @ actaistiyal BRSRAM dofedlogH] | ON
estimation ci rguit 42 actualizes its status (i), estimates the

| ocal | zafTegtes 3nd pypuig said lecplizatonsignaliod(ipat said figst ewtpuidinedh or source, where
said first set of acoustical signals cones from, based on tine del ays

bet ween different ones of said omi-directional mcrophones OMOL, ...,
Ovomiénd The bperatonnof sait timb-delaydasethlocalizatomestimatidicirchit MR igddsedbedagt ual i zed
conparedft& 20 its previous status. A delay and sum beanforming circuit 43
recei ves UM first set of digital signals x | (i), ..., xn(i) and said
detected signaj H\éﬁiﬂ)detdéfdacs?éfa?%%(})}"é‘gtéﬁnfbﬂ&la%“ﬁﬁs@@%ﬁﬁéﬁoﬂ%sﬁﬂﬁ@&{ ion and

out puts sai throcessed signal oz(i) said second output |ine 25 FIG 3
i | | ust r acikenitddass rotiacheplizemits fstasis (i) anddbordputs r pyeviousctaios ed(i-of ofsidl second

set of Nlocalization signal od.

15 2) If said detected signal v(i)=1, said time-delay based localization estimation
circuit 42 actualizes its status (i), estimates the localization of the desired speaker (i. e.:
the di;ection or source, where said first set of acoustical signals comes from), based on
time delays between different ones of said omni-directional microphones OMO1, ...,
OMOm and outputs an actual localization signal od(i) having been actualized compared to

20  its previous status.

A delay and sum beamforming circuit 43 receives said first set of digital signals x1(), ...,
xm(i) and said detected signal v(i), processes a delay and sum beamforming operation
and outputs said processed signal oz(i) at said second output line 7.
25
FIG. 3 illustrates a block diagram of said second array 2 composed of said second set of 7
directional microphones DMO1, ..., DMOn. Said # directional microphones DMO1, ...,
DMOn receive said second set of acoustical signals and convert it to a second set of
electronic signals. Said second set of electronic signals is amplified by said second set of
30  npreamplifiers DP01, ..., DPOn and then converted to said second set of digital signals
y1(@), ..., yn(i) by said second set of n A/D converters, DAO1 ..., DAOn.



directional m crophones DM1, ..., DMOn. Said n directional mcrophones
DVD1, ..., DMOn receive said second set of acoustical signals and convert
it to a se@onw7set of electronic signals. Said second sePCDRGel/@0& oni C
signals is anplified by said second set of 30 n preanplifiers DPOL, ...,
DPOn and then converted to said second set of digital signals yl(i), ...,
yn(i) by said second set of n A/D converters, DAO1l ..., DAOh. 5 WD 02/0375

PCT/ SGOQ 00098 Sai d ssed signal .0z(i) f i d adapt | i gnal
ot oss hadpresesat HERB b torysHidiaduptivs tiekel TRSrssa o s Rl et o
m cr Ophgﬁ}.gf% cllfg mni-dirdcbHal Iﬁiérog;ﬁbﬁéémtl, 2, ORIoHY, is Gblaged 4t a2R14Nd

wei ght e (f'ut circuit 53 to generate a weighted signal ou(i). A
fixed |cimkitdRradwetghtébatrd weighihgrouitrS3up gesierate ackgighted signal ki ohdixedt of

digital signals, ylL.(i), ..., b ynfi) and said weighted.siagn .y and does
beanf or nioA ‘ggPCt’tQ’i‘é’eﬁ%'gWg 8’6?‘3/‘{;# %qc‘.“vgs. ?al‘i f\ecfon% ?éleogt%f%eﬁg %lgh%lg%cé%[ “Wher e
sai d § i I &)l sQl vAEAHSE LigAll oh(iY BRd Sos WRBMJThaNY at tBalsbkrditentiond(i. &ither s sai d
second array 2 into the direction of the desjred speaker (j. . e., where said
first sditectibn acsnwees, vdicrassairhfirst set ofaeoustioptpigngls semss figm). $aid motofh) e, sai d
braces 2 control | .Ssal . | ' Sl [ Edefirst
out put | 155 B4 iout ey 8 e R Roh SF s diaBu At o) wieMRRFRRS | N
sai d resget bf sogstival ighdly corbed flom) by metnsofyfxlexample) sajd braceh2g eghtralkidd D/ A
converter 10 and_ then ] eaves the m.,crophone ..array system at said out put
means llb)(%mE’ﬁa-af'?&?mbélgﬁalc‘lﬁﬂéfﬁ%ﬁf)‘gQéﬁé?“m“ﬁgile%‘esult signal of the

m crgphone array system 15 FIG 4 illustrates a structure diagram of the
arrangenent of one of said directional mcrophones, for instance

m cr ophoSwid BiEd looklitebomheanafotrenhgaircuivs outpugscsaidbreghlt sighakmfihdaid | and said

Ovy 1 visrahsighel ) s thOREh st CURGORTHTIeE 1P e Bycf ledyef HieSickopngle (" 1"
null's i sy20Q dygbl a‘%?ai@%u&hﬁ mahél1 1 (MAibh hay B8iatofiBdctér) 3s b Finaletuld digehli n t he

direction of "one of sai
of the microphone array system.

15
FIG. 4 illustrates a structure diagram of the arrangement of one of said directional
microphones, for instance microphone DMOj, furtheron called as «ith directional
microphone”, and said motor 3. Said 7™ directional microphone DMOj is of a directivity
pattern DMOj_1 which has a main beam and two nulls (in Fig. 4 only one of said nulls is

20 labeled by the word “NULL”). Said motor 3 is installed in the direction of one of said
nulls of said j* directional microphone DMOj in order to reduce the influence due to the
rotating noise of said motor 3 into said j™ directional microphone DMOj. Another way is

to put said motor 3 at the null direction of the whole directivity pattern.

25  FIG. 5 illustrates a structure diagram of another arrangement for said second array 2. In
this arrangement, said directional microphones DMO1, ..., DMOn are positioned along an
inner circuit. This arrangement is more suitable for near field applications such as a small

room, car, computer workstation or the like.



nulls of said p h directional mcrophone DMJ in order to reduce the
i nfluence due to the rotating noise of said notor 3 into saidp directional
m cr ophoveO DM3754 Anot her way is to put said notor 3 at tPpPeT//AGbd/oodds ecti on

of the whole directivity pattern. 25 FIG 5 illustrates a structure diagram
of another arrangenment for said second array 2. In this arrangenent, said
directional m crophones DMD1, ..., DMOn are positioned along an inner

circuit. This arrangepent is nore suitable for near field applications such
as a smal | lF‘ﬁb‘n‘fla*f'g‘?,‘scorrput er workstation or the like. 6 WO 02/ 03754 \Wat
is clainmed is: PCIT/SGOO 00098 1. A m crophone array systemconprising: - a
first (1) and a second (2) sets of m crophones (OMO1, ..., OMOm DM, .
5 DMOn) f orl. r Ageictaphgne piray systean e@BpidNgiet s of acoustical signals; - an

adapti ve signal ~pn, i N7 LA . ; a
steering means® P%é?fﬁ?fcp& Séscgé}lg%%%eg? Pﬁgﬁé?%llri\aar{é grgrélc}%délé é'Br%?d’ rDeI\éIg}’v‘l"hg a
firstsset of dDWIOn)forsiegeiving firstlahll second sets of m¢ausdical smgmblsi ng from said first
set of acoustical_ signals and outputting a 0 . ocali, at%qn signal (od(i))
and a pr ocessed adaghye sigagl prygessor Zbaﬁntﬁl Wﬁﬁ‘r‘é‘flﬁg&')ﬂy (5) receiving

sai d processe Qg}?# 24(by)nand a second set of digital signals (yl(i),
o, ym(i)) rgasfjt}etl gm$rorgzs’ai)’d second set of acoustical signals and

out putting a +saidiadaptivesignal(pre¢dsior,(4) reseivingsa Sest betef digitabsigpals (g(Dpei ng
controll ed by saj.d |l ocalization .gignal (ogd(] .. 15.and . saj .eer | ng
means (2a, 3) ’é’flbgr Y S g Ogjeéjﬁladﬁ‘_gsgtset ﬂq(%%&ﬁl%a op _aises'fm ?Dk’&gﬁlﬁg . é ,
DMDnjo i nto a digkRiEAation sihar @d@) add hipisdessealsighal @east i cal signals comes
from 2. The m crophone array systemaccording to claim1, characterized in
that 20 said {4aidbeambpraieg saceiby s(Sdireeniyng Haid preassed (signal (p3(D) and axn(i ) ;
yb Gy vakhid &6 digital signals (y1(i), ..., ym(i)) resulting from said second set of
acoustical signals and outputting a result signal (zz(1)),
- said steering means (2a, 3) being controlled by said localization signal (od(3)),
15 and
- said steering means (2a, 3) steering said second set (2) of microphones (DMO1,

..., DMOn) into a direction where said first set of acoustical signals comes from.

2. The microphone array system according to claim 1, characterized in that
20 said first and second sets of digital signals (x1(i), ..., xm(); y1(@), ..., yn(i)) are
generated by first and second sets of signal converting means (OP01, ..., OPOm;
OAO01, ..., OAOm; DPO01, ..., DPOn; DAOL, ..., DAOn).

3. The microphone array system according to claim 2, characterized in that
25 said sets of signal converting means (OP01, ..., OPOm; OAO1, ..., OAOm; DPO1,
..., DPOn; DAO1, ..., DAOn) comprise first and second sets of preamplifiers
(OP01, ..., OPOm; DPO01, ..., DPOn), respectively.

4. The microphone array system according to claim 2 or 3, characterized in that



generated by first and second sets of signal converting neans (OPO1, ...,
OoPOm  OAO1, ..., OQAOm DPOL, ..., DPOn; DAO1, ..., DAOn). 3. The

m cr ophomeo a2/6¥y4 syst em according to claim 2, characterizrdr/sGowivaes 25 sai d
sets of signal converting neans (OPO1, ..., OPOm OAO01, ..., OAOm DPO1,
..., DPOn; DAO1, ..., DAOn) conprise first and second sets of preanplifiers
(oPar, ..., OPOm DPQL, ..., DPOn), respectively. 4. The m'crophone array

system according to claim?2 or 3, characterize th 7 4

PCT/ SGOOY ooosmugsﬁtsuOE@gaaldﬂronwr@naﬂn%ﬁ&@’@%ng, ﬁggéws 0(@3@ ’\/&8 %i’éiy QAO1,
..., OAQm DPOL n; CQITBAA s fdffArD RvaREONd
sets of A/ID c'bhngPéDAap C}J?R'ﬁg)lmmgg&n%%%{l S¥B A On), respectively. 5
5. The m cr oploA®, ar, r(hé{OmyDtA@m acDald), xespectilyi m 1 char acterized in that

sai d adaptive signal processor (4) determ nes, whether a voice signal
exists, and estimates in a case, that such an acoustical signal exists,

from é"'h' ch sdi fRekE B%Iftﬁa'e% ?Q?gféh'ae@drdﬁg@@aiauﬁqrra&ara&&lﬁd id gt ni cr ophone

array system accor gtoc characterized in that said adaptlve
si gnal processit adapfive signal presesson ) clstesminest Whether a yaice sighg) exigls, an

ot cct i ng, 1 TouEEid ind Seacy g 3 acBlfeE] Gl from "gh%éﬁ‘d?kéﬂgn%d

det ect ed si gnbudtical dignaltdmés. The m crophone array system accordl ng to any
of claims 5 or 6, characterized in that said adaptive signal processor (4)
conprises a tine-delay based |localization estimation circuit (42) for

ooy %21 Shd bk Sbuiil By i aboctia) Bl Mlamacterized st lat)) and sai d

det etl ed si gna mat 1 n oca | zati on of the source of
said first saialcbhdqﬁmsglgmzilprmegml(é) rcempmwlaambef deteationpeirauitngt13 ol
| ocalization 2Q sig

rophon ray system according
to any of cl deREviHE SGIJoﬁrS'?S Q’@ké’(%’f @g?aj%gh( > - (1)? for detecting, 1F thers 1s
said acoustical signal and for outputting a detected signal (v(i)).

15 7. The microphone array system according to any of claims 5 or 6, characterized in
that said adaptive signal processor (4) comprises a time-delay based localization
estimation circuit (42) for receiving said first set of digital signals (x1(i), ...,
xm(i)) and said detected signal (v(i)), for estimating the localization of the source

of said first set of acoustical signals received and for outputting said localization

20 signal (od(i)).

8. The microphone array system according to any of claims 5, 6 or 7, characterized
in that said adaptive signal processor (4) comprises a delay and sum beamforming
circuit (43) for receiving said first set of digital signals (x1(i), ..., xm(i)) and said

25 detected signal (v(i)) and for outputting said processed signal (oz(i)).

9. The microphone array system according to claim 1, characterized in that
said beamforming circuitry (5) is arranged to combine said second set of digital
signals (y1(i), ..., ym(i)) with said processed signal (0z(i)).
30
10. The microphone array system according to claim 9, characterized in that



in that said adaptive signal processor (4) conprises a delay and sum
beanformng circuit (43) for receiving said first set of digital signals
(xI'(i), wWop2eared)) and said 25 detected signal (v(i)) ardrhGeo/@otgutting
sai d processed signal (oz(i)). 9. The m crophone array systemaccording to
claim1l, characterized in that said beanform ng circuitry (5) is arranged
to conbi ne said second set of digital signals (yl(i), ..., ymii)) wth
sai d processed signal (oz(i)). 30 _10. The m crophone ar system accor di ng
to claim9, chidr heaneforming fircuitint(S3 qmm*z%@?éﬂabéﬂﬁ%c@%deg%ﬁ%is@%

beanf orm ng ci rcui t,r I: a delay circuit (52) to delay said
processed si é’ﬁ%‘ieg?egzs{%(aaorzg@er}?{;/ééﬁ "11. The microphone array system
according to claim9 or 10, characterized in that 5 said beanform ng
circuitry (5) conprises a weight circyit (33) to i ght said..del ayed
processed il-gﬂ@lmF&RhP?? ala%lsyét?Fbﬂﬁ"PF‘i[{Bg fq 3%%“ QO&E@&%@&@Z&M t‘ﬁ'("'ou( i)).

12. The ni : : , . )
fhe mcrap Qé‘ar%ﬁﬁ%gi%xl%w ?@;’6’%@5@8 taow@igﬁ’ft Téh@%dt (ShpicAGleRdbt 261 | N

t hat "sai d beantorm ng ci nprises a fixed | ook-direction
beanf orm ng deliyed prockdsed Sighalr(ez@) wind guipaitingibasghweightedgignal (@) )) and
said second set of digital signals (yl(i), ..., ym(i)) for beanform ng
into said direction, where said first set of acoustical signals cones

from 13. Therys Alcrhons afsy Siteny adcording enelalinh 91, ichambteriaéd il thatns 9 to 12,
characterized in 15 that said fixed | ook-direction bheant orgn' n ircuit

(51) is arr arsgiddbeamformingt cisaitey (?)esemprisgsqh fixed Appk-flirection og‘IFIE’tgophone
t i .0. cl ai . .act i i I t

3 ol 122 ChoGed st A W REHRE) G sn JelSoond Sl SR

array systemgagaly@lay .1.0ya(dy for bdamiormingrines said directidoh athere said first set

of acoustical signals comes from.

13. The microphone array system according to any of claims 9 to 12, characterized in
15 " that said fixed look-direction beamforming circuit (51) is arranged to output said
result signal (zz(i)).

14. The microphone array system according to claim 1, characterized in that
said result signal (zz(i)) is input to a D/A converter (10).
20
15. The microphone array system according to claim 14, characterized in that
an output of said D/A converter (10), which is arranged to carry an analogue
signal corresponding to said result signal (zz(i)), is connected to an output
connector means (11).

25
16. The microphone array system according to claim 15, characterized in that

said output means (11) is a connector.

17. The microphone array system according to claim 1, characterized in that
30 a video camera (9) is controlled by said localization signal (od(i)) for steering it

into a direction where said first set of acoustical signals comes from.



an out put of said DA converter (10), which is arranged to carry an

anal ogue signal corresponding to said result signal (zz(i)), is connected
to an outwa2/06nnect or nmeans (11). 25 16. The m cr ophoneP@r/sa@yu/@Ysst em
according to claim 15, characterized in that said output neans (11) is a
connector. 17. The m crophone array system according to claim1,
characterized in that 30 a video canera (9) is controlled by said

| ocalization signal (od(i)) for steering it into a direction where said
first set of acoustical signals comes from 9 WO 02/03754 PCT/ SGOQO 00098
18. The m cyorie %ﬁcn%{pﬁ&ié TS 5§ ACARLE iMoot 12 cHArdete il kAT | zed in that
said steering neans (2a, 3) “conprises a notor (é) for processing said
steering. 5 16aidFteering meapHBad)aompyiseysmetar £2)cfor araegssing saidstesTgor 18,
characterized in that said steering neans (2a, 3) conprises a brace (2a)
engaged with said second set (2) of mcrophones (DW1, ..., DMOn). 20. The
m crophone By, IMhY nfivbRéAeASRY s§5t8m deoordil thiclkaimdhar k8; tharhaterizédrinthat 10 sai d
first (1) set of mcrophones (OWD1, ..., OMOm)_conprises, l.urality of
omni - di r ect i oeifl stacing Birene 22, 3) compEses; & Prapm Ard caLgey Wit saih sgeh ing to

claim1, char ﬁ%to?rrﬁiéx%ghé)r[%sfgﬁﬁoﬁai ?)ﬁ%)gnd (2) set of mcrophones (DW1,
. plura

., DMOn) coNhprises Ity 6 directional microphones. 10

20. The microphone array system according to claim 1, characterized in that
10 said first (1) set of microphones (OMO1, ..., OMOm) comprises a plurality of

omni-directional microphones.
21. The microphone array system according to claim 1, characterized in that

. said second (2) set of microphones (DMO1, ..., DMOm) comprises a plurality of

15 directional microphones.

10



