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BACKGROUN®DOASD1PRE OR ART 1. Field of the Invention This ipoTesgoionesel at es
to an adaptive directional mcrophone 10 systemw th high spati al
selectivity and noise/interference suppression and, nore particularly, to
an adaptive directional mcrophone system capabl e of suppr essi ng
background noi se and the undesired signals fromthe first di rections and
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or the like. 20 2. Description of the Related Art A nornal directional

m crophone systemis a mcrophone system having a directivity pattern. The
directivity pattern describes the directional mcrophone systens

sensigtivity to 25 sound preggeg€rbiRR Ahbf eREBR dARfections. It can provide
hi gher gain at sonme wi der areas in direction nornmally around the front

direction (0-axis) (in the present invention, referred to as the first

di rections) and | ower gai niQr rawary dﬂﬂﬂhéﬂlﬁﬁﬁﬁtimmer directions normally
around the back 30 direction (referred to as the second directions in the
present invention). The purpose of the directional mcrophone systemis to
recei ve shiiledipwesstioe meﬂgtmﬂiﬂq;éncndaptikﬁﬂdkﬂﬂ@iimmmh mboureehosach as
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sources, i rectional m crophone systemis typically
used in Snppgysemvnrénﬁenm§resmﬂ¥§¥§Q%aﬁﬂﬁmﬂﬁ9(ﬁneﬁiﬁﬂﬁ4ﬁeplace WO

03/01771§1E€E&§Gﬂéioﬂié§ophone system capable of suppressing
background noise and the undesired signals from the first

directions and remaining the desired signal from the second

15 directions, and to a hand-free high spatial selectivity
nicrophone, such as for use with a computer voice input
system, a hand-free communication voice input system, or the
like.

20 2. Description of the Related Art

A normal directional microphone system is a microphone system
having a directivity pattern. The directivity pattern
describes the directional microbhone system's sensitivity to

25 sound pressure from different directions. It can provide
higher gain at some wider areas in direction normally around
the front direction (0°-axis) (in the present invention,
referred to as the first directions) and lower gain or even
null at some other directions normally around the back

30 direction (referred to as the second directions in the
present invention). The purpose of the directional microphone
system is to receive sound pressure originating from a
desirable sound source, such as speech, and attenuate sound
pressure originating from undesirable sound sources, such as

35 noise. The directional microphone system is typically used in

noisy environments, such as a vehicle or a public place.



2 Directional mcrophones receiving a nmaxi rum anount of desired sound from
a desired direction and neanwhile rejecting undesired noise at a second or
nul I di r ewDiens77iere generally well known in the prior arcr/SEoapless

i nclude cardioid-type 5 directional m crophones, such as cardi oid,
hyper-cardi oid and super-cardioid directional mcrophones. However, those
m cr ophones are of very broad main beam and very narrow null. [In many
applications such as conputer voice ipput systemor the like, a

directi nlcr phone system which _has a part 1 ch
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noi se sources fromdifferent dlrectlons or distributed noise source. A

dlrectléﬁ§1Qﬁqﬁ§nﬂﬁﬁﬁ¥gﬁgﬁ%n1has been previously suggested

15 One known technique for achieving directionality is through’
the use of a first-order-gradient (FOG) microphone element
which comprises a movable diaphragm with front and back
surfaces enclosed within a capsule. The prior arts of
directional microphones, such as in U.S. Patents US

©20 4,742,548, US 5,121,426, US 5,226,076 and US 5,703,957, etc.,
only can provide a null with very low gain at certain narrow
directions but a beam with high gain at broad directions. In
applications for such a microphone,‘the null of the
microphone must be towards. the undesired noise source and

©25 meanwhile the desired sound source should be positioned at
the first directions of the microphone. However, in practice,
the arrangement is somewhat cumbersome because sometimes it
is difficult to arrange the undesired noise source and
desired sound source as above and moreover the noise may not

30 come from a fixed direction. For example, there may be
multiple noise sources from different directions or

distributed noise source.

A directional microphone system has been previously suggested
“35 in the PCT patent application No. PCT/SG00/00080 (not yet
published) that uses an omni-directional microphone and a

directional microphone with an adaptive filtering circuit to



;35 in the PCT patent application No. PCT/SGOO 00080 (not yet published)
that uses an ommi-directional mcrophone and a directional mcrophone with
an adaptiwe oBioit7es i ng circuit to WO 03/017718 PCT/ SG1/ 00P63/SGd1/8mppr €SS
undesired signals fromthe first directions and retain the desired signal
from second directions. The present invention is to enhance the perfornmance
of 5 noise/interference suppression and narrow the range of the nmain beam
for the above invention by a new post-@rocessing schene. SUMVARY OF THE
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directional m crophone system for enhancing an acoustic signal froma
second difektipntdddesireddadpnglad radogscoadsidgrsictiant at | east a first
direction different fromthe 15 second direction. This object is achieved
by an adaptive directional m crophone system according to the independent
claim Adventseeoise BAROREIBAL §s0k ot BahbRventihen e Hdestiddesk in the
»depengent 20%?] acloms _The gresent I nventi og Rr ovi des . an adaptive
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second dimaiot ilrerantb f orhe edlioiragianeatavat by ai geal posammdocdsdierst a
first dirggtion different fromthe second direction. The system conprises
the foll owm ng conponents. - An omi-directional mcrophone having a first
directivity pattern, therein providing a simlar gain for acoustic signals

at least fromthe first direghikank f7emaQdhersgcond direction; and a
di reféi onal m crophone having a second directivity pattern, therein

providi ng a higher gain for acoustic signals fromthe first directions
than for It is an object of the invention to provide an adaptive

directional microphone system for enhancing an acoustic
signal from a second direction and for reducing an acoustic
signal from at least a first direction different from the

15 second direction.

This object is achieved by an adaptive directional microphone
system according to the independent claim. Advantageous
embodiments of the invention are described in the dependent

20 claims.

The present invention-pfovides an adaptive directional
microphone system for enhancing an acoustic signal from a
second direction and for reducing an acoustic signal from at

25 least a first direction different from the second direction.
The system comprises the following components.

- An omni-directional microphone having a first
directivity pattern, therein providing a similar gain for
acoustic signals at least from the first direction and from

30  the second direction; and a directional microphone having a
second directivity pattern, therein providing a higher gain
for acoustic signals from the first directions than for
acoustic signals from the second direction. The omni-
directional microphone and the directional microphone are

35 arrénged in a closely acoustically-coupled way. The omni-
directional microphone is designed to output a first digital

signal ml(n) upon receiving an acoustic signal. The



acoustic signals fromthe second direction. The omi- directional

m cr ophone and the directional m crophone are 35 arranged in a closely
acoust i cawoysooups ed way. The omi - directional m crophonecrscieseigned to
output a first digital signal m(n) upon receiving an acoustic signal. The
WO 03/017718 PCT/ S&1/00163 4 directional m crophone is designed to output
a second digital signal nR2(n) upon receiving an acoustic signal. - An
adaptive filtering circuit systemfor4 generating, based on the first
digital signal m(n) and on 5 the second digital signal n2(n), a filter

out put silgrettidngd h)micoepkependsndesdgardatoustiteudi gﬁmedqr@knctmﬁalr st

dh rect! of oA M(nfaxwﬁlegce%lﬁgognf Llbekraw Rulgrignal yi(n) from the

first diqi enerate a first error signal el (n)
correspondi ng-to %ﬂaﬁ:@i&’ﬂ\éesfghﬁﬁrmglelm}léﬁ eHet&8od9E ¢ signal from

thedf' rsg eﬁé%&ﬁﬂa@n bﬁe&egﬁcteﬂe flé\slﬁoﬁﬁ_glﬂﬁ:ﬁlq.e%ilgﬁ\fﬁlf lr[}clt(ler{ %Yﬁdf[i‘jﬂ for

prodyci n ased on the first ecror gna e ilter autpu

si gnal’ yg?%)se%?fbdt%gﬁ"f‘ tsapﬁﬁﬂa}nzéf" naf ﬁl&&)e) UEE é%n(fjﬁf‘% l@T(tns)l gnal

e2(n) co&@ﬁmp&lmqy Ot@naAacaustistisi ghighailn frahi dinet e mdoubitiectsicgnal

fromthesc direction nhan e Ah u si gnal
???%?iln Oéﬁt gagﬁ %ﬁ?t%% §§Q$%E % g&g %7ﬂ@§ %ﬂ!%1 g

rel ated Tt er Si gna ntion has the
advant agehe hﬁirsit provtabssagnaddaptnve p@sﬁspﬁi@c@%er@ﬁq |& ériinsg enhance

noi se/ i r % S S ebohhRenadapt bye adihagtiiconalgddicrgphone
system néﬁ%tflsgl %é’nig?fﬁﬁwéﬁg?ﬁ 8alran \rflmgt rruchah herl g gthanl ot her

di r 8t i gmsich nehe |C’SCO‘f%tib‘FoWa@aénféﬂﬁpttp%fé}ﬁs@cﬁl&ﬁé% 19 diScr ophone
system t@decabl e to achieve a good directivity pattern and high

noi se/interference s ression. .Preferentiall t he _ommi -di rectl onal
m cr ophone has suéh E§§% -processing £1£€er sys¥ém %or producihg,

based on the first error signal el(n), the filter output
signal yl(n), and the first digital signal ml(n), a second
15 error signal e2(n) corresponding to an acoustic signal in
which the acoustic signal from the second direction is
enhanced as compared to the acoustic signal related to the

first error signal el(n).

20 The present invention has the advantage that it provides an
adaptive post-processing filter to enhance noise/interference
suppression of the adaptive directional microphone system
that is of a narrow main beam with much higher gain than
other directions, that is, to provide an adaptive directional

25 microphone system to be able to achieve a good directivity

pattern and high noise/interference suppression.

Preferentially, the omni-directional microphone has such a
first directivity pattern, which provides a similar gain for

30 acoustic signals from all directions.

The directional microphone preferentially provides a very low
gain for acoustic signals from the second directions, and
more preferentially, the directional microphone provides zero
35 gain for the second directions. The directional microphone
can provide a very low gain also for signals from directions

very close to the second directions. The closer the
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The spectral transformation circuit can be e.g. a Fourier
transformation circuit, an FFT circuit, a DEFT circuit (DFT =
discrete Fourier transformation), a DCT circuit (DCT =
discrete cosine transformation), a DST circuit (DST =
discrete sine transformation) or.a Laplace transformation

circuit.

In the adaptive filtering circuit system, the time domain
first digital signal ml(n) and the time domain second digital

"signal m2(n) can be used directly to generate a time domain

25

30

35

filter output signal yl(n) and a time domain first error

signal el (n).

Alternatively, in the adaptive filtering circuit system, the
time domain first digital signal ml(n) and the time domain
second diéital signal m2(n) can first be spectrally
transformed to a respective frequency domain first digital
signal M1 (k) and frequency domain second digital signal

M2 (k). In this case, a frequency domain filter output signal
Y1(k) and a frequency domain first error signal El (k) are
generated from MI (k) and M2(k). Mi(k), Y1(k) and El(k) can be
sent to the post-processing filter system and can there be
directly further processed. Alférnatively, if the post~-
processing filter system is designed to receive time domain

signals, the adaptive filtering circuit system can comprise

a

omain filter output signal yl(n) and a tine



time domain first digital signal m(n) and the time domain second digital
signal n2(n) can first be spectrally transfornmed to a respective frequency
dormai n fiwetosdiig al 30 signal ML(k) and frequency donmai nPs&Fcaododicy)i t al
signal M(k). In this case, a frequency domain filter output signal Y1(k)
and a frequency domain first error signal E1(k) are generated from M (k)
and M(k). ML(k), Y1(k) and El1(k) can be sent to the post-processing
filter systemand can there be 35 direcgly further processed.
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post - the post-processing filter system.

15 The post-processing filtering system can be operating in the
time domain, and its output can be a time domain second error
signal e2(n). Alternatively, the post-processing filtering
system can be operating in the frequency domain, and its
output can first be a frequency domain second error signal

20 E2(k) which is then inversely spectrally transformed into a
time domain second error signal e2(n). An inverse spectral
transformation circuit {e.g. an IFFT circuit) of the post-
processing filtering system or an external inverse spectral
transformation circuit can be used for this purpose.

25
The adaptive directional microphone system according to the
invention can operate as a noise canceling microphone system.
It can be used to cancel noise coming from an environment
(e.g. from some first directions) out from a desired signal

30 coming from a specific second direction. The:adaptive
directional microphone system according to a typical
embodiment comprises an omni-directional microphone and a
normal (e.g. cardioid-type) directional microphone,
preamplifiers, A/D converters, a D/A converter, an adaptive

35 filtering circuit, a post-processing filter circuit, and

additionally, a specially designed case.



processing filtering systemor an external inverse spectral transformation
circuit can be used for this purpose. 25 The adaptive directional
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canceling m crophone system It can be used to cancel noise comng from an
environment (e.g. fromsone first directions) out froma desired signal 30
comng froma specific second direction. The adaptive directional

m crophone system according to a typigal enbodiment conprises an
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are usedanEelendi WHECHbEPHealgnghal SEPRoMISt fid TS SHE G et oAs of the
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desi Ped %lgﬂag]rﬁlgr‘?r? ont € HE2 ] He%%laﬁm“%nﬁtﬁt% e}l&{&lﬁ%gg%?{e:élg{%nﬂagfsf%%m t he
ot her ditectdtonsr ddhectbbpects, features and advantages according to the
present invention will be presented in the follow ng detailed 10
description of the illustrated enbodi nents when read j.n cqonjunction with

t he accdipgeay oty ettt n@@@tUBREEFHQESéRPP?P@QSG@Oﬂ%m heis Frg 1

ill gfb‘t_rgﬁleés@n*é_tfr&k%r%foﬂi agnamef passenked rentthef follewimgdedrailesd ng a
cardi oi

directional mcrophone;, FIG, 2 illustrates.a s t.i.c di agram of
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BRIEF DESCRIPTION OF THE DRAWINGS

15

FIG. 1 illustrates a structure diagram of an embodiment of
the prior art using a cardioid directional microphone;

FIG. 2 illustrates a schematic diagram of an adaptive

20 filtering circuit according to an embodiment disclosed
in the PCT patent application No. PCT/SG00/00080;

FIG. 3 illustrates a schematic diagram of an adaptive .
filtering circuit with post processing according to an

25 embodiment of the present invention;

FIG. 4 illustrates a schematic diagram of a post-processing
circuit according to an embodiment of the present
invention.

30

DETAILED DESCRIPTION OF PREFERRED EMBODIMENTS OF THE
INVENTION

FIG. 1-illustrates the structure diagram of an embodiment of
35 the microphone system underlying the present invention. Omni-
directional microphone 1 with a directivity pattern 11 is

adhered to directional microphone 2 with a directivity



FIG 3 illustrates a schematic diagramof an adaptive filtering circuit

W th post processing according to an 25 enbodi nent of the present

i nvent i omworB@17748 1 | | ustrates a schematic di agram of a poPCIHGILEGISE NQ
circuit according to an enbodi nrent of the present invention. 30 DETAILED
DESCRI PTI ON OF PREFERRED EMBODI MENTS OF THE |INVENTION FIG 1-illustrates
the structure diagram of an enbodi nent of 35 the m crophone system
underlying the present invention. Omi8 directional mcrophone 1 with a
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through D/A converter 8. If a sound comes from the null

direction (180°), said omni-directional microphone 1 can

jow

15 receive it with a quite high gain, but said cardioid
directional microphone 2 can not receive it or only can
receive it with a very low gain. On the other hand, if the
same sound comes from any other directions, both said
microphones 1 and 2 can receive it with similar gains and

20 moreover the received signals from both microphones 1, 2 are
highly correlated. So when a desired sound comes from the
null direction and meanwhile undesired sounds come from the
other directions, the undesired sounds can be canceled and
the desired sound can be remained by said adaptive filtering

25 circuit 7 in the noise canceling microphone system.

FIG. 2 illustrates a scheme for the operation of said
adaptive filtering circuit 7 of FIG. 1, associated with said
omni-directional microphone 1 and said directional microphone
30 2 as a first embodiment of said adaptive filtering circuit 7.
Said first digital signal ml(n) is delayed a predetermined
number of A (A = 0) samples by a delay circuit 23 to generate
é delayed signal ml(n-A). Said adaptive filter 21 is used to
estimate the component in said delayed signal ml (n—-A) due to
35 the sounds coming from the first directions and outputs said
filter output signal yl(n). Said delayed signal ml(n-4) is
subtracted by said filter output signal yl(n) at said adder



m crophones 1 and 2 can receive it with simlar gains and 20 noreover the
received signals fromboth m crophones 1, 2 are highly correlated. So when
a desiredwsasna77aones fromthe null direction and meanwhipica/Saodesics ed
sounds conme fromthe other directions, the undesired sounds can be
cancel ed and the desired sound can be remained by said adaptive filtering
25 circuit 7 in the noise canceling mcrophone system FIG 2 illustrates
a schenme for the operation of said a@aptive filtering circuit 7 of FIG 1,

associ atod i i salh g oopks i Leghlonah @) Cr aphane dhoand saiid did ogti onal
m crophone 30 2 as a first enbodi nent of 'said adaptrve filtering circuit 7.
Sai d firzacelia stakd gratond (Algisadepayadlamgri@detsr mederenamiserorstl 0 (0

z 0) samesPyd afedbYsLhhsli £123) t eo0apanake i+3 delkayadisifdnaladidd n-0) .
Said adaptive filter 21 iS used tQ estimate the ﬁongonent in said del ayed
si gnal MY £ difeR 0585 t k- sOAMASCEBRINGLENGh FH i st ARPEREShS=nd
out psit s ssaigbuli |dereious posesaghah.yl (n). Said del ayed signal nml(n-0) is
subtracted by said filter output signal yl(n) at said adder WD 03/017718
PCT/ S&01/ 00163 9 22 to get said error signal el(n). Said adaptive filter
21 recdiMBds Iadild sevomtesli gi saheseghak mBénppesatkéber eficedsipgiale and sai d

SLrS S S L gede Lisocaeting gatabsed aiherg Bl 2o v
3 i || ustimgtead Ipnsc et eher bpler agignosniadapertéonpil| mécirpplPng th
POsio Pr ReREHANY i @k Bnhd D hherHrrSeat 2 bBVENtieB: ambeciaked Wit h said
omi -directjonal micro h@ye 1 10 and_sai?_direpti pag nhgrogh n%,z as a
first e lﬁé%pqﬁvesé% S | GEFF R el EngSeit e b St a8t gt | gita
signal mil([) iiss delayedl o gredietermined number of A (A & 0) sanmplles by a
delay CPY Al o800 R, A el BYe ok 00ah T {Bekson fuRaR e
Said adaptive filter 21 is used to estimate the component in
15 said delayed signal ml(n-A) due to the sounds coming from the
first directions and outputs said filter output signal yl(n).
Said delayed signal ml(n-A) is subtracted by said filter
output signal yl(n) at said adder 22 to get said error signal
el(n). Said adaptive filter 21 receives said second digital
20 signal m2(n) as reference signal and said error signal el (n)
to update its coefficient based on said step size ul. Said
error signal el(n) is. then inputted into a post-processing
circuit 32 to produce a new signal e2(n). Said signal e2(n)
is outputted as a result of this operation. Coefficients of
25 sald post-processing 32 is copied from a post-processing 31
which is formed by said delayed signal ml(n-A), said filtered
output signal yl(n), and said error signal el(n). Said post-
processing 32 can enhance the desired signal from said second
direction and suppress the unwanted signals from other
30 directions further. So said post-processing circuit 32 can

improve the performance of directivity much.

FIG. 4 illustrates a scheme for the operation of said post-
processing circuit 31 in the present invention, associated

35 with said omni-directional microphone 1 and said directional
microphone 2 as a first embodiment of said adaptive filtering

circuit 7. Said first delayed signal ml(n-A) is inputted into



15 said del ayed signal m (n-L) due to the sounds comng fromthe first
directions and outputs said filter output signal yl(n). Said delayed

si gnal myo-BL)771% subtracted by said filter output sign@cmsGonpoias said
adder 22 to get said error signal el(n). Said adaptive filter 21 receives
said second digital 20 signal n2(n) as reference signal and said error
signal el(n) to update its coefficient based on said step size ul. Said
error signal el(n) is. then inputted ih0o a post-processing circuit 32 to

produce apppvppigal 22(0). a3akdyshdlal QoS U AU Lod. ag a result of

this operation ent ost -processi ng P copied froma
post - pr odé%@mh@rmrtmmhalsMﬂdMednbirm@mm apadigi.grédiad (i), said
filtered e%puglgwpaéuhg N)s %ﬂgu%%'e@l %w ;@Tgr&al cgh(tn)z;z Sai d post-

processi ng 32 can enhance desi red rom said second direction
and suppr e u?\v\%‘ﬁt”’éH%P@ﬁBI §19Pé|5h Hé‘r 30 dinestansivs damaierby So sai d

post - Pr oqesst N th@ml$f0312a§§-6n IErafLaveltlm@rp%fc@wa@ci@rﬁn direotimdty
much. FIG_4_ill StratelﬁF’f schene gg% eralon of Sld%ﬁ{/\;

processi mg R e t+31° hE*preskn \%ﬁte Sﬁa &s&o&P shgnad; d
omi - di réf'dtﬂo)nain rﬁm@tpélmy domatiinskiyd Fduréetr amahsfiocmaphiene 2 f&sem first
enbodi ment qgfé)ﬁ il.tekLn I Leui ai:d _fir del. si gnal
m (n-A) |s |n utted in M%ék%ly‘?lg BéTer’é %}nébll:g quolplgéilermsrl qL 41 to
do Fouri dmi{kanByofRactsalt oyer &stdduitiapariraiigna4 Mand Wnldrequency
domaio. Saighdi rst( )erwru§é<gn@é ébﬁlﬁhtbslkgpﬁbhég ls%aaEF gg EfUby 42 to

generate a counte aé)art sg {3,!{1 in freq quency donmai’n ourier
transf or TS YT ISHAST 1% 11"“6%1?1‘) sigRatty 46n) The fPﬁE‘Htllae‘;d fodt o FFT
circuit 4®riputgienerah¢kf andnberpert sdgnedttivdlk) drefseqeentywgdenai n by

ts power %”ZLS{ i By St e B LRI 68 ci rourt 44, and sai d

an

15  Pyi(k)= aPyi(k-1)+(1-a) Y1 (k)*¥Y1" (k)
where a is the forgetting factor for the power computation
and * denotes conjugate computation for a complex. Said
signals M1l(k) and El(k) are also used to calculate a
correlation signal Pme(k) by a correlation estimation circuit

20 45, and then Pme(k) is averaged in block j to get an average
correlation signal APme(j) by an averager circuit 46. The
detailed estimation is as follows:

Pme (k)= OPme (k-1)+(1-a)M1 (k)+E1" (k),

and

25 APme (j)=2 Pme(k)/L for all k in the block
where the signal is transformed by FFT circuit on basis of
blocks, L is the length of each block, X denotes the sum
computation, and j is the index of the block. Said average
correlation signal APme(j) is then inputted into a weight

30 estimation circuit 47 to generate a weight signal Ame(j). The
detailed computation is described as follows:

Ame () =a/ (APme (j) +b) ¢

where a, b and c¢ are the positive constants which can be
predefined. Said weight signal Ame(j) is very important for

35 the improvement of post-processing performance. Said power
signal Pmi(k), said power signal Pyi(k) and said correlation

signal Pme(k) are used as the inputs of a post-processing



10 signal Y1 (k) is used to conmpute its power signal Pyi(k) by spectral
power estimation circuit 48. The formulas for conputing Pm (k) and Py. (k),
respecti veioywsoares as fol |l ows: Pnme(k)= aPm (k- 1) +(1-a) ML( kpérrs@or/noieand 15
Pyi (k) = aPyl (k-1) + (1-a) Y1 (k) YI* (k) where a is the forgetting
factor for the power conputation and * denotes conjugate conputation for a
conplex. Said signals ML(k) and E1(k) are also used to calculate a

correl ation signal Pre(k) by a correlﬁ_ion estimation circuit 20 45, and
then Pne(k) is averaged in block %: get an average correlati on si gnal
APrre(j ) byl’@mr Aereiger saiduveighl $F}§naéleﬁa? (Jd te3tfovei DRt ¢ PAZET ol | ows:

Pme(k) = {s%% g a)%ﬂe(&éélaliléh op@Rdt25nAPIR Gs) FIIIRWE(K) /L for all
k inth

ere the signal is transfo b T circuit on basis of
bl ocks, L |s t he IePan‘Eh"d?meg§éI4 (Brblk), +é*“ﬁégg?%’é¥{<gg sum conputation, and
j is thegjgdex of the block. Said average correlation signal APme(j) is

then_inputted into a imation circuit 47 to generate a wei ght
Si gnél Are(j) . The? { r&ie’fgg#gggégﬂ)ut ation is described as follows:

Ane(j ) —atfdPees | R +h)s whiee ecagfbiandnt sapé shédppsistipe asmestiant Sidfish can
be predgfinede @&%ngéaﬂgnﬁbﬁ\n‘a@h&b% ‘t‘,%'éy infRRedeantodrdler 35 the

|rrproverrent 'of po or mance povver Si naI rpa(k) sai d
power m@n@rthlpl(rk&)tmm %%ﬁidpémrélsaﬁ:héncoﬁféﬁéllepﬁé( s the

[ nput s ?c@%infr@fﬁ@ét Ngo VI 08k AR7 AbBaRET/ SGRY/ a&l@ﬁapﬂeﬁ ffiddrers 491 wi t h
sal V\BI Si

to f t Jetailed
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Figure 3.

Above said adaptive filter 7 in Figure 3 can be implemented
using the fast block least-mean-square (FBLMS) algorithm in
15 [2]. Thus said adaptive filter 7 is done in frequency domain.
In such case, said coefficients P(k) of said post-processing
filter 49 do not need to be transformed into time domain ‘
coefficients by IFFT. That means said coefficients P(k) can
be ﬁsed as the coefficients in said post-processing 31 and is

20 also copied into said copy of post-processing 32.

Said post-processing 31°'and 32 can also be extended to other
applications, such as acoustic echo cancelation and speech

enhancement etc.
25



and 5 p (n) =IFFT (P (k) ) where P(k) is the coefficients of said
post-processing filter 49 in frequency domain, |FFT denotes the inverse
Fourier wWoassiomsati on and p(n) is the coefficients of sa®d/qE0$00163
processing filter 49 in time domain. p(n) is copied fromsaid 10
post-processing 31 to said post-processing circuit 32 in Figure 3. Above
said adaptive filter 7 in Figure 3 can be inplenented using the fast bl ock
| east - mean-square (FBLMS) al gorithmii N, 15 [2]. Thus said adaptive filter 7
is done in frequency domain. In such case, said coefficients P(k) of said
post-processing filter 49 do ndthsiedRakstrneeansformed into time domain
coefficients by IFFT. That neans said coefficients P(k) can be used as the
coefficients in said post-processing 31 and is 20 al sp copied into said
copy of posdt BprBédsswngt3al -sai'd 15 Mg (faae Sl 32PERRCHP L85 be

ext ended 4104 AhSricapbh§e) i PASce8UENgBS0ACARSEI C vedh® 3caneellat,i @eand
speecg Zg]ft{ncement etc. 25 WD 03/017718 PCT/ SG01/00163 12 O her

Ref er enc 1 B. Wdrow et al., "Adaptive Noise Canceling: Principles and
Appl i cat i pnis's. Fradeady+rgsrotekEE, Adapt68¢ Nolt2r Pec. Theoky7%nd 2] B.

Far hang- Bar ouj eny., apt. Ll ter .—c= T, n lLioeat i ons, Chapter 8,
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WHAT IS CLAIMED IS 1. An adaptive directional mcrophone systemfor
enhanci ng an acoustic signal froma second direction and for reducing 5
an acoustwo sjogrrag from at |east a first direction differeqatr/sGonoeess he
second direction, the system conprising: an omi-directional mcrophone (1)
having a first directivity pattern, therein providing a simlar gain for
acoustic signals at least fromthe first direction and from 10 the second
direction; and a directional m crophon (2) having a second directivity
pattern, t herein provi di ng a hi gher galn for acoustic signals fromthe
first direction than for acoustWfdTsiIgn&L&IMEOMTEShe second direction; the
omi - directional mcrophone (1) and the directional mcrophone (2) 15
being arranged in a closely acoustically-coupled way; the omi-directional
m crophoné -( 1) ABePAGPEEFey e e IputiicrIphere d?@??@lﬂ Spgnarhenriny)
upon receigyi BgoaRtaeowSlgnal Skl a s?éwbﬁdnamré@@ib@nahdrrfgﬁsopeaa@lﬁ )

bei ng eS| ned to. output cond digit ( o] ceiving an
20 aoctist P SLGHAF S LA BT 191 SHRTRE G rUFEE SYSEORELIR Qaﬁeren*ﬁ
generatingxombaheds@ndwﬁaduﬂéntxbmyttﬂesﬂxﬁmém(mémpyisand on the second
digital signal ”g&ﬂkl ]P%KQH; giylﬁggln r£§§ggnd|ng to an
acoustic S|gna fron1tﬁ |rec can e ing oot said

filter outipuecsiymily @ﬁﬁ@ﬁﬁmﬁrﬁhﬁrQInaﬁnqwmdxﬁ@|4a$l®ibﬁalgénﬁ(ﬁ?; so as

to generabeofstibSki 8GNY =4 ARAlsH S Adh )L 1ROT £ £SPONGE PEct oA AGOHSEMC
signal in_ _which the acoustlc signal fromthe first direction I s reduced,

and 30 a bbSt SpFeRdssithgStilaer asryﬂstaerﬁl(rsqctﬂs%a# oriG¥FeRlenfg (2) badginen
t he flrstaeéé@bnalgm@bc$QMMﬁ@,paﬂﬁhﬁﬂltﬁﬁeﬁuﬂﬂnprosigﬂﬁé dyhighér @adnthe

frst ool slgnal CHim beaeea sy o), (ool corespondi
di recti onacoustic signals from the second direction; the omni-
directional microphone (1) and the directional microphone (2)

15 Dbeing arranged in a closely acoustically-coupled way; the
omni-directional microphone (1) being designed to output a
first digital signal (ml(n)) upon receiving an acoustic
signal; and the directional microphone (2) being designed to
output a second digital signal (m2(n)) upon receiving an

20 acoustic signal; '

an adaptive filtering circuit system (7) for generating,
based on the first digital signal (ml(n)) and on the second
digital signal (m2(n)), a filter output signal (yl(n))
corresponding to an acoustic signal from the first direction

25 and for canceling out said filter output signal (yl(n)) from
the first digital signal (ml{n)), so as to generate a first
error signal (el(n)) corresponding to an acoustic signal in
which the acoustic signal from the first direction is
reduced; and '

30 a post-processing filter system (31, 32) for producing,
based on the first error signal (el(n)), the filter output
signal (yl(n)), and the first digital signal (ml(n)), a
second error signal (e2(n)) corresponding to an acoustic
signal-in which the acoustic signal from the second direction

35 1is enhanced as compared to the acoustic signal related to the

first error signal (el(n)).



35 is enhanced as conpared to the acoustic signal related to the first
error signal (el(n)). WD 03/017718 PCT/ SG01/ 00163 14 2. The adaptive

di recti oR@dh ofyEE@Phone system according to claim1l, wherk¢HS@el1/(0eg@st one
of the adaptive filtering circuit system (7) and the post-processing
filter system (31, 32) conprises a spectral transformation circuit for 5
transformng a tine domain signal into a frequency donmain signal. 3. The
adaptive directional m crophone systen1accord|ng to claiml or 2, 10
wherein the adaptive filtering circuit! ysten1(7) conprises an adaptive

filteringzaciromid 4@dptiee a@@@buaﬁa&hm&@ gmnedlsgastt@m sigAldimR (Y ) and

for gener he filter out nal n) er circuit (22)
f or cance?i%ﬂgott W??Bﬁ%?h@ EF?Fth et 8F ﬁbﬁﬁ%ﬁﬁ%) HEFiMG er out put
15 si gnal c:(lyd:uii'll))sysﬁteﬂ'he7adaptil ‘medpbect—pcmajesmmgopfadrte:sw/tsemnaccﬁr,dl ng
to clai mher h | e ) further 20
conprlseg}%ydgF§§ %ugtgggg% % gebaylggathe f%gﬁxﬁ%bﬁ%g si gna

(m (nkp) sbmamszm@mm@r@tElmedébmﬁéd siipsaldiigitral feieghEnQhidanaig)) for

i nputtingg igﬁé@the adder circuit (22). 5. The adaptive directiona
nlcrophone System according to 25 claim3 or 4, wherein the adaptive

filtering circuit (21) is designed to receive the first error signa

(el (n)) t®. updaie adapensé aneeceoehhicingdiophohke sgdaphi weddddierg e
circuit (égg gfed on a predetermned step size (ul). 30 6. The adaptive
di recti onat® t systemaccording to any of clains 1 to 5, wherein
t he poOst wham&&mltmpfadaptive filtering circuit system (7) comprises

an adaptive filtering circuit (21) for receiving the second
digital signal (m2(n)) and for generating the filter output
signal (yl(n)) and an adder circuit (22) for canceling out
from the first digital signal (ml(n)) the filter output

15 signal (yl(n)).

4. The adaptive directional microphone system according to
claim 3,
wherein the adaptive filtering circuit system (7) further

20 comprises a delay circuit (23) for delaying the ﬁirst digital
signal (ml(n)) so as to generate a delayed first digital
signal (ml(n-4)) for inputting into the adder circuit (22).

5. The adaptive directional microphone system according to
25 claim 3 or 4,
wherein the adaptive filtering circuit (21) is designed to
receive the first error signal (el(n)) to update at least one
coefficient of the adaptive filtering circuit (21) based on a
predetermined step size (ul).
30
6. The adaptive directional microphone system according to
any of claims 1 to 5, wherein the post-processing filter
system (31, 32) comprises
a-first post-processing filter circuit system (31) for
35 receiving and processing the first error signal (el(n)), the
filter output signal (yl(n)), and the first digital signal



system (31, 32) conprises a first post-processing filter circuit system
(31) for 35 receiving and processing the first error signal (el(n)), the
filter owvpuwsosiighal (yl(n)), and the first digital signalPCi3dd86H@53718
PCT/ S&01/ 00163 15 (m (n)) and for outputting at |east one coefficient
(p(n)) of the first post-processing filter circuit system (31), and a
second post-processing filter circuit system (32) for receiving and
processing the first error signal (el (1 ) and 5 the at | east one
coefficient (p(n)) output by the first—post- processing filter CII‘CUI'[
system ( 30;1)1 an)a) faxid pfedusibgut héngsetohdastr onescgedlf ica2(nt) ) (p (R) )Tieef
adaptive naI m cro S C t I 6, erein
the fi rstJC eos o eosssif $Q$?Slﬁ§| %gg};g% 85_9%:{19& %i'S%%HP @1@1 aél

post - pr ocessi rey a‘addrei mstﬂprocﬂs‘fln@oflé’éﬁér éﬁfﬁglﬂihéi@ftelf"ea@tz o€t i ne
domai n cagldd &£y a(rpd%‘ﬁ dedSifl THE adaptierdir sqranal (o e)oplaone

syst em accor aims 2to wherei n

post . Spr ddessithgl 43 3% PN @éﬁffl§§f§ﬁém Pélﬂ ) PYLRES &j’ﬁ(e(j}hteo é}ﬁértatpéjsitn t he

frequency,dor@idind hef pidrt @irEgeei ¥@sanfl PBOFeanda foreguenty idemaie fir st

error signal 20 k domain filter output signal (Y1(k
and a :‘?%?ﬁﬂﬂﬂ:( ( )%1$??Lt?%?gpfil S|g|nal I(M(k))ualrcl)g toI gutpu'g gt))

| east one frequency domai n coefficient (P(k)) of the first post-processing
filter CI{CUIt Syfépél df? gtlggglaﬂge£gﬁﬁogérE?EE%Ha%c%b%HQBQOQ%

syst em accor di ng t0 any erein the _second

post 1pr ocelsmimep f |Whee1remr*©h|¢tfsy§teﬁP€BZPr0F§Séé§Bgﬁéétteé' SEECAEE in the

frequencyg th &h&i@esrgCEbEE -BhecpE9¢easS ra 1tkequananidonuio first
error S|g a 30%E(k)) and the_at |east onefre%uency d in c%efflment
for generating the at least one time domain CToefrficie
(p(n)).
15 8. The adaptive directional microphdne system according to

any of claims 2 to 7,
wherein the first post-processing filter circuit system (31)
is designed to operate in the frequency domain, therein to
receive and process a frequency domain first error signal

20 (E1(k)), a frequency domain filter output signal (Y1(k)), and
a frequency domain first digital signal (M1 (k)) and to output
at least one frequency domain coefficient (P(k)) of the first

post-processing filter circuit system (31).

25 9. The adaptive directional microphone system according to
any of claims 2 to 8,
wherein the second post-processing filter circuit system (32)
is designed to operate in the frequency domain, therein to
receive and process a frequency domain first error signal
30 (E1(k)) and the at least one frequency domain coefficient
P(k)) output by the first post-processing filter circuit

(
(31) and to produce a frequency domain second error signal
(

E2 (k)) .

35 10. The adaptive directional microphone system according to
claim 8 or 9, wherein the first post-processing filter

circuit (31) comprises



(P(k)) output by the first post-processing filter circuit (31) and to
produce a frequency donmain second error signal (E2(k)). 35 10. The
adapti ve wWhwgeirmal m crophone system according to cl ai RC®SGpI/@1630her ei n
the first post-processing filter «circuit (31) conprises WD 03/017718

PCT/ SG01/ 00163 16 a spectral transformation circuit (41) for transform ng
the time domain first digital signal m(n) to produce the frequency donmain
first digital signal (M(k)), a spectr% transformation circuit (42) for
transforming 5 the tine domain first&rror signal el(n) to produce the

f requency d;)rrfal Bpébltih]}el‘tﬁ:@rnﬂcg:m&{tj(c&i (d)ycuiand( zal)spﬁ@trajsamsﬂmﬁmgmi ;)n
circuit or transfor t out put si yl (n
to produ% bE; frdm efggaﬁéﬁcﬁnkﬁﬁh‘%L F?QE tm£ 55 €11. The
adaptivefdeqaehcgndbmmumrdpmmﬁadggmtaﬁeﬁngnaﬁngwlbk tla|n110 mherein t he
first post-processiog hi ke, sffor%él@y&ml(@l 42P"PEL SEPaRs forming
post - processi ng ter or ‘generating Teast one

f r equencyheofiang d@@ﬁﬂ@cﬁéﬁﬁt B (3hgnal 16l ( ﬁhét%d@5@¢9@edth@ctlona

m crophogecgushey aca@id #g st &My 151 v\f@ﬁrel Ankhe post-processing
filter circuit 31) further conprlses 0 a spec Jg)ggomer esti§§t|on

circuit (44) PofPEGhBAL Hg2R SO I ALt a ¥3%m t he
frequencynhdomahne dbmesh diiQitedd @itgnal sididk)yl (@ndca spectcal thpower

(Pyi (1)) TFPOHCERY PEGbEncy aomai s TEtr oLﬁ b T ana (W1 (). 15
The lddapti ve directional mcrophone systenlaccordlng to
11. The adaptive directional microphone system according to
claim 10, wherein the first post-processing filter circuit
system (31) comprises a post-processing filter circuit (49)
for generating the at least one frequency domain coefficient
15 (P(k)).

12. The adaptive directional microphone system according to
claim 10 or 11, wherein the post-processing filter circuit
(31) further comprises
20 a spectral power estimation circuit (44) for computing a
power first digital signal (Pmi{k)) from the frequency domain
first digital signal (M1 (k)), and
a spectral power estimation circuit (48).for computing a
pdwer filter output signal (Pyi(k)) £from the frequency domain
25 filter output signal (Y1(k)).

13. The adaptive directional microphone system according to
claim 12, wherein the post-processing filter circuit (31)
further comprises

30 a correlation estimation circuit (45) for calculating a
correlation signal (Pme(k)) from the frequency domain first
digital signal (M1(k)) and the frequency domain first error
signal (E1(k)).

35 14. The adaptive directional microphone system according to
claim 13, wherein the post-processing filter circuit (31)

further comprises



claim12, wherein the post-processing filter circuit (31) further
conprises 30 a correlation estimation circuit (45) for calculating a

correl atiwo siogrrag (Pre(k)) fromthe frequency domain fir ®CT/stiogoeias si gnal
(ML(k)) and the frequency domain first error signal (El1 (k)) . 35 14. The
adaptive directional m crophone system according to claim13, wherein the
post-processing filter circuit (31) further conprises WO 03/017718

PCT/ SG01/ 00163 17 an averager circuit7(46) for averaging the correlation
signal (Pne(k)) over at |east gne predeterm ned frequency range (j) SO as
to conpute ataRhed‘erageradérsyd ted®l diororvVediaghdly ( CeFye Eﬁé The

adapt i vesdihget i ppalk) i GrRNGNE Byssenias opf dildgetninetaifiretidensiyer ei n the
post-processing,filter circuit Qg%% férth r conprh;qg a ge£9Q£ ﬁféﬁnation
circuit FaRyerér) cdipafi h§ §WE aty %ﬁ{;uﬂnﬁﬁa% 179°)CFrom T heaver age
correl at sognalgnabn((AMe (j) ) . 16. The adaptive directional nicrophone
syst according to claim15, wherein the post processing filter (49) is
desigﬂgd to 15 conpute the at |east one frequency donmain coefficient (P(k))
from t helpoweThéi adapdiyet di reicgdanalPrdCopharife ST 2¢FP¥&IndUEPuL

si gnal <€%5>1374, tT ﬂﬁeﬁ?@ﬁﬁe!tﬁte' g{bs%%ce@as"ﬁ{dqﬁil’@é‘ﬁ &hecuet ghs1si gnal

. : [

(Ame(j)) e adaptive rectional m crophone system according to
cl ai m 16furtherefCBBEPEPSi ng an. | FFT circuit (40) for inverse Fourier

5 ransform ng éhﬁeicﬁl@ﬂuégﬁli{mfdﬁﬁﬁinn cﬁQqufziitCi @) (ﬂdm)dﬁmwthwwt@bgmﬁ me
oy CQeLiLel Ght (RUMI o &S £9SLa22 BLoSeRat G’ bLLRL CIAEH {5 IVt em

16. The adaptive directional microphone system according to
claim 15,
wherein the post processing filter (49) is designed to

15 compute the at least one frequency domain coefficient (P(k))
from the power first digital signal (Pmi(k)), the power
filter output signal (Pyi(k)), the correlation signal (Pme(k))
and the weight signal (Pme(j)).

20 17. The adaptive directional microphone system according to
claim 16,
further comprising an. IFFT circuit (40) for inverse Fourier
transforming the frequency domain coefficient (P(k)) to
compute a time domain coefficient (p(n)) of the post-

25 processing filter circuit system (31) for outputting to the

second post-processing filter circuit (32).

18. The adaptive directional microphone system according to
any of claims 2 to 17, wherein the adaptive filtering circuit
30 system (7) is designed to operate in the frequency domain and
comprises at least one spectral transformation circuit
for transforming the time domain first digital signal (ml{(n))
to compute a frequency domain first digital signal (M1(k))
and for transforming the time domain second digital signal
35 (m2 (n)) to compute a frequency domain second digital signal

(M2 (k)), and



second post-processing filter circuit (32). 18. The adaptive directional

m cr ophone system according to any of clains 2 to 17, wherein the adaptive
filteringwoimsoui?ng 30 system (7) is designed to operate ircssoinegsency
domai n and conprises at |east one spectral transformation circuit for
transformng the tine domain first digital signal (m(n)) to conpute a
frequency domain first digital signal (ML(k)) and for transformng the
time domain second digital signal 35 (y2(n)) to conpute a frequency domain
second digital signal (M (k)) , and 03/017718 PCT/ S(X01/00163 18 is
designed to ou:tqmrﬂean;mequencyuupnm A firesuedicyi demais) dridisy Migdbhal a

f requency, o H%jE L KFT 04t BYbonlend) okl and. auunauenan stomal n first
error si gna each uen omsu n si.gnal being the spectral

t ransf or n{ %t (& kh@n@oarﬁisﬁéﬁépﬁg tdioﬁ@l@oﬁ?&lrﬁtsl AL SEgnephelBheht i ve

directiongh ffé’t?\ﬁ‘é’l’i‘@yS&i@ﬁlgﬁha%cﬁ.%h@'ln%eh@lg ame petaia thiord@n sherein
at | east one spectral t ransf or tion cilrcul is a Fourier transfornation

filteP, anQocPrIespPRAindatppe Goradh: 518 circuit, a DST circuit or a
Lapl ace transfor matl on ci rcw t. 20 The adaptive di recti onal mi crophone

syste di | 5 h i

c?lrcwmt ag el e/) %%E%bﬁ’éne +E aﬁté 56 |?§Qggﬁlgr|ten§ circui tcec(gzl‘ll% If(jlw
recei vi ngamjneoffctba]mslc;lOdbnaﬂﬁ,s@l@@m@ldu gitt dleagitgpale (@EKYY2kand for
gener al | hg, Lhgee L1 £gup0CY CAORLR, 1 ooyl sschsto (i randen adder

circuit or cance % rom the 20 frequency domain first digital
si gnal (I\lﬁ?'k)lfllmrfr@qgg c§1rayddicn af PFtTeFléfGtu&d‘t S il WY O%F as to

gener at e Bap{s88UePsys dormbBibir stirener signal (El (k)). 21. The adaptive
directi onal m crophone system according to

20. The adaptive directional microphone system according to
claim 18 or 19,

15 wherein the adaptive filtering circuit system (7) comprises
an adaptive filtering circuit (21) for receiving the
frequency domain second digital signal (M2(k)) and for
generating the frequency domain filter output signal (Y1(k))
and an adder circuit (22) for canceling out from the .

20 frequency domain first digital signal (M1l(k)) the frequency
domain filter output signal (Y1l(k)), so as to generate a

frequency domain first error signal (El(k)).

21. The adaptive directional microphone system according to
25 claim 20,

wherein the adaptive filtering circuit (21) is designed to

receive the frequency domain first error signal (El(k)) to

update a coefficient of the adaptive filtering circuit (21)

based on a predetermined step size (ul).

30
22. The adaptive directional microphone system according to
any of claims 19 to 21, wherein the adaptive filter circuit
(7) is implemented using the fast block least-mean-square
(FBLMS) algorithm.

35

23. The adaptive directional microphone system according to

any of claims 8 to 22,



25 claim 20, wherein the adaptive filtering circuit (21) is designed to
recei ve the frequency domain first error signal (El(k)) to update a
coeffici ewD 0of0117e adaptive filtering circuit (21) basedPOmn/S&01/00163
predeterm ned step size (ul). 30 22. The adaptive directional m crophone
system according to any of clains 19 to 21, wherein the adaptive filter
circuit (7) is inplenented using the fast bl ock | east-nean-square
(FBLMS) - al gorithm 35 23. The adapt{ye directional nicrophone system
according to any of clains 8 to 22, 03/017718 PCT/ S&X1/00163 19
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so as to compute the second error signal (e2(n)).



