WO 02103754 M CROPHONE ARRAY SYSTEM BACKGROUND AND PRICOR ART 5 1. Field of
the Invention This invention relates to a m crophone array system 10 2.
Description of the Related Art 7 Cctober 2004 PCT/S@0/ 00098, Noy mal |y a
m crophongygh §4s56d to acquire a sound. However, the surrgyitodboces

envi ronment can largely affect the sound acquisition. Background noi ses and
reverberation of the speaker's voice can degrade the acquisition
performance, particularly 15 for a distant talking. For this reason, a
short range m crophone designed for use near the nouth of the speaker such
as a headset nicrophone oMICROPHONDARRAY BXSTEMn enpl oyed. However, it
is unconfortable to wear the headset m crophone on head, while the hand
m crophone limts the freedomof the speaker as it occupies his/her hands.
In addition, it is also ipgc i f i speakers for a
conference. There has beeﬁﬂﬁﬁgéﬁg%ﬁﬁhébﬂérﬁgﬁ%g@hﬁ i nput schene that can
al l ow yrore freedom and convenience to the speakers. A known m crophone
array system has_been studied as a potential candidate for sound input
schene t hbt Fiekholdbe Inveqtios conventional Iy encount ered i nconveni ence

descri bed 25 above. The m crophone array system consists of a set of a
plurality of mcrophones which are arranged at spatially different

posi tions, WhisrievenHen relaiss teymigsenhons agEHSYBEM™ ocal i zed and tracked, and
noi ses can be reduced by synthetic processing of outputs of these

m crophones. 30 The al gorithnms for reduci ng noi ses by m crophone array

i ncl ude c2nPesariptiompf theRelatedddt sum beanf ormi ng, broadband adapti ve
beanform ng and match-filtering etc. However, the delay and sum

beanf orm ng can provide | ow performance, broadband adaptive 1 )
Normally a microphone is used to acquite a sound. However, the surrounding

environment can largely affect the sound acquisition. Background noises and
reverberation of the speaker’é 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 2 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 microphoneé 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 7 October 2004 PCT/ S&0/ 00098 beanform ng needs a | ot of
conputations and is sensitive to the m crophone di smatch and. m crophone
position errors, while match filtering needs to know d&eohefozomti on of

t he transfwag odostsat i ons between the sound source and m cregnfso@scobg) prior. 5
SUMVARY OF THE INVENTION It is accordingly an object of the present

I nvention to provide a m crophone array system to overcone at |east a part
of said inconveniences. It is another object of the present lo invention to

provi de a m crophone array system,¢to be, abl e I ev.e o tial
sel ect i vi kepmiprening Berds @ lof ofi Smpuiatinmy aqdis évergttgﬁ m“ﬁ‘?P b‘ﬁ%’%{% s sol ved

by provi O Rrdphdeid p@ﬁgn%naﬁ,cﬁﬁﬂe fftchOfilteting mofi3ao &Botwake infaredatibmgf fir st
and second sets of acousti cal ghal s, an adgﬁpaﬁve slg nal processor, a bean

f ormi ng 1@6@@@@@@0&%@“&3%%0%5%% THSHORMFAPYIRPE: si gnal processor
receives a first set of digital signals resulting fromsaid first set of
acoustical signals and outputs both, a localization signal and a processed
signals Said beanformng circuitry recei ves said localization signal and a

second set of digital si QHWY bg;second set of acousti cal
signals and outputs a resu si gnal . a| steerlng nmeans is controlled by

said localization 20 signal and adjusts said second set of m crophones into
a directign where said.firs Qm Mre
speci fi cal'f§4 yd%ﬁ’l fth?ﬁ%&%l mnﬁwﬁﬁﬁ%déég%%h}?h nvent %%n there is
provi ded toaoveﬁdoﬁﬁram@sfmq:mmlﬁamd incanyynisyes. efmlw\,hmczthﬁrmbm&t of v pre$ant st array
conposed of omi. 25 d ectlo mcro hone r osed of
di rect? on‘é‘l"e%%r%ﬁ?)‘ﬂ Bﬁ‘}?ﬁﬂ”fay gtem %Dgcgﬂgé(?gglrgg% Qg@?‘%« g%{r%gerter

vi deo can&q@n{,@pﬁdqﬂ&h&e/()mgmmgﬁmkdr-nomfm to drive the rotation of the
fixed directional mcrophone array, an adaptive signal processor and.
beanformng circuitry. Said second array conposed of directional

m cr ophongﬁ? ?ﬁ e&fls aolilwﬁyd 6ﬁiﬁgtapﬁ1*s£ ﬁndjh E&%ﬁd k@ nelbropkdries foraeceiviad) and it

is steere exanpl e: y rotating) %/1 a steering ne Qs | i ke a notor
and brac eﬁrsamd)mwgseﬁjﬂﬂ&ﬁ@lstl signals, an adapiive signal processor, a beamforming

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
signél 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 direcﬁzan 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 atray, 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 crophones. 2 7 COctober 2004 WO 02/03754 PCT/ SG00/ 00098 Clher -obj-ect s,
features and advantages according to the present inveni.Q

present ed W odihaess Ol | owi ng detail ed description of the }J(E-yg% @5

enbodi nents when read in conjunction with the acconpanying drawr ngs. 5

BRI EF DESCRI PTION OF THE DRAWNGS FIG 1 illustrates a bl ock diagram of the
m cr ophone array system of the present 10 invention; FIG 2 illustrates a

bl ock di agyg f|r ra ect |

i or ophon QU piests e el SRBRRRTE A bRt BB o vy compose
of direct pmmted mﬂmrfblmimngdetmleﬁ debomiptién ofﬂhuﬂwsaatecsembaﬁmuﬁ& when fa@gr am of

t he arrangement of a %h di recti.onal ., m crophone and said nmotor; FIG 5

i |1 ust r at BLOFUBEHGRJ "f"f# © AFCOmPARRG ITARMERer arrangenent for sai d second
array. 20 DETAILED DESCRIPTION OF THE INVETION FIG 1 illustrates the bl ock
di agr afn of the microphone array system of the present invention. The
system consi sts of two BRIER\RESCRIPTEIN GFCTHERRASINGSi d first array 1 is
conposed of momi-directional mcrophones OW1, ..., OVMm and sai d second
array 2 25 is conposed of n directional mcrophones DM)1, ..., DMDn. A
first set of acoustical signals received by said momi-directional

m cr ophones FIRD1 iltustrates aCiloyk diggramnef the micfaphene smiy syfstesi ghitlie mresentrti ng
means &orrﬂ%ﬁoﬂg a first set of m preanplifiers OP01, ..., OPOmand a
first set o Al D converters QAOL1,..., QAOm and 30 converting said
(pre-anplif FEd)2 flluskites e blosk dmgammfsaﬂ firstoarely Ssothposedf off ahnigidectidnatli gi t al

signal s é%‘-’gdgl g xm(i). An adaptive signal processor 4 receives said
ta

first set | signals xI(i), ..., xm(i) and outputs both, a
| ocal i zat i oBFIG. §ritkistraws ia) blacld dRgiid 0f S&idCkebdr@ adray0 édrhposed of directional
microphones; |
15 FIG. 4 illustrates a structure diagram of the arrangement of a jo 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. ! 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 OMO1, ..., OMOm and said second array 2

" 25 is composed of 1 directional microphones DMOL, ..., DMOn.

A first set of acoustical signals received 1;y said m omni-directional microphones 'QMOI,
.., OM0Om is sentto 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 0A01 OAOm and
30  converting said (pre-amphﬁed) 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(1), ..., 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 7 Cct ober2004 PCT/ SGOO 00098 det er m nes,
whet her a voice signal exists, and estimates in a casgstIMBr ©opuch an
acoust i calwebgsads exi sts, fromwhich direction said acousitisabogbgnal
conmes. A second set of acoustical signals (npost of these signals originate
fromthe sane source 5 |speaker) as said first set of acoustical signals)
received by said n directional m crophones DWD1, ..., DMOn is sent to a

second set of ,sign converting nmeans mpri Sin econd, set of n
preanpl i f&%?‘%mﬁﬁo‘f cth e”"“’ﬁ?’éﬁ“%r‘?ﬁ‘ %eéﬁ’a tf%{nao‘fg‘ls?'lw 5 €M er ters DaOL,
., DA GRRUAT dibdaleSat, GrohPwERI Rirkdtion did acnenidl sighaledbmagousti cal  signal s

to a second set o dlgltal signals yl(i), ..., yn(i). 10 A beanform ng
circuitry 5 receives said second set of digital signals yl(i), ..., yn(i)
and sai dA&%&ﬁﬁ%&%ﬁa&,ﬁﬁ@i 5i@elld fmdst %@s@'s%nﬂ@@ﬁ at® HoRithe khf@solirceand
outputs a result signal zz(r) at an output aid result signal zz(i) is

t hen s&nt {spealeen} asusaidufirst, gcmqaﬂmgnalﬁgﬁc&n@ébyﬁe ngliegfipmdlior) through a
D/ A Conveﬁa%c%)ps :l)ge ]315106 NMOhRfonds éeﬁf’ cﬁgseetﬁfdtsep&f s%nﬁltc%ﬁ{/érﬁﬁg Rags 2a, 3) is

connect ed & second’ array I nstance via a brace 2%5& d brace
2a al so bmmmspmasecﬂndsam! nslr@mnhrﬁgrsrfépoﬂ‘ls -28P0g and ga¢cend sestobr ABDi s used to

steer a rotatio sai GGl i zation
si gnal odf{y"® ’F?Ib%% X fxrﬁgtgg%“t}f‘ﬂéﬁ?ﬁ(ﬁr &g{ % lr)%i%qoca ?’?g% on signal od (i)
from sai dsifhalsto a&@candtsawtt‘digutabm@alsml(l),addyn(:)onaI ly, be used to turn a video

canera 9 to focus to the desired speaker. FIG 2 illustrates a bl ock
dlagré?nof said first array 1 conposed of said first set of m

ommi - dlh r egtﬂmMmgQﬁemh@BQ&emaald second $avbfdigitid isignals gh@)f, ol )ﬂﬁahﬂld)ni’:ﬂ
m cr ophones 25 OMQ 1 eceiyve sa t set o coust i
si gnal s affd Brgpesesdsignal qz() fom *’ﬁse nd téﬁlee{zta?%ﬂ\n@mﬁladﬁséﬁss?g@eﬁzﬁ?f i rst
set of el AGhoRpuES. Fatiltebult sighaPud) idf thetkehtoanottphi Medns ¢ ((fop instafice: to
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 amay 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(f) 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 fixst set of m
omni-directional microphones OMO01, ..., OMOm. Said m omni-~directional microphones
25 OMOL, ..., OMOm receive said first set of acoustical signals and convert it to a first set of
electronic signals. Said ﬁxsf set of electronic signals is amplified by said first set pfm |
preamplifiers OP01, , OPOm and then converted to said first set of digital signals x1(3),
.., xm(i) by said first set of m A/D converters OAOL, ..., 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:



preanplifiers OPO, ..., OPOmand then converted to said first set of

digital signals xI (i), ..., xm(i) by said first set of mA/D converters
OQA01, ..., OAGONn. 30 Wthin said adaptive signal pragcess@dbed @poadaptive

voi ce detegdopesred rcuit 41 receives said first set of de@id@bvosvgnal s

xI (i), ..., xnm(i) and detects, whether a (for exanple: 4 7 Cctober 2004 WO

02/ 03754 PCT/ SG00/ 00098 human's) voice |like signal exists or not. The
result of said detection is outputted as a detected signal v(i). If said

detected jugiad 3y i SRS ' : ' etected
signal v( ?i;l ngél%%lggsé%ﬁglnal \A(gsfﬁ B’g?g(lgetsgg.gf%ﬁA&tq%cﬁnge% a@ Ibegg,%%

| ocal i zat idgtected signal v(ip Af wid daectedsienabd®-0.aw voidedignal wes detectedf Idaidi t al
signal s x| gie) si%alvﬁ 1) v 'ggsiyilq\ragﬁ%tg&&ﬁd signal v(i), estimates the
e spea

| ocalization o esire ker (1. €.: the direction, where said
first set of acoustical signals conmes fron), creates and outputs said
e.operation of

| lizati [ i ),.at. i.d f.irst t.li . .10

sara t oo A mEeD bardf jdshizBliofk Befnetioh HrorfeBieives B ot 3ok ol ARBET T hec s

}‘ol | ove: jgnklk xf(a)', dt.,dm(sah@@hida?mézd sé@a)v@,gﬁﬁiafbstt?mﬂ%aﬂan ?a?@d () and
ocal i zation estipation. Cj.rcui 0/ ot actualize its status (i) an

it output é‘g%iﬂgr*%‘i??%&eé% c%?l’(‘i“’-?‘)“@'ﬁ%é' is?f"%la%’éﬁl? gepaiscanesfiamled. 15 2)

| f said deieath e sitgifedaid/loblizhtionsdgil bd(iyRt shad Mt bapadide@cal i zat i on

estimation circuit 42 actualizes Its status (i), estimtes the

| ocal i zation of the desired speaker (i. e.: the direction or source, where
sai d fior StThe 8pertfondF M8 tilhedlelay bAHA! 18cafid oA n chesiedh &rﬂescgggtiaéjel ays
bet ween different ones of said omi-directional m crophones , -

ovOm and &MH9Wst s an actual |ocalization signal od(i) having been actualized

compared 10 29) ik Buetignat @IS i Fhag,(?#gammﬂﬁsgfﬁ{qn@igg circuit 43

recei ves said rst set I'gital” signals and said
det ect ed sirepitd2 dogs Hot aginglizedis status (Dehdit ouiputs sprevimsstaesmdig mf saidt i on  and
out put s S%cﬂﬁﬁﬁgﬁﬁﬁﬁ‘gd,ﬁ gnal oz(i) at said second output line 7. 25
15 2) i 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 djrection or source, where said first set of acoustical signals comes from), based on
time delays between different ones of said ommi-directional microphones OMO1, ...,
OM0Om 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({) 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 1
directional microphones DMO01, ..., 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  »n preamplifiers DP01, ..., DPOn and then converted to said second set of digital signals
y1(i), ..., yn(i) by said second set of 7 A/D converters, DAO1 ..., DAOn.



FIG 3 illustrates a bl ock diagram of said second array 2 conposed of said
second set of n directional mcrophones DM)1, ..., DMOn. Said n
directional mcrophones DM1, ..., DMD receive saf hSeaond s&k4 of

acousti calwebgmadss and convert it to a second set of elReid@vbsosi gnal s.
Sai d second set of electronic signals is anplified by said second set of 30
n preanplifiers DP01, ..., DPOn and then converted to said second set of
digital signals wyl(i), ..., yn(i) by said second set of n Al D converters,
DAO1 ..., DAOn. 5 WD 02/03754 7, Cctober, 2004 PCT/ SG00/.00098, Sai.d processed
si gnal oz%4id propessedsignal i Siom gidadapinie oessor S, as&%%‘%‘&ﬁ? 2h§dith said

first ar rﬁeétaka?fl o Bini-Bir Siohd1 2R BopkHnes OMMINESOMdR, Is delayed 26 My | s del ayed
Cl

at a del ay culrt 52 and weighted at a weight circuit 53 fo generate a
wei ght ed eicyit 42 audiweighted\at 4 weight cirgwik S3torgsaerpiss waightedsignal guld). Adived 51
receives e el ' kot f diot Wi and said
wei ght ed I:‘?lgléﬁ‘é%%%’g ??“‘fﬁgﬁ%ﬁé 8%%%%2‘%?%%9%8 §%°t$£§ h%af °Fg’<§‘<wgﬁ§%'§§t’j%?i G. e.:
the djr eni(i) and sid weighteéd signiient) i dves beagrforsing affthetook dirpetion (spgiel s comes
from. Said tor 3 steers.sai ALl ' ' L on of the
desi r ed sé)‘éeﬁgo o1 spurcg, Whig Sea%dzﬁssgﬁeggfa??%tu%s? %a%fc b%%%%é’tﬂﬁc%&g%fngl s cones
from by smanaiddecoddairag2dniplie diseaiich dfitbrdesir@bspeaiom (i ol where sigg fiesdi d

| ocal i zation, signal, pd(J) fro id first output,lin | | xed

| ook- di r e%t ?#ﬁ?"‘%é‘ﬁﬂﬂﬂ‘%‘? il o) by %G%Pﬁé?rse"g‘é‘?!?’? ‘gﬁﬁg{;eslzgg%% gl%gzd(i ). Said
resul t signald bedizdticGamal (D) EGh Sil fisfdfputtinvérter 10 and then | eaves the
m crophone array system at said output neans 11 (which may be a connector)
as a fi¥nal result signal of the nicrophone array system 15 FIG 4

i |1 ustrat ggq ﬁx&iﬁ&b@&ﬁ@cﬁoﬂb@ﬂi@fﬁiﬁ% clkdi@ SouRRORIERID§igan e-@f Saai d
directional mcrophones, for instance mcrophoneé%gtﬁefurt eron called as

*3ah di r ergsuliovignal zz6) g0es, gh saihRA eonverisrdQend then HergphQE: | onal
m crophon . | | Mi i ' ' in beam
. Con 5 e Gyt M a6 Pl 06 b

of the microphone array systen.

15
FIG. 4 illustrates a structure diagram of the arrangement of one of said directional
microphones, for instance microphone DMUOj, furtheron called as “#* directional
microphone”, and said motor 3. Said j directional microphone DMUj is of a directivity
pattern DMO0;j_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 / directional microphone DMOj in order to reduce the influence due to the
rotating noise of said motor 3 info said 7" directional microphone DM0j. 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.



20 | abeled by the word "NULL"). Said notor 3 is installed in the direction
of one of said nulls of said jh directional m crophone DMJ in order to
reduce the influence due to the rotating noise of said notor 3 into saidjt
directional m crophone DMj . Another way is to put said notor 3 at the
null direction of the whole directivity pattern. 25 FIG 5 illustrates a
structure diagram of another arrangenent. for said S&srber rdl0L. -In this
ar rangenemhasSidicthiged €ct i onal m crophones DVMD1, ..., DMOn are positioned
along an inner circuit. This arrangenment is nore suitable for near field
applications such as a small. room car, conputer workstation or the |iKke.
6 7 Cctober 20 i i LShside: A M crophone array system

conpri si ng‘. gngé?ewgée % i? gggﬁg&s@?gﬁ% (2) sets of mcrophones (OMO 1, ...,
OVMON DMD1, .. a first (DMaX)a seoond @) sete figridroptamen(AMdd condMbms Dd0lacoust i cal
signals; - an_adaptive si_gng' prqcessar tg;% andﬁalbea ormng circuitry
(5); - a stePM foraasrdvipg Airstand secang Sg L 8PRME1EY G Spr ocessor (4)
receiving a fijir . i Qi 1 - bihe ciren rn(i)) resulting
fromsaid fi"r@géagﬁs%?lgé% u{gdte%%gl(ﬁjsiﬂgﬁdall%gﬁg%gﬁ%%f %ﬁ???’r@r’a | ocal i zation .
si gnal (od(i.)3 steashgempams¢2s9d signal (oz(i)), - said beanforming circuitry
(5) receiving said processed signal.(oz(i n econd set ~digital
si gnal s (yl (- $aid adaptive pignghproces ff(f‘héfc *&B@%@ﬁsﬁ“&@'ﬁ&gg%%mi% (X?Q%ousti cal
signal s and oyt pt ting; lshigsi et (FZ héoukiical Sahdls SheesupatinRans ( 2a,
3) being cont#%ﬁbe#sggmga?gﬁ#g%gl :ﬁgég?%'on si gnal éod%?)), - sat?% 'g?eeri ng
means (2a, 3)icsileatibmsigsadi(dd@p endd psesessedpigopl (9zGHophones (DM, ..., .
DMOn) into a directign where said first:.set acousti cal 1+ 9] |_s ;CONES
from - said 34¢ deampioyming CH?HIFWcﬁgﬁﬁ%%‘@gg(Sa%%P rocessed S@ﬁlﬁ%%@ a?lfisée)s a

. plurality of ﬁ%@ﬂgééiorf%@gi{a@@%nam@ue}ghgnskﬁa(i)ﬁfegumngamn ssidaBebndet 68t of

m cr ophones ( 1, .. -, conprises a plurality of directional

m crophones. acoustical signals and outputting a result signal (zz(1)),

said steering means (2a, 3) being controlled by said localization signal {od(1)),

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,

said first (1) set of microphones (OMO1, ..., OMOm) comprises a plurality of

omni-directional microphones, and

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

L

directional microphones.

2. The microphone array system according to claim 1, characterized in that
said first and second sets of digital signals (x1(), ..., xm(i); y1{®), ---; yn(i)) are
generated by first and second sets of signal converting means (OP01, ..., OPOm;

QAO1, ..., OAOm; DPO1, ..., DPOn; DAOL,. ., DAOn).

3. The microphone array system according to c¢laim 1, charaterized in that
said sets of signal converting means (OP01, ..., OPOm; OA01, ..., OAO0m; DPOI,
..., DPOn; DAOI, ..., DAOn) comprise first and second sets of preamplifiers
(DPO1, ..., OPOm; DPO1, ...DPn), respectively.

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



2. The m crophone array system according to claim1, characterized in that
said first and second sets of digital signals (xI (i), ..., xm(i); yl(i),

..., yn(i)) are generated by first and second set%q%,p |, g@pverting
means (OPQp o234 OPOM - OAQ, ..., OAOm DPQ, %@Tfs 0098 -+ DAON) .

3. The mcrophone array system according to claim1, charaterized in that
said sets of signal converting neans (OPO 1, ..., CPOm QA0 1, ..., QAOm
DPO 1, ..., DP On; DAOL, ..., DACh) corrprise first and second sets of
preamplifiers (DPOl The

ni cr ophone ar saig SQWﬁé@ﬂé@éVﬁ!‘Fﬂﬁng@S&pgph 2 @ %O‘Brgﬁicuég@g’zﬁj’mﬂ that 7
WO 02/ 03754 7 %ﬂ%}gﬂ&&o‘l ]B@nﬁ%@@@ﬂé i éic&ﬁit §etsPBf wrb%hv&%'ﬁé/ertl ng

means (OPOL, On; DAOL, ..., DAOn)
conprise firs{OAAY, .sd240md; BADL efDmonmremv@reﬂxérs (OAOl ..., OAOm DAQOL,

., DAOn), respectively. 5 S. The m crophone array system according to
claim1, characterized in that said adaptive signal processor (4)
det er i§ nes, 5WThE hsicrophoteiatrey systpnpdccandingtte claimd, chagactenigedbin that a case, t hat

such an acousti gal, sjgnal exi sts whi ch C 0 i cal

si gnal cones. Sﬁé a@i‘Pt‘f%é“ ?Bf?ﬁ%ﬁéﬁ);%? s g%ﬁ%c%géige gigﬁ ?oﬂﬁh&?n& 5,
characteri zed gkfindtbsin a%é@mdmhw&m@amlgmemmmwcmmmm a voice
detection circuit (41) for receiving said first set of digital signals

(xI (i), ..., Requstisalsigralgemetting, if there is said acoustical signal and
for outputting a detected signal (v(|)) 15 7. The m crophone array system

according to any of clains 5 or 6, characteri n ai d adaptive
si gnallo pr océs S migprhons sy stemn %qcﬂ@”@éPé és‘g’&“ﬁ"f?gﬁ?‘f’?éﬁar on estimation

circuit (42) fgdgdsgﬁ{vggm cést E@tco%ﬂhseja%ﬂaetﬁecﬁwamt (MP(fbb

xm(i)) and sai ed” si i), for estlrratln%éthelocalzatlon of
t he source ofrecsiviing said Sust @épf@gltd@tﬁ%lﬁl(%ﬁl)ssr,g‘m(})quf terting ifhere ior

outputting saigsl 0caliiAbhA%nd for outputting a detected signal (V(D).

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(3), ...,
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(3)).

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(), ..., xm(i)) and said

25 detected signal (v(i)) and for outputting said processed signal (0z(1)).

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(), ..., ym(i)) with said processed signal (0z())-
30
10. The microphone array system according to claim 9, characterized in that



20 signal (od(i)). 8. The m crophone array system according to any of
claims 5, 6 or 7, characterized in that said adaptive signal processor (4)

conprises a delay and sum beanformng circuit (43)7f(9ét:l§§%§ iy%@g sai d

first set yahofhiseqt 2l signals (xI (i), xmi)) and said ®dg Si gnal
(v(i)) and for outputting said processed signal (oz(i)). 9. The m crophone

array systemaccording to claiml, characterized in that said beanform ng
circuitry (5) is arranged to conmbi ne said second set of digital signals
(yl(i), ..., ynm(i)) with said processed signal (02 . The

M crophone ar sai¢ bepafarmingc sisqudirsh ¢Sk sorgpraﬁemagdelehéfra@% é??)ngljd Ryt 8 WO
02/ 03754 7 Cc (Qgﬁmgﬁgéﬂ J?@ygg%&hOOOQS said beanformng circuitry (5)
conprises a d ay Cir { 7 del ay said processed signal (o0z(i))
received. 11. The m crophone array system according to claim9 or

10,
h teri L n that, 5 Y| I ght
i reui t(5301-0° FERAPROME Aty YRy SelsE Yok 10 chotloERRA BRF 2 Vel O
out pu'élgt i ngt it siﬁa ]ﬁamll higedrcait@n(ﬂ) cgmp@s?s%]a :ﬂ:&h’c ghaﬁtr{ﬁbdprvmightaaaxda' _yt sys'z g;n
according to claim aragterized in that. sai ircuitr
conpri seg a f dglayed peressr sigpdli (G W@%taslaow??ﬁ S@DZ%T% )?ecel vi né

said weighted signal (ou(i)) and said second set of digital signals

(yl (i), .. m(i),) for beanform ng intg sajd ctlon re said first
set of acolifhemicrophpng paaywyFem gf%"la‘FFléP WﬂWay syst em

according to 34 RhAmEdrAEScifultd i3, s@&&%{b§QGok-ﬂlrecﬁ5ntH’e&hfcﬁﬂﬁﬂ§ fixed
| ook-direction beanformng circuit (5 S arranged to out ut said result

signalo (zz(i ) pircyo(52) receiving said weighted signal (ou(i)) and said second et of digital
signals (y1(i), ..., ym(i)) for beamforming into said direction, where 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 Iook-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 comnected 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.



14. The m crophone array systemaccording to claim1l1, characterized in that
said result signal (zz(i)) is input to a DI A converter (10). 15. The

m crophone array system according to claim 14, characterized in that an

out put of A converter (10), which is arrangebl Qutalear V2HW anal ogue
si gnal corr%gég% #ng to said result signal (zz(i)), is C(gﬁi‘i@&;{’%@"%so an

-out put connector neans (11). 16. The m crophone array system 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 si gnal (od(i)) for

steering it in ection where sajd first set of ac |caI signal s
comes from ésvﬁwm&%mw%%ﬁwm Eﬁméc%@mﬁg tThe ni crophone
array system acge fidefiflg hitars!(2d, 3) dompriias AR (P Q&ﬁrﬂcésh?sa’i@bt@lerﬁ: eer| ng

means (2a, 3) corrprlses a motor (3) for processi ng said steering. 5 19. The
m cr ophone array system according to claim1 or characterized in that

sai d St eringg %Ofoéﬂo %ﬁ%ﬁ&&a@#&%&gﬂ%ﬂs%&mﬂﬁmww d second

set of m
said steering means (2a, 3) comprises a brace (2a) engaged with said second set

(2) of microphones (DMOI, ..., DM(n).
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