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WD 2004/ 045244 PCT/ SG2003/ 000215 ADAPTI VE NO SE

CANCELI NG M CROPHONE SYSTEM This invention relates to
w@pooatiaed ve noi se canceling mcrophone syst eremiGui03/000215
is capable of extracting desired 5 signal from sounds
cont ai ni ng noi se. Background of the Invention A noise
cancel i ng m crophone systemis gaining nore 10
i mportance nowadays, especially with the devel opnent
of multinmedia applications and w reless comunication
t echnal ogi es. Althopgy vari ous solutions were proposed

T E MHQBOBQPNEC$Y%WEMpart|cuIarIy
desired speech, in noisy environnments, there are
still rooms for 15 inprovenent in order to obtain a
ThiisgRngeghabn t b= Ndiese tOSHR) adapt i ve usd i memyeﬂemg

n thods yere.co
mi P aang Fher Bt TR LR e Pt ot Ra L Rrdun
sigpeéclirenhanceterton2@imehhofeige si ngl e m crophone is
used to pick up the desired speech signal wth noise.
The noi se spectrumis estimated and subtracted from
Balhgrspeechr sirghalnve@@nbai ni ng the noi se) picked up by
the mcrophone. Tn this way, the desired speech
signal is separated fromthe noi se. However this 25
A RABhBedcA s it ojse, and
al so |nt?%ﬁﬁ%@gﬁﬁﬁgﬁhgﬁir%ég?%%%f%%gﬁaxags#ge speech
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r , t rophone | oca ed near the
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speech, in noisy environments, there are still rooms for

A

improvement in order to obtain a high Signal-to-Noise (SNR)

ratio using very few microphones.

Various methods were commonly used to increase the SNR of
desired speech signal. In a known speech enhancement
method, a single microphone is used to pick up the desired
speech signal with noise. The noise spectrum is estimated
and subtracted from the speech signal (containing the noise)
picked up by the microphone. In this way, the desired
speech signal is separated from the noise. However this
method is only effective with stationary noise, and also

introduces high distortion to the desired speech signal.

Another known noise cancellation method uses two
microphones, with one microphone located near the source of
the desired signal, and another microphone located near the

noise source. Thus, the signal picked up by the microphone
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P100242 arranged near the noise source can be used to
adaptively cancel the noise signal fromthe signa

w@r@ked2ep by the m crophone arranged near theCTI®62008/000215

speech signal. This nethod is not practical in nost

applications as it is very 5 difficult to arrange a

m cr ophone near the noise source. A further known

m crophone array system uses nore than two

m cr ophones. The system usés spatial and tenpora

filtering nethod to enhance the desired speech sPii42
arfanged wpecithecnedsdi s@et¢orramdeowsedi hpepdapievely

fre ncy hand,_.and.s S [ ls.f
o TRt Tons g GBSt AL R, SR RaG el 88 e
nisyStedidias rangeghnSAR. tiovdsdrddepesehobionak. tTars

two_m crophones results in the size of the systemto
nebeod |5 gBT RARPRGCH el alARe Lo abeon8ens  ht iy oXY

di PPRLL B % appkheat hofscrdghdhe rapst emedhschoseshide .
[1], nore than three m crophones are used to forma
uni -di rectional m crophone systemfor noise

A f@fﬁ?%ll 3L QR géwsgﬂme agdanty \&§ stlean@k R RELSSih 300
nethod i s used i n I's system "the spatial response of
mithoshomdscr ofheneysysnenses ddakddl Thids tamkesat Hel MWivgliag
stem inflexible. C i t S sGl
mef¥SI 510 s ecr BanIRE s et sdgrat e £ AT
difécsiowrarr ovieer ophenesisydtioraduencyobsed, cand edlEins.

., However, this m cgrophone systemuses anly th X
sigRderierft é’lt%SFoééF%/tjo?nss'o fdiegllaego#%?ﬁfadﬁ%(l&&d
wibgarn i Paditich, hhBeapeIforamance moficbe sustese i G more

therefore poor, especially in environments wth

thepnpf? dht@@PPhoNse Ergmhts. TWbhe0G4F6485450e system to be
laf&glgﬁﬁgﬁﬁfQQOaﬁguigable to be used in many mobile

applications.

In the system disclosed in [1], more than three microphones
are used to form a uni-directional microphone system for
noise cancellation. Since no adaptive signal processing
method is used in this system, the spatial response of this
microphone system is fixed. This makes the whole system

inflexible.

According to the system described in [2], two microphones
are used to form a first-order microphone system for noise
cancellation. However, this microphone system uses only the
differential property of sound field to form a fixed beam
pattern, the performance of the system is therefore poor,

especially in environments with complicated noise signals.
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P100242 1In the systemdisclosed in [31, a
cardioid-type directional mcrophone and an

w@moAdEznect i onal m crophone are conbi ned i n BOT/SG2003/000215

acoustically coupled way. The two m crophones, 5
together with an adaptive control circuit, produce a
very narrow 3-di nensional beam for acquiring the
desi red speech signal. However, the direction of the
3-dimension beamin this dystemis fixed. In other
wor ds, when the desired signal is coming from antderd?
direction which is different 10 fromthe direction the
beam i s .proj.ected he m.crophane .. t IS t_.abl
o R e ERE CHEEPT oif o) Thial PRESHRy by o Feetttiiy
mi@FdBdA iom eh bheisysiemineeds ierbphadp ustedcautimed
that the desired signal falls into the direction of

int3e AOURHEALLENGPUBEST T3V or déF £8P Ther dRaPr &R
toSdd) JidH@nlaqapaM & esbnthyis JTRkas t hgrogecdfa they

systeminconvenient. Therefore, a nolse cancellation
napi @ cptimensysnei hpah £OT HGHISHRIakBeWAEEhr¢d speech
si?&gy?nhﬁﬁkv%% ugﬁel§i9§§%ﬂﬁgrﬁ?%h@ugnaiﬁeﬁgiéﬁmkeam in

nvention Accérding to the Invention, an adaptive

thhoi sesteandesl ifigedm ciophidree sypgdem ivBepr bive déek 1 teve

. adaptj ve naqise_cancel i 1.Ccr ophane stem c I.se
SLQURE i 1O BB T ArTanted Taoat "4 5y etef T Had™ Tt
fréhh stran el facamoaathe obdeet , i pgicgral efipr thagni sygiteme

(SFS), for receiving a fjrst _and second inpu i_gnal
syl 49 MY ra%iesﬁﬁniigq‘fjerceei%d lf:ﬁg ?%\%g# C?%'Benones
phbes £l barnaceushi 62l tisd gNaltgompensntol Pe tde@jddest such

Input signal_ is determ ned, wherein an acoustical
thaf g despereit 988! | frthe 8dCohle Aptectgnatt itdhe 3-

aifist & e dbeMenebPal heroaGlsdecakc8i 90gha cOMpanRent
In the first input signal is WD 2004/ 045244
ac@OY R0 igomakss the use of the system inconvenient.

Therefore, a noise cancellation microphone system with a

high SNR and which is convenient to use is desired.

Summary of the Invention

According to the invention, an adaptive noise canceling
microphone system is provided, the adaptive noise canceling
microphone system comprises two microphones being arranged
at a predefined distance from each other, a signal forming
system (SFS) for receiving a first and second input signal
resulting from sounds received by the two microphones
wherein an acoustical signal component in the first input
signal is determined, wherein an acoustical signal component
in the second input signal is determined, wherein the

acoustical signal component in the first input signal is
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4 P100242 enhanced to generate a speech enhanced
signal and wherein the acoustical signal conponent in
w0 b@4deeand | nput signal is suppressed to genRCEHBEE2083/000215
speech null ed signal, and an adaptive noi se
cancel lation filtering circuit for receiving 5 the
speech enhanced signal and the speech null ed signal,
wherein the noise in the speech enhanced signal is
cancel l ed using the speech nulled signal as
reference, thereby generating an output filtered100242
engagrel tegeeseateng sheecldegiheagesi ghahal 1@ndhehensiige
cancel i.n i cr.ophon C [ t ;
enf DGR O s o4 SR8 SamLT R S R8sty My ptomat
isféd@pissedniter gphenetsystgmechhetlwWedns tgophonas] are

arranged , preferab pet we | cm (centimeter) and .10cm
A g P COURBL LY B PR Mgt GREFHbE yF B e S

th@nsh 3G fdrpmmeaahsig@hderand trnghepled choweyesa be sipted
that the mcrophones may be also be placed. The

wheg e¥bphonéeigsednnble b¥aHP lehgnsed figrdphbhemncelled
j nel.udi i =g t 1CF, or i i onal

kY R P LA

gegerasigpordi pgtpott hel soratisigngy repcevedtimndhene

desi q?hg_n%ﬁe received as first and second i nput
%l%%alsg%y tthe Signal Form ng System (SFS). The SFS
processes the first and second input signals using 25

filtering techniques t enerate the speech enhanced
The RS GBS POSEIP NI Gd “Senar oo Mb Addustiveal
inSégadn GERORGAt geRetde didsiphandst Be acalsd iTalxible

_signal conmponent in the second input signal are an
ml@g@pqﬁﬂq(ﬁngpmtheTH%Spwégucrophones are arranged

preferably between lcm (centimeter) and 10cm from each
other, and further preferably between 2cm and 3cm from each
other. It should however be noted that the microphones may
be also be placed. The microphones used may be any kind of
microphones, - including omni-directional microphones or
directional microphones. The microphones generate signals
corresponding to the sounds they received, and the signals
are received as first and second input signals by the Signal

Forming System (SFS).

The SFS processes the first and second input signals using
filtering techniques to generate the speech enhanced signal
and the speech nulled signal. The acoustical signal
component in the first and the acoustical signal component
in the second input signal are an estimation of the desired
signal in the first input signal and the second input
signal, respectively. Therefore, the speech enhanced signal

represents the sounds with the desired signal enhanced, and
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signal in the first input signal and the second i nput
30 signal, respectively. Therefore, the speech

wendvanerds signal represents the sounds wi th tPEr/SG2003/000215

desi red signal enhanced, and WD 2004/ 045244

PCT/ S&003/ 000215 5 P100242 the speech nulled signa

represents the sounds with the desired signa

suppressed. The m crophone system according to the

i nvention does not 5 requPre to specifically use a

conbi nati on of an omi- directional m crophone arfl @242
thei $@eddromaill 1midc sdphaheyemse saditscltbsedobndf 3yith dtfeor m

a, 3-di nensi.onal beam for noise canceling. The beamis
de e FGrnEYPBY e 3Rt r ol 1ing the paraneters of the

filters used in the SFS. Moreover with 10 the SFS, the

desired signal need not cone froma gre-defin

, d
Theli PEETARIPIES SYRECBFECFL Wt % et & f’ePEé?He‘g??Sedmt
reSh 8Pl o and figh Lt he 3sdi Amensivanal :8aae Wah Chinh -
Irected, automatically or manually, towards the
didécettnan mifcropbondesid edl &irpediionfli 8icKoBNARE 0V t he
. m cr ophaone st ccog di:ng .t ' Nk j ;
e R SR kS Lo
caflestinded The p8hm Bethowdres s gmewtedeblyancetrel bied tdred

t he speech null ed. si gnal ener.at e y t r
PaF@&%‘F‘g%%I Yy #‘ﬁe%z&(ygﬁ? v%serfgilsne % %gﬁéel ﬂglﬁ?{g\ﬁe@ Hen
thbi §F€S i1 Gidsqett BOgnennoedd np it hemeoifsemf a gyre-tdefined

_speech enhanced signal,_ using the speech nulled signa
41 RO P o ST orit St i i pOE. PPYEFEce rihial
anBEGH, f1RPrLs8fks st BRateséaedirsicgnals. dIkecped se

cancel lati on process may be inplenented using a Least

aunbanelSyiar e (ENBR1DB: f FPUidhd e CHARGHACRSOT the
degk§8&°§fgkéﬂ1 [ 4hiQr tRuST 988 fldhe microphone system

according to the invention to have a higher flexibility than

the microphone system described in [3].

Both the speech enhanced signal and the speech nulled signal
generated by the SFS are received by the adaptive noise
cancellation filtering circuit for canceling the noise from
the speech enhanced signal, using the speech nulled signal
as a reference, to generate the output filtered signal which
represents the desired signal. The noise cancellation
process may be implemented using a Least Means Squared (LMS)
filtering technique as disclosed in [4] or a cross—talk

cancellation technique as disclosed in [5].

To further reduce noise from the output filtered signal
(representing the desired signal), a post processing
filtering circuit is provided. The post processing (PP)

filtering circuit is adapted to receive the output filtered
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cancel | ati on techni que as disclosed in [5]. To further
reduce noise fromthe output filtered signa

W@ ec@perenti ng the desired signal), a post proREFSGHY3/000215

30 filtering circuit is provided. The post processing
(PP) filtering circuit is adapted to receive the
output filtered WO 2004/ 045244 PCT/ S&2003/ 000215 6
P100242 signal, with both the speech enhanced si gnal
and the speech nulled sighal as reference, to reduce
any noise present in the output filtered S|gnaIPLﬂQ§42
sigrmlgenertat eoahdiigé t speeds Winhangiegnal gnThi sndlitgie @peech

L, | ts th t.5 fil
e R et aPeo ERETGet» o SeoneD) Wi S ER R R,

thé esugrd. fArltaaaat s VendIoi SB1C AR gkhbgatk Ca o:pigmrteal( ANGM)L t
control |l er Ereferabl y used _to control at |east one

sigrak-he Thidst éhlgl gbgrespt FLIRE ISESPRATETHR Hfatutret

58 canceh! alihosn fid terdngnel wedi tedys tpdat) ng thhe
fl%%%fflClgﬁ&s gf the filters. The AN%N1%ontroller is

noppfapiedhey reder9@- t he speech enhanced signal, the
speech null ed signal and the output filtered signal,
and generate an SFS control and an adaptive noise 15

n cadeqeilvat inon ski baece (JANCH)L coophook SAREM] ¢antypddies is
t he oefficients of the filters used inth FS.a

pr?%%?%? pPF?@ %80|%ét%%h€§1Hﬁ?ﬁgnoPll?er?%g ﬁ%ﬁ%ﬁf%iased

in NMesPesHs \éelldy thbnadizh@tl'\pzr efcdrscedaanbddivbmt ©fl Hdreng

nventi on, e ANCM contraller S ted t
Jlg”g%\#eq' é;(ye ué’dPﬁlegnW%l ° * Srsl Hﬁdjﬁ?? ngld]g%ﬁ%e he

AN@B@chfﬂiﬁo@rlte% 0t adapeastioneckilbbtetnyseskddn tdimaiRed
filtering circuit. The ANCM controller grocesses t he
si gﬂﬁﬁmﬂ*hﬁﬂﬁﬁﬁééa gpb}@ﬁ signal and the output filtered

signal, and generate an SFS control and an adaptive noise
cancellation filter (ANCF) control signal to update the
coefficients of the filters used in the SFS and the adaptive
noise cancellation filtering circuit, respectively. In the
preferred embodiment of the invention, the ANCM controller
is also adapted to generate a PP control signal for updating
the coefficients of at least one filter used in the PP

filtering circuit.

The ANCM controller processes the speech enhanced signal,.
the speech nulled signal and the output filtered signal to
determine characteristics of the input signals, and
generates the optimized control signals for updating the
coefficients of the filters used in the SFS, the adaptive
noise cancellation filtering circuit and the PP filtering
circuit. Specifically, each of the control signal
represents a step size value for the respective filters,

wherein the step size value is a parameter used for updating
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the speech nulled signal and the output filtered
signal to 25 determ ne characteristics of the input

wG@k@nal®g44 and generates the optim zed control BETRGL®3/000215

for updating the coefficients of the filters used in

the SFS, the adaptive noise cancellation filtering

circuit and the PP filtering circuit. Specifically,

each of the control signal 30 represents a step size

val ue for the respective filters, wherein the step

size value is a paraneter used for updating WO  P100242
th20044 9462 4dr RCH SG0@3L60021bhe 7f PIHMA2 Inhhehwei ghy s

or cqoefficients of the filters. In this y,.. the
e HERRRG G P AT SoPt coRr T i §2 Ehe
rekpepeeté vei fiddLrancae perpsrhed skdmrrgiefitheignt!ly.

5 The step size value used in the filters is inportant
for ensuring the filters to work stably and

thef 686hI ¥ELY vahR uSkaP: Al #Re VAl 16 ls Y %ggé%xt%rto
a small value wnen a desired signal, in particular a
engesiingdtspeliclteriss tdevetkedtabThearst gf feiczevealue Tlse

referably. set. to_lar | ue en 10 e _desired
stBRCLEREHIEE S DeeBEtny ] be WP KneicvaTEe (fley =
degwhea thet®l, sirsiphendeplathe sé¢eprai zpevahyeissdetected.

preferably set . to.zero resulting . in the weight of the
B FE8P S13° MG LanBRGHGEEP S FH i (REOF Prove waeh
thepaest fed pswpair ¥ sandrstiabéytedS Jimee nbhei heM is

controller controls the step size values used for,
deggahe? ng" it Hiatterls PhlSREH a Mgy Stsat stk valwesis

prefapge1 Ns& 2FgRILY g BRIPERg A6PEHMH NBiGAt of the filter
characteristic of the desired.signal and not assigned

togremg el wathrndsseor@i Agat the filters can operate
properly and stably.

Since the ANCM controller controls the step size values used
for updating the filters in such a way that the values
change in an adaptive manner depending on characteristic of
the desired signal and not assigned a fixed value according
to the state of the art, it allows the microphone system
according to the invention to be able to effectively cancel
unwanted noise and remain the desired signal from the input

signals.

The SFS according to the invention comprises a first Finite
Impulse Response (FIR) filter, a second Finite Impulse
Response (FIR) filter, a first adder and a second adder.
The first FIR filter and the second FIR filter receive the
first input signal and are adapted to determine the
acoustical signal component in the first input signal, and

to generate a first and second FIR filtered signal,
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20 to the state of the art, it allows the m crophone
system according to the invention to be able to

wetdoaotizeel y cancel unwanted noi se and remai nPCT8G2003/000215

desired signal fromthe input signals. 25 The SFS

according to the invention conprises a first Finite

| mpul se Response (FIR) filter, a second Finite Inpul se

Response (FIR) filter, a first adder and a second

adder. The first FIRfilt8r and the second FIR filter

receive the first input signal and are adapted tR100242
reﬁhﬁdﬂmﬂemy t hei8h mewusidrdalthsi geabistdapbneignah t he

first si nal, and . ta era t

comrinn Prrciel Poreh S B00afaabhat ek adas
th&@ix%@&&%@@@alélgx&ﬂiﬂﬁm sreesnacﬁnp@t ysigwe Chand

represent the acoustical si onent in t%gafirst

gengyAlteSsityfarPe T $1ICHY n&&ds PReSTFoed Yer ed

suSt G s kﬂetg@céﬁgoﬁﬂR'fﬁﬂﬂefﬂdg@@bnﬁmdfrgﬁnﬁﬁéuéﬁbdﬂﬁf
speech enhanced signal. The second adder 5 subtracts

inphe siemeddaRiRoEN¢Taked Wiggmaeethorid hed skl - | nput
signal and generates the speech nulled signal. The
coefficients of the FIRfilters are designed to forma
Thdi ¢ectfiiariahitsyopatherfiR ifilgarsi eukadeal @aeld nensicmala
dl%‘?%rfﬁn?]]\%t@/hpﬁ ed at the esclurlegI f]le ngzll_mguscnjjorga atbe%%
diéanad aa;ncihanyxesigml §1g)1£ﬂSlsd1@ht hhstbeayn $isgr[aeijseotieﬂ1in

as noi se. The speech enhanced .signal containjn the
th R 1 GALPIBST A (R Tt el epf pet T | it

ouDOWRY 81 iRApean! 0¥ SR @l themefieee, fHetfigsedd enhanced
processing is thus needed to obtain the desired signa
51gm4},cqﬂQﬂ1ngNR the desired signal extracted from these
FIR filters however has a low SNR and therefore, further
processing is thus needed to obtain the desired signal with

high SNR.

The coefficients of the FIR filters are preferably
calculated by a Least Means Squared (LMS) algorithm block.
In this case, the ILMS algorithm block is adapted to receive
the first input signal, the speech nulled signal and the SFS
control signal to generate a LMS signal representing the
coefficients of the FIR filters. The LMS algorithm block is
able to change the coefficients of the FIR filters
adaptively such that the directionality pattern is always

directed at the desired signal.

In an alternative embodiment of the invention, information
representing the coefficients of the first and second FIR
filter and the second FIR filter is stored in a first Read

Only Memory (ROM) and a second ROM, respectively. The
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The coefficients of the FIRfilters are preferably

cal cul ated by a Least Means Squared (LMsS) al gorithm
Whb@ak4524£0 I n this case, the LMS al gorithm bl BCRSGH03/000215

adapted to receive the first input signal, the speech

null ed signal and the SFS control signal to generate

a LMS signal representing the coefficients of the FIR

filters. The LM5 algorithmblock is able to change

the coefficients of the FIRfilters 25 adaptively such

that the directionality pattern is always directRd0Gt42
coéhei desit dd feirgaali onl mhach alg ertrateidv énetrbedROint i ofpre-

the invention, informpatiaon representing the.
calgetaied dit SXBPTLRENF | TAtH A edCond eI RE 30  F77L er
(wapgotherseeendeFbR fhtéefeidnat)ar edniensaotbastodemitient

Only Menory (ROM) and a second ROM respectively. The
inmwrozwzgmepctrﬁs@z@@s?ftﬁ)(??féflglpféézﬁ% the filters

acgsgﬁ{ﬁéﬂggﬂﬁsggﬁgrgggggpeﬂ@gph is stored in the ROV is
pre- cal cul ated by experinment with only the desired
signal (w thout any noise or interference). The stored

coeffi.cient .infor ' js t e .
o otn e Enroirh CPREL Pidch a8 B bRee according
topted erreraa.iohheaadhpt ivel exgirsedc dmc ehl aMb onofh f1duwerd tnigen

circuit accordin t he quenti n candggrinph§nented

{0,
Wh?ﬁhaﬁpqﬁﬁ%%ﬁﬁnﬁpggﬁﬁPgﬁ e Wit EOvpAs889%h" adtpti ve

achpties mndeaniaddanptdhecd Orcadaptd taef sheechisubtapt ed
to receive the speech nulled sjgnal, the ANCF contr%
signghal thindNgd EPREFOS| Fhek dnd R e55PPpuBL PRt ef ¥ the

oubb9hat)1 dd GeRehahe) ac i fdird sSignah reThe sANGE. The
control signal is used to control the step size for

ANGBdeen ek 1vd 9peéf fBcherd stofcaiecddapei FESPi $1 %%, Tnd
up&gging the coefficients of the adaptive filter, and the

error signal provides feedback information to the adaptive
filter. The adder subtracts the filtered signal from the
speech enhanced signal, and generates the error signal. A
delay circuit is preferably added before the adder, wherein
the delay circuit is adapted to receive and delay the speech

enhanced signal and to generate a delayed signal.

In the preferred embodiment of the invention, an additional
adaptive filter and an additional adder are used to form a
cross-talk configuration. The additional adder receives an
additional filtered signal and subtracts it from the speech
nulled signal, and generates an additional error signal
which is then received by the adaptive filter. The
additional adaptive filter is adapted to receive the error
signal, the additional error signal and the ANCF control
signal and to generate the additional filtered signal which

is also received by the additional adder. The addition
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15 error signal provides feedback information to the
adaptive filter. The adder subtracts the filtered

wa@k@aals2is om t he speech enhanced signal, and PENRGZIN&800215

the error signal. A delay circuit is preferably added
before the adder, wherein the delay circuit is
adapted to receive and del ay the speech 20 enhanced
signal and to generate a del ayed signal. In the
preferred embodi ment of théfinvention, an additiona
adaptive filter and an additional adder are used P§00242

fifisemed styosk-teidescofsi gor ast onettheccagdineinénalf adeder
recei,ves an, 25 ditional tiltered si .

deSlﬁFgac%% a% rgg% é%ggeeg ng%hl edzgﬁgicﬁgqgﬁ& signal

isgeBedat esupdn teddiid enalf feciontsi ghalhe whiddih iicaathen
recei ved by the adaptive filter, The additiona

ada@kprevel+ 191 erand t@&aﬁfigatﬁfin?]eceeﬁw tSHEPErr o used as

a Fe8B8hckt Nerdditicinalo eheokasi Bdaiandiaidie vANEE 1 ter.
control 30 signal and to generate the additiona

Thiijs| cEpad %@%ﬁuﬂoﬂﬁﬂgﬂﬂatﬂ§naﬂ§oa¢%ﬁﬂﬁaﬁﬁ9u@ybﬁﬁéuse the

1045
OB 003 15 BI0854%" 111 Fered o fogp accurate
esttépaesent of arhestdiset edgoshpbinent thef ﬁﬂﬂieaegusednal in
Si I in.the rror t tr gn
R e A aghar
oua@aptnytérédeﬂmgnaﬂdftba aﬂdladdﬂnﬂlnemmﬁs smgea%task

as 5 a feedback in on.ta th tio a
o BPr o b P T Cs ohs thPoBEe L E TG AAby Bk rgher

gnadvant ageous because the flltered signal fromthe
adaptive filter is a nore accurate estinmation of the
noi se signal than the filtered signal in the LMS

TheORbI guf 84+ Ofy daschiibedcearhify - tolheleliokenttibg 10
output filtered signal fromthe adder in this
coppgdsesa KFIR filter and a coefficient calculation block.
The FIR filter of the PP filtering circuit is adapted to
receive the output filtered signal and to generate the
digital result signal. The coefficients of the FIR filter
are updated by the coefficient calculation block. The
coefficient calculation block is adapted to receive the
speech enhanced signal, the speech nulled signal and the
output filtered signal and to generate a coefficient signal
used for updating the coefficients of the FIR filter. 1In
the preferred embodiment of the invention, the coefficient
calculation block is adapted to also receive the PP control
signal as an input for generating the coefficient signal.
The PP control signal is able to provide a suitable
coefficient parameter, in particular a step size value, for
updating the coefficients of the FIR filter, thus resulting

in most optimal coefficients or weights for the FIR filter.
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configuration represents the desired signal with a
hi gher SNR The PP filtering circuit according to the
WO pwefodizan 15 conprises a FIR filter and a coePdT/86BH108/000215
calculation block. The FIRfilter of the PP filtering
circuit is adapted to receive the output filtered
signal and to generate the digital result signal. The
coefficients of the FIRfilter are updated by the
coefficient calculation bl k. The 20 coefficient
cal cul ation block is adapted to receive the spee€h00242
Thenhdapetveinpiade dancedpetthnnodhebKignalccardinbeto the

. output filtered signal and to generat. coeffjcient

e S S 3 AR ek e g L

fifrskt enput nsidhel prefeseednembosih trentgrefl bhe kAvestt R:
.the coefficient 25 cal culation block is adapted to

F1ArEBeT eREIRAE 1 e PP E6Rt FBFCP Ykt tas qaf 1oApLt debpctor

ungenesAatAner thaceahbirchant shanalsrs HeatPB1gapt [k« .
signal is able to provide a suitable coefficlent
paraneter, in particular a step size value, for

' ’ icients | ilter, thus
DB P St Wt Pa ot e e Belisr B =\ BVBer
sipoelt herf€Rdrndingr toWthe 08 DuB24% pe@EAFSGZ008E 00824 bved

.11 P100242 The ., adaptive_noi se cancellation controller
S148R07 i T (B RS OHeEneT oS N es tamongp anie (£le.
poesti shfmoal)unist deatigaadhtof fétieow fanystrabiputhsh@edlin its
. _the sgﬁgnd I, nput siggal,an the ouytput , filtered
inpphnal e dihSefes tgEfett Graifiqntadngdgdnl 1Ha Leper Tpdes

awd@] t th@pANGF GenkNokhen1 dNidcand 13wdKSse08hs 0! &

unit. The power estimator unit is adapted to generate
weadhburt thg gRaPtdsrr E3hbwRli Hy B BREPESVENRPEYE pover
cafbeiN@ f&f&iiM@Lring circuit is not updated wrongly when
the desired signal is present.
The silence detector unit detects whether the sounds
received by the microphones correspond to a “silent” signal,
and is adapted to generate the first output signal
accordingly. 1In other words, the silence detector unit
detects the case when there is no strong background noise,
interference signal or any desired signal and generates the
first output signal indicating when such mentioned noise or
signal are not present. When a “silent” signal is indicated
by the first output signal, it means that only random

circuit noise such as channel noise is present.

The signal detector unit detects whether the desired signal,
in particular desired speech, is present, and is adapted to |
generate the second output signal accordingly. The second

output signal provides information on whether the desired
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signal. The out put power of the power estimation unit
(i.e. 10 power signal) is designed to follow any rapid
web@nger4i n its input. When the desired si gnaPCT/$G2003/000215
contained in its input fades away, the power signa
shoul d decay slowy so that the weight of the
adaptive filter of the adaptive noise cancellation
filtering circuit is not updated wongly when 15 the
desired signal is present.l%he silence detector unit
detects whether the sounds received by the P100242
speiechophohete K raspomed iise, aot si | embissitgnal of apdhi she

ad e 0.generate t first_output_ signa
SRR refs? T e Haratt pRE S et @ st or uni
20 detects the case when there is no strong background

noi se I nterference signal or any desired signal and
Th&eﬁ@?%t%@?ﬁ?&}lﬁq H@Hto& pﬁfaEW%ﬁmﬂoiﬁﬁﬁQ%ﬂﬁ rgewhérst
outPGh FBMAONEH NOiSRRbndSHIAR A /RMAL ¥ 8§38RLni YHe e
a "silent" signal is indicated by the first output
chargAbPristlGrednd hichdnPuhl §igemdomaas! dia cusiet thei se
: hapnel isa .l : I | _detector
e e R N e
vapaet tebarusdekificed uppetthyg tise presiggrits, candokesfadaphied of

to ener ate .the second .out put signal. accordi ngly. The
thge%%%%thde3%9&%?(559Hgﬁdp%%V#H%§K%ﬁ%6WﬁaP96ﬁeon
canhel hetidhefidesiniad AWDr2004/ 04524 ANCET/cOGR0031 800215 is
12 P100242 speech.or _interference noise, or a
adGBRET et | RGP Sothot AT dedt et el ihdch
corPbEpSRILNGE thQi S@pabprpsesaitep HiGANGRyeoONt rol | er
unit is adapted to receive the first 5 output signa

and the second output signal to determne the
simD8E AL eriril istsOkohol NPHuSIINA $daBRddl PoUSEL N the

first output signal and the second output signal to
determine the characteristic of the input signals and to use
the information thereof to determine an appropriate step
size value to be used for updating the weights or
coefficients of the FIR filters of the SFS. The SFS
controller unit is adapted to generate the SFS control

signal which corresponds to the appropriate step size value.

In the preferred embodiment of the invention, the adaptive
noise cancellation controller unit further comprises a PP
controller unit which is adapted to receive the first and
second output signal to determine the characteristic of the
input signals and to use the information thereof to
determine an appropriate step size value for updating the
weights or coefficients of the FIR filter of the PP

filtering circuit.
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informati on thereof to determ ne an appropriate step
size value to be used for updating the weights or

w@eomhfsiient s of the adaptive filter(s) used PEI/BGE03/000215

adaptive noise 10 cancellation filtering circuit. The
ANCF controller unit is adapted to generate the ANCF
control signal which corresponds to the appropriate
step size value. Simlarly, the SFS controller unit is
adapted to receive the 158First output signal and the
second output signal to deternine the characteri®&40£42
ThofANGR dompuoldegnahst anthe SHiseonthellaf ovpdt il the PP

t her.eof to.determ ne r.Qpr,i e ' val, ye
cop s 1 ohEE Th Dol APRARL BEnSh CPomSL A MAE an
ad@ft twhe pdRthki htensdofo tder SFStabhe SES: 261 camtiiod |step

~unit is adapted to generate the SFS control. signal
51401 EH 4t PRSBBRAE L The SPSEORPTAL o STER SR 2P de.

siddhil he-dar eher cede ebos s ofsutrb BOYENEA®S: dhRrtain
adaptive noise cancellation controller unit further

sy elermpriesdsirpappops cBpt s A1l ERAhRERPTSVAdMPIE to

i ve t. R0 UL RYL o Si o]
Calgé(?c@rnr%e rﬁntellgs: ﬁ%h%ﬁér g{{:]?te?r?sti C gf% tgﬂgﬁgilﬁlg%faé%ii gnaains?1 and
shéwt useddieinnpertathani etheriddf npg aféeer nilme rerformance

ropriate ste 4 I far dat | j ah
ot OF BB e nFEPSRE Py iRt SHEORE RS L s Rs
thé i § 1lerd 3y adler avit £i¥E3 2004/0dng44 1 PCIN SKROOB/OO0RbDer,
13 P1Q0242 _ The A controll.er unit, the, SES
SRR YR fURE NGLTTS P15 UBRYPOPPEP N 12 et
op €O 8Fa1hRs edeBlhedl coarhinged withads clglepdi ve update

method to get a stable control on the step size
values of the filters. Therefore, a snoboth control

According to the invention, a first amplifier and a second
amplifier are used to amplify the signals resulting from the
sounds picked up by the microphones. The amplified signals
are filtered by a first low pass filter and a second low
pass filter to generate analog amplified and filtered
signals. The amplified and filtered signals are converted
to digital signals using a first Analog-to-Digital (A/D)
Converter and a second Analog-to-Digital (A/D) converter,
the digital signals are the first and second input signals

which are inputs to the SFS.

The output of the PP filtering circuit is the digital result
signal, which is in digital form. To use the digital result
output in most analog devices, such as speakers, an Analog-
to-Digital (A/D) converter is used to convert the digital
result signal into an analog signal, thereby generating a

result signal output. The result signal output, which is in
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5 signal fromthe controllers is ensured even under
uncertain system perturbation. This prevents the
wa@d@piizes noi se cancel i ng m crophone syst em fPOTBG2003/000215
becom ng unstabl e, and short uncertain perturbation

will not affect the performance of the system

Furthernore, since the step size values of 10 the

filters are not fixed but change in an adaptive

manner, the weights of thé4filters are al ways

obtained at the optinmal value even when the inputP100242
aneﬂggafermhange1ﬂuﬁm¢@rdbngiV©dthehnwemﬂb@ninputidSVice,
@Ml fr and a{second 15 anmplifier are used to

ng N Tne’RiGhdi's resulting fromthe sounds picked
up by the m crophones. The anplified signals are
filtered by a first |OM/paSS filter and a second | ow

OtBgEsORi Tt tiFafeerarBlandY YL 3R7 iaGcedang £P| teeed

inSbgRBLS . wﬂiEEBﬂﬂﬂﬂesbﬁ@e@ngnfﬁﬂéeﬂfﬁidﬁlﬂﬁabétgﬂfed
converted 20 to dl%lta| signals using a“first

depaaipEl ¢o- T gtiftealll BEbratedreerqdimeatd ahsacoadd in
£ 4.0 PGl t CALRhoSoVE e digital
ﬁ?gna S are %ﬂ]éﬁlrsf an dg% %n E?ﬁp%% ‘signals which
are inputs to the SFS. 25 The output of the PP _
Brle%tﬁrlnghq:rCU|f 5 tha&g |§allresult si gnal, which
—ﬂﬂ%ﬂﬂ+1ﬁfﬁ%fﬁi#e$ﬁ+~$e—uselgﬁe digital result output
i n nost analog devices such as speakers, an Anal og-
i tal erter is used to convert the

. to-
P gRET LBl SEPES I SIORE) S et G4BT AKal SOt er eby

caﬁ@@EIé&idK}ﬁid%%ph@ﬁé|§y§t@ﬂ |t ngThepF884Lding unit
signal output, which is in WO 2004/ 045244

acppi Y 003/[AC0A T 140100242 anal og form can then
be received by an anal og i nput device, for exanple,

speaker .
Figure 2 shows the block diagram of the processing unit

shown in Figure 1 according to the invention.

Figure 3 shows the detail block diagram of the adaptive

noise canceling system according to the invention.

Figure 4 shows the detail block diagram of the signal

forming system according to the invention.

Figure 5 shows the detail block diagram of the adaptive
noise cancellation filtering circuit according to the

invention.

Figure 6 shows the detail block diagram of the adaptive
noise cancellation filtering circuit according to the

preferred embodiment of the invention.
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O her objects, features and advantages according to

the 5 invention will be presented in the follow ng
waledoaiohads description of the illustrated enmboRPCTRGL®3/000215

when read in conjunction with the acconmpanying

draw ngs. Brief Description of the Draw ngs 10 Figure

1 shows the bl ock diagram of an adaptive noi se

cancel | ati on m crophone system conprising a

processing unit accordingl¥o the invention. 15 Figure

2 shows the bl ock diagram of the processing unit P100242
Fighoan’ i shdwguihe Hedecordingk tdiadmmm mfethieoposEi gure 3

shows. t he_det ai.l bl ock dj agram of the aptiyv noi se
PR T e Ao Eeat i Rt SRR (e EoR e Ear My ur e
embo8 st tde wet ainlkvebk o6k, di agram of the signal

form ng system according to the invention. Figure 5
shows the detail block diagramof the adaptive 25

rigolses cansel lald erchih tetddg LidLuid Aceaedipgrt o-fds
fnvention. Figure 6 shows the detail block diagram of
caf helatbpt iMeckneifs Eheapest |rtdans sfina dhiligreng ceincult

oPRERI 1% B U ARiRI LAY TR 1B DFon.
P100242 Figure 7 shows the detail block diagram of

e e P PSR o PR S R fhR g e

no$bewsai &l atiain cbheekl téng@rorefidghe ocarbf peé Bstred

embodiment of the invention.

Figure 10 shows the flow diagram of a power estimator unit

according to the invention.

Figure 11 shows the flow diagram of the silence detector

unit according to the invention.

Figure 12 shows the flow diagram of the signal detector unit

according to the invention.

Figure 13 shows the flow diagram of the signal forming

system controller unit according to the invention.

Figure 14 shows the flow diagram of the adaptive noise
cancellation filter controller unit according to the

invention.

Figure 15 shows the flow diagram of the post processing
filter controller unit according to the preferred embodiment

of the invention.
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cal cul ation bl ock of the post processing filtering
circuit according to the preferred enbodi nent of the

w0 pwefdizen.  Figure 9 shows the detail bl ock dpPemsamoshoo21s
the adaptive 10 noi se cancellation controller
according to the preferred enbodinent of the
i nvention. Figure 10 shows the flow diagram of a power
estimator unit according to the invention. 15 Figure
11 shows the flow diagram¥bf the silence detector
unit according to the invention. Figure 12 shows RH&242
fl ow di agram of the signal detector unit 20 according

pef Q108 AANeNLian, ELopLe 4 ahgus EAS.fL AN L agk am of
Ilg oyol CTITourncTourrT™c o
Intentien i nvention. 25 Figure 14 shows the flow di agram
of the adaptive noise cancellation filter controller
unit according to the invention. Figure 15 shows the
rif | pvsripgram gf obReqpastapracess Rageite! h8lse
controller unit according to the preferred enbodi nent
ca@@€l¢ﬂ9umﬁﬂﬁmph@ﬁe O 2004} O £5zex dpey/ Se2bs/ DovRis. onte
a SgrEptdon, referre
Thggiggdt%nenlt%gtc %nbggeplgnven% otg g %ﬂgng %wsgt C%DI ock
ml@lrcagrrcam df2 ehd adapeiess g smltcéﬁcel 'iPhg mcccre:fmome unit
15 escgeeﬂ}elso s%cglgﬁdl 19 ié) }%%ltn ntflrglrt]t sou cheelm ]doby
nprises "a FSt i cr ophone a secon n1crop one
théme&mbphqmescesslng LKﬁtodM@uﬁTh@spﬁOCSngmg uhiits

generated by the processing unit 15.

The two microphones 11,12 are arranged at a predefined
distance, preferably between 2cm and 3cm, from each other so
as to form a 3-dimensional beam for receiving sounds using
digital signal processing techniques. The forming of the 3-
dimensional beam is controlled by a signal forming system

(described later) in the processing unit 15.

A detailed block diagram of the processing unit 15 is shown
in Fig.2. The signals 13,14 generated by the microphones
11,12 are amplified in a first amplifier 20 and a second
amplifier 21, respectively. The amplified signals are
filtered in a first and second low pass filter 22,23 to
remove any high frequency components. The amplified and
filtered signals are subsequently converted to digital
signals 26,27 using a first and second Analog-to-Digital
(A/D) converters 24,25 to be processed by an adaptive noise

canceling system 28.
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15 receives signals 13,14 resulting from sounds
received by 10 the m crophones 11,12. An output result

waek@aahs2d6 is generated by the processing uni PC/SG2005/@00215

two m crophones 11,12 are arranged at a predefined

di stance, preferably between 2cm and 3cm from each

other so 15 as to form a 3-dinensi onal beam for

recei ving sounds using digital signal processing

t echni ques. The fornming ofl% he 3- dinensional beamis

controlled by a signal form ng system (described100242
Thd atieyiltailn stihbeaps 02€s%i reyreumicicelsed20s Af tettaidretl 3 amakd
. di agr.am of e._processing, uni.t 15 iis shown . in Fig.2.
inipto gRes 802 S Gei HBR Sl RELRF CrOBH S Er
28 A FPdeketyi fo ardnd st rldekieed20i gngh aandeaodl

amplifier 21, respectively. The anplified signals are
the jnqigee@ri AnBeFF RN GhF SBGdFd | SAFpassPY} |9%erth®, 23

addft i h%g%ecéﬁgemr@ éys%tfe@@y 150BPNGN! 5 i1t

nplified and Iltered signals are subsequently

sigoive®.edThe digital resiygralsdgrel279usimgea funtdterand
second alog-to-Digital _( erte 5t

PT Y roess &d 8§g%ﬁ %\éq%l‘%%l%s\a}e Oﬁo%}g%e%g%eﬁ nggés%lgorﬁ 23%&?1%1

foBUHMP 12004460462 4dePId SGAGR3/speAREDs . 1 TARIDAPAR) tEhethe

. digital signals.26,27 are received as first and, second
inyaiCTs SHE i bEaY M e TaBRL 08 T LU g 23
anSVsd &0gnd8, f RhoPph LSS dsalkesihal hendasi red sisgnal a
~and cancel _the n})i se or interference signals. The
Dignfgdutt orrehed s (BdahtGaFy sFdicge 3€ancel i ng system 28 is
a digital result signal 29. The digital result signal

29 can be further _ _
Fig.3 shows the block diagram of the adaptive noise

canceling system 28 according to the preferred embodiment of
the invention. The adaptive noise canceling system 28
comprises of the signal forming system (SFS) 31, an adaptive
noise cancellation filtering circuit 32, a post processing
(PP) filtering circuit 33 and an adaptive noise cancellation

microphone (ANCM) controller 34.

The SFS 31 is .adapted to receive the first input signal 26,
the second input signals 27 and a SFS control signal 38 to
form a speech enhanced signal 35 and a speech nulled signal
36. The speech enhanced signal 35 represents sounds
received with the desired signal enhanced, whereas the
speech nulled signal 36 represents the sounds received with
the desired signal suppressed. In other words, the speech

nulled signal 36 represents noise or interference signal.

The adaptive noise cancellation filtering circuit 32 is

adapted to receive the speech enhanced signal 35, the speech
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processed by other systens, or converted to an anal og
signal for driving output devices |ike speakers.

wa\ecwafogizng to the invention, the digital resuPCT/SGHNN3D00215

29 is converted to an 10 anal og signal, known as the
result signal output 16, using a Digital-to-Analog
(A/D) converter 30. Fig.3 shows the bl ock di agram of
the adaptive noise canceling system 28 according to
the preferred enbodi ment of8 15 the invention. The
adapti ve noi se canceling system 28 conprises of tHhg0242
nudlgmhadidrerlnidtg asistenmd8RS)ved oise adapeiliey hblsw

cellatign filteripng circuit 32, post _process.
R GoTsr SgTBrEctnt S ant SN saLst oo hgh Lp LLltbred

sigaareldl atitor rei ci Dphoney (ANCMitcant tel hespBdd 20 The
SFS 31 is adapted to receive the first input signa

reggive tiie SEE6RE PRBEECST gHa™e 2P anghg Corttoied
sighgDals,38 Heo outphitn 21 speRch anhanced shanal pBEAd A

Speech nulled signal 36. The speech enhanced signa
sigma} et $0se8nNB52 S i digddadi rAsthe geialed -
si gnal enhanced, whereas the speech nulled signal 36
represents the sounds received with the desired
Thsi gt istgpmod ssedandal bitiem womdsolfihe Speberdanilddedo

si gnal, .36 represents_noise or . erference siagnal.. 0
re RS ik PERRET ERh 2l P e sl HEE PSS Hfvess
sidSal atiapined the betpuvefihespeaedhnanhanceshdignalendrate

t he_speech 2004/ 045244 PCT/ SG2003/ 000215 .18
th@l%‘ffz%?n%ﬂ | 8498Fgnaf’ 3%‘%%’% caagﬁ? vE 8 and

th&apseddd i st gha{ ANCRlo€ Qd=@li ngi gBakr89iedd 40 at
generate an output filtered si%nal 37. The PP
least t@itg g ldersulreedsin sthtaftSed lr othe adaptive noise

cancellation filtering circuit 32 and the post processing

filtering circuit 33, respectively.

The ANCM controller 34 updates the coefficients of the at
least one filters in the SFS 31, the adaptive noise
cancellation filtering circuit 32 and the post processing
filtering circuit 33 by controlling the step size value of

the filters used in them.

The detail implementation of the SFS 31 is shown in Fig.4.
The SFS 31 comprises a first and second finite impulse
response (FIR) filter 41,42, and a first and second adder
43,44. The first and second FIR filters 41,42 are adapted
to receive the first input signal 26 and to generate a first
and second FIR filtered signal 48,49, respectively. The
first and second FIR filters 41,42 are used to approximate
the desired signal components in the first input signal 26

which corresponds to the desired signal components in second
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recei ve the speech enhanced signal 35, the speech
nulled 5 signal 36, the output filtered signal 37 and
wa@20R0e2amt r ol signal 40, and to generate the BETRGHI03/000215
result signal 29. The adaptive noise cancellation
controller 33 is adapted to receive the speech
enhanced signal 35, the speech nulled 10 signal 36 and
the output filtered signal 37, and to generate the
SFS control signal 39, thelANCF control signal 38 and
the PP control signal 40 for updating coefficientBlof242
ingtit biasal ik frelstidrtsngsedei Aitdte SFES s@tontihéiadapédve
.noi se ancellation filtering circuit 32 and the post
518P8385§§h£§15 filtering circuit 33, respectively. The
ANCM control Il er 34 updates the coefficients of the at
| east one filters in the SFS 31, the adaptive noise

Theahtft A4t i3 PEPENGNEI Fetst Sl tar@ct Fégpast 48 to the
seBbRGeSSh g AQrfi! ]Ezeﬂ LRI EbEGH tr 133 es%\ée%ﬂnéﬁﬂéhéﬁcg ${lha1

step size val'ue o the filters us inthem T
35dewhi th i hpldreesoanidenretei hed SES B Lhies dshowadi nidal 4.

The SES conprises.a. first_and.second finite jmpulse
endafe R pondss” (RPRSs Fi P4 oM G50TF, bt ifet SRk
thaddetond 3t Bhegnhilr 87 andtisecordndl Rdfiekt et std 1 hdn

are adapte to receive the first input signal 26 and
th?osﬁ%ﬁéfél &% prgpa aﬁ@'second FIR filtered signa

48, 49, respectively. The first and second FIRfilters

41,42 are used to approximate 30 the desired signa
Inc bh@opEiar e eRECAIRERt | dbthesiigivant2en, whaeh

coBOEL 85ROt enkheidesi 164 S gl raapenests i secgnd
WO 2004/ 045244 PCT/ S&G003/ 000215 19 P100242 i nput

updpfpdl PR LTeastl YPapst heudredt (141vd sdgondtiim|khledd 45.
The LMS algorithm block 45 is adapted to receive the first

input signal 26, with the SFS control signal 38 and the
speech nulled signal 36 as reference, to update coefficients
of the FIR filters 41,42. The coefficients of the FIR
filters 41,42 are updated using the following equation:

my d>X a1 >end>
1X oo

Wa+D=Wa>+

(1)

wherein

W(n) is the weight of the FIR filters 41,42,

Mses (n) 1s the step size value of the FIR filter 41,42,
X(n) is the input signal 26, and

e(n) is the output of the second adder 44 or the speech

nulled signal 36.
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signals 48,49. The first adder 43 adds the first
filtered signal 48 to the 5 second input signal 27 to

w@re@doer4t he speech enhanced signal 35, whi chP€ESGH®3/000215

sounds received with the desired signal enhanced. The

second filtered signal 49 is subtracted from the

second i nput signal 27 by the second adder 44 to form

the speech nulled signal 36. 10 In the preferred

enbodi ment of the inventiof® the coefficients of the

first and second FIR filters 41,42 are updated bjl@0242
Theeastighbans Sgedifédienis)oal gor iRIRmiblléeks43], 4ThehamB:
ad?%gg%é Pg%g%&%gPéaf#ﬁt %2 tedc&%ﬂﬁ%%%kvgftgﬁeggég%ﬁé§

control 'sirgna

sithel speecheatulihedhsi gnpht 36 @m rse@rnence, to update
coefficients of the FIRfilters 41,42. The
coefficients of the FIR filters 41,42 are updated

ThSESYE £:18 rRlsl QWi-NEnearat | M 3G Wil n2+hayWout g#EBf s<n
>X'<n >e-m> | X 01 >)2 (1) wherein_ 25 Wn) is the
caheiiitedf ande sPER Preterkcuyliater cesfdigyens inEoxpaipion

i he. i bt : ' 'gﬁﬂy
magi%§é¥§%%§1g%dge?ﬁggfggéiéﬁ%ﬁﬁ%héég ?&2§sg§%%g§akder
46447 oin tdre dpeechtivel érbodingrdl. 36he30nWOrRgdUd 0452k d

. qu/s 0Q3/.000215 0. éﬁO %4 The iggts or

10ChRe f %ﬁ%%ﬂ%?gofefﬁ%gﬁ$ f? 1%315531F§§nc Zngeaded and
used as the weights or coefficients for the first and second
FIR filters 41,42, respectively, according to the user’s
preference. In such a case, the LMS block 45 is no longer

needed.

Fig.5 shows an implementation of the adaptive noise
cancellation filtering circuit 32 according to the
invention. The adaptive noise cancellation filtering
circuit 32 comprises a delay circuit 51, an adder 52 and an
adaptive filter 53. The speech enhanced signal 35 is
delayed a predetermined number of samples by a delay circuit
51 to generated a delayed signal 54. The adaptive filter 53
is adapted to receive and estimate the component of noise
based on the speech nulled signal 36 and to generate a
filtered signal 55 representing the noise components. The
filtered signal 55 is subtracted from the delayed signal 54
by the adder 52 to generate an error signal 37 which is also

the output filtered signal 37.

The adaptive filter 53 is also adapted to receive the error

signal 37 as feedback information, and the ANCF control
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adaptively according to the characteristic of the
desired signal contained in the input signals 26, 27.
wG20hm42eef ficients for the FIRTfilters 41, 42 pely/S6m03/000215
pre- cal cul ated, and such pre-cal cul ated coefficient
information may be stored in a first and second Read
Only Menory (ROM 46,47 in an alternative enbodi nent.
The information stored in the first and second ROM
46, 47 can then be | oaded &id 10 used as the weights or
coefficients for the first and second FIR filterfd00242
signe1439 fespeectivellinadder ditey sdzehealiserfar proper
r.ef c I p. suc . the LM5S block 45 is no
up %ﬁ%@gi%Qnggaeg%fﬁ%pﬁﬁﬁﬁgﬁslgﬁgsan i npl enent ati on of
t he adaptive noise cancellation filtering circuit 32

., according. to the invention. The adaptive noise
FidnGBPPLEDR 1T LRISTg Lo B8 £hao CRipH S a0 i edel ay

carfdd1Quitt oR1£ i 8he AOGLIciR21ARd 38Ny s 24@Ps | Ve d-1itan 53.
The speech enhanced signal 35 is 20 del ayed a
condfrigyeEl AT neECHiEr tof thanprefepyed eidtalimsintcgift thgl
i ener abpd a-slel ayad. o  JheGantdace o Lher
lnqg%tgis adapte%rto recgiégggg ugg%%%gfé t es%%hﬁgnéhg
adagftinei §&ltbnsed dha keldsgeéeh aunl iddisigredl adGpandet o

. .generat i g si.gnal, 55.repr.esent | t he noi se
rirel SRed & ah ddShndadhe 2 Shal BE mdeh riserdgs
thef rspretheedidayatl siqrdl 354 anbythdef addaereb2ilghal 55 to

ener a an error_signal, 37 which is also the output
GeriATRLE, GR oP OIS F7L CIE g aBEr beT (4 tarc 9T S 14r8b 3 -
TheaG@ptiedohal r&e@iv et he anapted 3o sidmdalve3 £nas sheedhack
information, and the ANCF control WD .2004/045244

nulpef) 8esped/ Yo b 2 poPi6hoRL filtered signal 59, and

to generate an additional error signal 58. The additional
filtered signal 59 is generated by the additional adaptive
filter 56. The additional adaptive filter 56 is also
adapted to receive the error signal 37 as input and the
additional error signal 58 as feedback information.
Similarly, the adaptive filter 53 is adapted to receive the
additional error signal 58 as input and the error signal 37
as feedback information. The step size value for updating
the coefficients of both the adaptive filters 53,56 are
provided by the ANCF control signal 39.

Fig. 7 shows the detailed block diagram of the PP filtering
circuit 33. The PP filtering circuit 33 comprises a FIR
filter 71 and a coefficient calculation block 72. The FIR
filter 71 is adapted to receive the output filtered signal
37 to further reduce any noise present in the output
filtered signal 37, and to generate the digital result
signal 29. The coefficients for the FIR filter 71 are
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signal 39 for controlling the step size value for
proper updating of its filter coefficients. Fig.6

W@ bams42e | npl enment ati on of the adaptive noi SBCT/SG2003/000215

cancel lation filtering circuit 32 using a cross-talk
configuration according to the preferred enbodi nent of
the 1invention. The cross-tal k configuration conprises
of the adaptive filter 53, the adder 52, an ,
additional adaptive filtet256 and an additional adder
57. The adder receives 10 the speech enhanced si gihdl0242
upaétédubyInaefbbééfedlshgrmdldﬁiaﬁ;ongemec&téZthéﬁuntput

fil d
cobbtt I a e aner Chon 21 SHh o2 3 P BorRRER 55 L Frc ey e

spO&idih echrsingal s@@namdwn a«;@llgpeyml nhuuteargﬂg@agrwd D9,
and to ggnerate an additional error signal 58. The

thedetWn i LEsTeH pagRatl 3 hrid 55 Srengefier BPERIFIRE tHED
£n@dsh técg&q]olagi@&kéyetloféé tefe S8cpThe zaddhihoNalng to

adaptive filter 56 is al so adapted to receive the
geaermteSigm@ﬁf3¢last|ﬁ£mmakuﬂﬁtHﬂPreaéthD@n@meerror

cogg nalend 2% ftssggilﬁkﬂgg TR Oy SLOLLRLLY, the

It er to receive the 20
1mpﬂ@méntntﬂonebfothsignafffﬁheni|qwduu1andomh@l@nk(ﬂ2 can
nal 37 . as %eedgack i nformati on. The step size
VR G pdaf it Bg°  t he coefficients of both the

adaptlve filters 53,56 are provided by the ANCF

control 39. 25 Fi 7 shows th etail ed block
Thai%@?%qﬁ giaﬁéeépsfgﬁ%r?g%g SRESCEUREL g%g SHEngdp 36

oubblt eflln:gax(é'dr cYhha333¢ oM i1seSsFofehBa bil é&6n Hepidita
coefficient cal culation block 72. The FIR filter 71

Fapt Belaptesd Trenséesny éFFhe Wiittp &L/ 2r Bér &ut Qi ity 37
regg?cgﬁe%rééﬂ%e&g@pe%awaml SEg¥LeRbdl Byt BE (PHt P (30 and

ed si and to generate the digital result
e (3) gnagsZEtiTied yeoeThe cseanasl S grl tkieng| R2{i) tare Zecpiged

by two separate spectral power estimation units 84,85 for
generating corresponding power signals Pp;(k) and Ppz (k)

using the following equations:

P (k)=aP,, (k—1)+ (- a)mi(k)x m1* (k) : (2)
P, (k)= aP,, (k—1)+ (1-a)m2(k )x m2* (k) : (3)
wherein a is the forgetting factor for the power
computation, and the operator #* denotes the complex
conjugate.

The signals ml (k) and e(k) are also used to estimate the

cross—correlation function Pmel(k) in the correlation

estimation unit 86 using the following equations:
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by the coefficient calculation block 72. The

w@omhfouiient cal cul ation block 72 is adapted tPCT/RGHI0$/000215

the speech enhanced signal 35, the speech nulled
signal 36 and the output filtered signal 37 as
references, together with 5 the PP control signal 40

as the step size value, and to generate a coefficient
signal 73 representing the3 coefficients of the FIR
filter 71. The detailed inplenentation of the P100242
coefficient calculation bl ock 72 can be sunmarized in

Fig. 8. enhanced signal 35, speech
Rmﬁ%?fé@mé HBR d@yput filtered signal 37 ard4)
transforned by each separate Fast Fourier Transform
(FFT) unit 81,82,83 into their respective frequency
Thél ¥R fager epEeseat sh burmd(ioh, A[Z’Ql(eﬂl)() ahd fdbcre{k)obtained
respectively. The signals m ( g é % are received
1“kﬁPtﬂM§?§@6£rﬁPéts%% $419 &@ﬁe?o $PVHBY | QRS 84, 85
for generatlng correspondi ng power signals P, 1(k) and
PnQ(k) [ g the foll owi ng equations: 20
AP 5 EE k 1) +(1-a). (k) xm*(k) (2) s
m(d 20K 5@Pi i i 2(k- 1) +( 1- a) m2( k) xm2* (k) (3) wher ei i°&
is the forgetting factor for the power 25 conputati on,
and the operator * denotes the conplex conjugate. The
whéf&r}@'f%rnkm xapg e{&)rmf ¢13k30 Hﬁ&stj?s esld MR thhe s
cross-correlation function Pmeé(k) in the correlation
th8FRS bilwaki- onThidi 31 @6 usihg (ke 1 obhomni meeddiratdepggated

a weight signal Ag.(j) in a weighted estimation unit 88:

a

Ame(j)=m (6)

wherein a, b and ¢ are predefined positive constants. A
post processing response calculator (PPRC) 89 is used to
determine the coefficients for the FIR filter 71 using the

following equation:

which is subsequently transformed back to the time domain by
an Inversed FFT unit 90 to obtain the coefficient signal 73

for the FIR filter 71.

Fig.9 shows the block diagram of the ANCM controller 34
according to the preferred embodiment of the invention. The

ANCM controller 34 comprises three power estimator units
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Pm e(k) =aPm e(k-1)+(1-a).rnl (k)xe (k) (4) The average
wa@ormmkaed on function AP,. (k) is further obtai PED¥SG62008/000215

an averager unit 87 using the foll ow ng equation:

APme(J)_ 1'nme(k) (5) wherein for all k in the FFT

block, and L is the length of 10 the FFT bl ock. The

signal APm e(k) is then used to generated a weight

signal Ane(j) in a weighted4estimation unit 88: a Ane

(1) (Mrie (1)+b)" (6) 15 wherein a, b and c are p100242
9ilpr9é’dé’f3irn@dei;ébsm:dav@e'ir:,&mmmrmlns'Lt A7post spgecesEitgtor unit

espo Iculator det er m_ne
o e SR RprEPE RS e trd e VR e Ler
urfial 10w, ng eggatdNo 2R F k)Y PoP. hedk) £7)riicde (k)
) which is subsequently transforned

+Ame Q) X nP vg&g

CPEERIHETt HBLE | domain by an Inversed FFT unit 90 to
obtain the coefficient signal 73 for the FIRfilter
71. 25 Fig.9 shows the bl ock diagram of the ANCM

Theofthrer| BPWSH eslcigmridimygnisst Ae, P2 edramed aenipacidnent

= Leah et gt e o NG EBTLEOL) o1 34 SR L5
35pPC%/ SGR00BhO0Q2AB1t 24 fP1BB23Awer estimator are three
power signals 94,95,96. The power signals 94,95,96 are
received as inputs by both the silence detector unit 97 and
the signal detector unit 98. The silence detector unit 97
is adapted to generate a first output signal 99, and the
signal detector unit 98 is adapted to generate a second
output signal 100. The ANCF controller unit 101 is adapted
to receive both the first and second output signal 99,100
and to generate the ANCF control signal 39. Similarly, the
SFS controller unit 102 and the PP filter controller unit
103 are adapted to receive the first and second output

signal 99,100 and to generate the SFS control signal 38 and
the PP control signal 40, respectively.

The ANCF control signal 39, the SFS control signal 38 and
the PP control signal 40 are used to update the step size
value, and hence the coefficients of the filters used in the
SFS 31, the adaptive noise canceling filtering circuit 32

and PP filtering circuit 33, respectively.

The detail implementation of each of the unit of the ANCM

controller is illustrative from Fig.10 to Fig.15.
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91,92,93, a silence detector unit 97, a signa
detector unit 98, an adaptive noise canceling filter
wQ@ 20d@B)s2eontrol ler unit 101, a SFS control | erPCms62008800215
and a PP filter controller unit 103. 5 The three
power estimator units 91,92,93 are adapted to receive
and to estimate the power of the three signals
35, 36,37. The outputs of the power estimator are three
power signals 94,95, 96. THe power signals 94,95,696 are
10 received as inputs by both the silence detectd100242
Figni@ Downe filow shghalobetrsctodr tigi PoBBr THelmdidhce

det ect it I s. adapt ener at first., ...
onfE) S L §F oA PRRAS SO TBEL SR, T gy
poRsiapi et HeO sggnanat 853 6xDnte dutipiblszgaato 1o :The

ANCF controller unit 101 is adapted 15 to receive both
the first and second out put signal 99,100 and to

ney. at hey ANCF control signal 39. Simlarly, theg
PN%E§ZQ§H§P@||%r unit 102 and the PP filter controllgr)

unit 103 are adapted to receive the first and second
out put signal 99,100 and to generate the_SFS contrao
wheFefmlp:38) anBz 00 e PP(Rorftiolths gRYPT48f the signals

35/ $EPELL | el et The 1 ANGE SR i9iggR8! +BE. pder $Hi%nals
control signal 38 and the PP control signal 40 are

94840 update the step size value, and hence the
coefficients of the filters used in the 25 SFS 31, the
adaptive noise canceling filtering circuit 32 and PP

sihildelry,nghe riodicta33povwes packEiteelfpratheinet tadtors of

i npl t at.i f th it .
enb BASTERLAUGNOD 83k o LIS WL ob g M e
noM¥E2 26 OAH 10452 44 cBCEE SE&2903/ 000215

a1(n),az(n),a3(n) = 0.5 (9)

wherein a;(n), a(n) and az;(n) are the power update
forgetting factors of power estimators 91,92,93,
respectively. The minimum value of the power update

forgetting factors is apin and the maximum value 1is apax.

After the initialization step 201, the signals 35,36,37 are
collected at step 202. The power of each of the input
signals 35,36,37 are then updated in step 203 using the

following formula:

p(n) = (L—a(m)* p(n 1) + a(n) *|x(n) (10)
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power estimator units 91,92,93. At an initialization

wWeL@p/02214 the initial power of the signals 3BCBSGBN3/000215

are initialized to zero: 5 Pi (n), P2 (n), P3 (n) =0
(8) wherein pi(n), p2(n) and p3(n) are the power of
the signals 35, 36,37, respectively, corresponding to
the power signals 94,95,96. 10 Simlarly, the initia
power update forgetting féﬁiors of the power
estimators 91,92,93 are also initialized to someP100242
whémzer;dmallueanyucﬁ (58:2 (Bl@‘naIS ab¢ AP, A2( Yy (A3 (9) tﬂaeo 5

wherein_ai_(n and a3 re th
&Sy gt £ c)”Ef acrf or élg)élft 5%’1 @t “of’ §?HP
p3@QV93n83p(nﬁﬁﬁpﬁﬁﬁﬂwebyethesnp@wamnwvaIue of the

power update 20 forgetting factors is amn and the
maxi mum val ue is amax. After the initialization step

1n 20%p the sicgnal 5138, 36,13k e reael hest£d pl) SteRcAParea

The pomer of each of the input signals 35, 36 37 are
witthen vaddst o thespra@vnzozﬁ Psieg PHe-2b Pefermitmgating to

o S 06 PoRehts BEP k2 R st S D

sigvEr eisn kn)onsrany TﬁetdumpﬁmgﬁahSOBStB@ QI ramitnpowsr
Pt Gt v sRa Boudh A1l i BeraBthaS! AP LM

nd p previ ous
following formulae:
=|p(m) - p(n-1)| (11)
D, <T, (12)

wherein T; is a parameter which is used to determine whether
the estimated signal power is stable. When D, is smaller
than T;, it means that the power P(n) of the input signal is
substantially stationary. In this case, the power P(n) is

generated as the output power of the signal in step 205.

When D, is greater than T;, it means that the power of the
input signal has large changes between the current power
P(n) and previous power P(n-1), and the power estimator unit
then compares the power values in step 206, using the

following:

p(m)> p(n-1) (13)
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5 1n step 204, the value of the current power P(n) is
conpared wth a value of the previous power P(n-1)

whedoanes2updati ng to determine if the power P(PQT/66G2008/000215

corresponding input signal is stationary. The
conmpari son of the current power P(n) and previous
power P(n-1) is perfornmed using the 10 foll ow ng
formulae: Dp ='p(n)-p(n-1)" (11) DP <Tj (12) 15
wherein Tl is a paranmeter 2¢hich is used to determ ne
whet her the estimated signal power is stable. W2
1f ips(r9ndlsl greathantiiEy p(tn-riéané;hEhaDwehee@ioi/mtq?( nJ)nin
he input signal is . su ntlaII statlon
upc&‘:}f@, t?‘ﬁep%aéruﬁ%)lqgs Oéné—zr(gyeld as Gf%gié(;?ut Jth]t%e
folp¥BhOfck-haistgnal in step 205. Wien Dp is greater
than T1, it neans that the power of the input signal
has | arge changes between the current power P(n) and
revio S, power P(n-1), and the power estimator unit
a(nFﬁ%}{u’ n'p]g]res the power values in step 206, using tl%éi}
following: p(n)>p(n-1) (13) WO 2004/ 045244
PCT/ 862003/ 000215 27 P100242 % reater than
wheHEFRL 2, (7Y hé S pbe r Wt P6H ein PPdEEH% t%%‘

az (9590'&51[, N9 fRCtaly 8ENiné o&iaP 2% misihguhhe 9ioéioy@ g
fornmu 5 a(n)=a(n-1)+D1 (14) wherein a(n) |sthe

a (s dist thewBFeUbRIE IRfySFasPeRtARONTackr ( rANd 48 {f)a of
stéE“éfﬁ: 5E?aﬂ8%@£ fgg'dﬂﬁﬁ% nﬁnkhegﬂowgg’uﬁé%tlng factor

a{n).

The updated power updating factor a(n) is further compared

in step 208 to determine if it exceeds a maximum value:
a(ny<a_, _ (15)

wherein ap.x is the maximum allowable value of a(n). If a(n)
is smaller than amsx, the power p(n) is generated as the

output power in step 205. If a(n) is greater than ap.x, then
a(n) is assigned the value o0f amx in step 209 and the power

p(n) is generated as the output power in step 205.

If p(n) is determined to be smaller than p(n-1) during
comparison in step 206, the power estimator unit updates the
power updating factor a(n) in step 210 using the following

formula:

a(n)=a(n-1)-D, (16)
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a(n-1) is the previous power updating factor, and D1

is a 10 step size paraneter for updating the power
wapaaniszgs factor a(n). The updat ed power updaPCT§G2003/000215

factor a(n) is further conpared in step 208 to

determne if it exceeds a maxi num val ue: 15 a(n)<a..

(15) wherein amax is the maxi num al | owabl e val ue of a

(n) . If a(n) is smaller than anmax, the power p(n)

is generated as the 20 outp¥t power in step 205. If

a(n) is greater than amax, then a(n) i's assignedPib@z42
andalleeeofliraamxin tepepl209f andnt hies powarcerpap):i S

generated as the output power in step 205. If p(n) is

determ ned to be smaller than p(n-1) during 25
a(,g,)c;mpari son in step 206, the power estimator unit (17)

upddt’es the power updating factor a(n) in step 210

using the followwng formula: a(n) = a(n - 1) - D2

é162 el?o WD 2004/ 045244 PCT/ S&003/ OOO§15 28 P100242
"Raha ettt ABSTIRT ste PLES PAEAPRTET s*Of sRETAG he
poRéR) updaidy (Fhekod WHES Lidnd2: ) s ianat hehistePasidfable

araneter for L#odati ng the power updati ng factor
vadR)of ghtami i & (B) i Hi MR R GRRBI éninvaFhie BPWeal M (7)

isl | s great £l 5n & p r pggn | S
1592%12?%‘%%:! assgttﬁ% ggg%ﬁt r%%’v\?el; :Linn S}s‘l't%gpggl(g)S. IIJ$ %(% s‘Jl'ss

smg kit T erharhamanthent pén) alg Msdigngssithredaihe ofl aen, din

Stgg]eglizg‘:g‘gé) t%teeBo%ghz_ B?lq) t{? g%%‘éﬁ:rat%(jn)ini §t8$n§(5§t ed in

The power p(n) generated from step 205 is used as the output
power for the silence detector unit 97 and the signal

detector unit 98. The silence detector unit 97 receives the
power signals pi(n), pz(n) and ps(n) 94,95,96 as inputs from
the respective power estimator units 91,92,93 in step 300 of

the flow chart shown in Fig.11.

In step 301, the power signal ps3(n) 96 from the power
estimator unit 93 corresponding to the input signal 37 is

compared with the noise power p,(n):

ps(n)>k,.p,(n) (18)

wherein k; is a threshold value used to detect “silence”.
If p3(n) is greater than k;.pp{n), the “silence” is set to
“0” in step 303, indicating that “silence” is not detected,
and interference signal and/or desired signal is present.
If p3(n) is smaller than k;.p,(n), the silence detector unit
checks if both p;(n) and pz(n) are greater than k;.p,(n) in
step 302:
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The power p(n) generated fromstep 205 is used as the
out put power for the silence detector unit 97 and the

wa@k@naals24adet ector unit 98. The sil ence det ect oPCTIRG2009600215

receives the 15 power signals pl (n), p2 (n) and p3
(n) 94, 95, 96 as inputs from the respective power
estimator units 91,92,93 in step 300 of the fl ow
chart shown in Fig.11l. In step 301, the power signha
p3(n) 96 fromthe power 232 estimator unit 93
corresponding to the input signal 37 is conpare®MaA42
‘'t he noise power pn(n): p3 (n) > k1 p" (n) (18) 25
erei 1is a threshold value used to detect
pﬂ%ﬂ?ﬁeﬁ&@ . If p3(n) is greater than k1.pn(n), the (*®
"silence" is set to "0" in step 303, indicating that
"silence" is not detected, and interference signa
pﬁ@ﬂd&9pgdysired signal is present. If p3(n) is smal{2en
than k1. pn(n), the silence detector unit 30 checks if
both pi(n) and p2(n) are greater than ki1.pn(n) in

t 02; [ 045244 /90021 29, P100242
2 M B AR AR e o e pal s it ny (900 HF ot h
“sylLer(a®’ dsdspR(hy ‘&0’E igr edtegr 30Banekbe ph€ Yhediwenif both
"silence" is set to."0" in step 303, else it ecks if
P2 53 ROt (" 278 ) S Eouhel B (hat B3 SBnC R i n
step 304: 10 pl(n)<k2.pn(n) (21) P2 (n) < k2 Pn (n)
(22) wherein k2 is another threshold value used to
p(dest bep, (7) (21)

P,(n) <k,.p,(n) (22)

wherein k; is another threshold value used to detect
“silence”. If both p;(n) and py(n) are smaller than
kz.pa(n), then the noise power p,(n) is updated in step 305

using the following formula:

(L-a)p, (;1) + pa(m)) » (23)

po(n)=dp,(n-1)+

wherein d is a fixed parameter which can be selected as
0.9999 for smoothing the background power value. The
“silence” is set to “1”, indicating that there are no signal
present. If in step 304, either one or both of p;(n) and
p2(n) are greater than kz.p,(n), the “silence” is set to “1”
directly in step 306 without updating the value of the noise

power pg(n).
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15 "silence". If both pi(n) and p2(n) are snaller than
k2. pn(n), then the noise power pn(n) is updated in

W@ L@p/o&2% using the followi ng fornmula: p(n) =PAR8GLN03/000215

-1) + (1- d)(P1 (n) + P2 (n)) 2 (23) 20 wherein d is
a fixed paranmeter which can be selected as 0.9999 for
snoot hi ng the background power value. The "silence"
is set to "1", indicating that there are no signa
present. |f in step 304, ef®her one or both of pi(n)
and 25 p2(n) are greater than k2.pn(n), the "sil ent@?242
Figslzethaws 'al'flogi chertyof ntlse ep3 BEE wWethotivrupdat i 9§ for

=15y 4G 60150%55 Biltohn By 1 CHom oF (ot

94¢chay 6 ofs ti@usisgiabmdehectedpdiitve9Bolver eat$@ator units
recejving the r signals pl(n), P2 (n) and p3(n)

91972 ?9%1§§8Png§$§ fromthe respective power estimator
units 91,92,93 in step 400. 5 In step 401, the power
signal(g?(n is compared with pi(n): P3 (n)' k3 P1(n)

In(pagr 44, CePRWRB $59%2¥ iR/t hf eSPR R 8AAIYHEDf @n (n) :
detecting the desired signal. If p3(n) is smaller than
k3.pl(n), then the signal detector unit determnes in

p.ehep,402)if: p, (n) 7 k.Pz (n) (25) 15 wherein k5 (23)
a second threshold value for detecting desired

wherein k3 is a first threshold value for detecting the

desired signal. If p3¢) is smaller than ks;.p:;(n), then the

signal detector unit determines in step 402 if: .

Dpi(n) > ks.p,(n) (25)

wherein ks is a second threshold value for detecting desired
signal. If p;(n) is greater than ks.p2(n), the “signal” is
set to “1” in step 403, indicating that desired signal is
present. If p;(n) is smaller than ks.p,(n), the “signal” is
set to “0” in step 404, indicating that desired signal is

not present.

If in step 401, p3my 1is greater than kj3;.p;(n), then the

signal detector unit determines further in step 405 if:

|py(n) - py ()| < k., () (26)

wherein k; is a third threshold value for detecting the
desired signal. If]pdn)—pﬁﬁﬂ is smaller than ky.p;(n), the

ANCM controller 34 returns to the initialization state in
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signal. If pl(n) is greater than k5.p2(n), the
"signal" is set to "1" in step 403, indicating that

walea@iunetssi gnal is present. If pl(n) is snmal | PCT/S6203/000215

k5. p2(n), the "signal"™ is 20 set to "0" in step 404,

indicating that desired signal is not present. If in

step 401, p3(n) is greater than k3.pl(n), then the

signal detector unit determnes further in step 405

if: 25 Pi (n) - Pa (n)) <3k4 Pi (n) (26) wherein k4

is athird threshold value for detecting the desbPi@eR42
stspgh@l, drfd )l mysp2hnyatidlslenmdeerintihdnlkdeplté n)he

. the 30 ANCM controller 34 returns .to t
in (e T o4 DT on CSTAFELFR W A0 045K 31 procesds to
stBETA&2003/ 000215 31 P100242 step 201, and al

systemvariables are initialized to the initia
val ues. Ot herwi se the controller 34 proceeds to step

Théogutﬁhﬂwg%'Q%kpgﬁl@Bth§n§'é %QQe%%QEaLng€§e§$O§8

units 97,98 are the values of "silence” and "signal
aree’slp@cvalmﬂ%/ of Radwenget hand aliamadf’," ssbeeuc’eivalw

Know1%QQjmz%QﬁR$%s ofNEg 9eng§t%ﬁﬂin%1 Ea&hee ég es one t

con ned b e Sounds received npr sés of des
deSegmBme mﬁnuh@feugneé ebqﬂ&ﬂneﬁ'bwomﬁe somﬂderrene;ved

i nati.on, of, tgenm The outputs fromboth {he silence
coRr TR i Ot R OCEe BOP Mt £ ot
orl gcebmecthdni drhe fANEEmcontrol ler 39, the SFS

controller 38 and the PP filter controller 40. 15 The
flow chart of the SFS controller 38 is shown in

ThEl Gudfits from both the silence detector unit 97 and the
signal detector unit 98 are received by the ANCF controller

39, the SFS controller 38 and the PP filter controller 40.

The flow chart of the SFS controller 38 is shown in Fig.13.
In step 500, the outputs from the silence and signal
detector units 97,98 are received by the SFS controller 38.
In step 501, the value of “silence” is determined if it is
set at “1”. If “silence” is not set at “1”, i.e. set at

“0”, then Tg. is initialized to Q in step 502:

T

sfesc =0 (27)
wherein Tges-sc 1S a counter for determining “silence” in the

SFS controller 38.

In step 503, the value of “speech” is determined if it is
set at “1”. If “speech” is not set at “1”, then Tges-sp iS to

0 in step 504:
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In step 500, the outputs fromthe silence and signa
detector units 97,98 are received by the SFS

wa@oeowoei2zher 38. I n step 501, the val ue of "siPense’008/800215
determined if it is 20 set at "1". If "silence" is not
set at "1", i.e. set at "O0", then Ts, is initialized

to O in step 502: (27) T,f=0 25 wherein Tsfs_sa is a
counter for determning "silence" in the SFS
controller 38. In step 50332t he val ue of "speech" is
deternined if it is set at "1". |If "speech” is net00242
set=@t "1", then Tsfs-spis to 30 0 in step 504: Vng)

2604/045244 PCT/ SG2003/ 000215 32 P100242 TSfs_Sp =
(28) mhereln Tsts_Sp is a counter for deternlnlng
y Eeec inth SFS con%rolle{ 38, .The step siz

WhELF dftet €FF or° t%ecof:‘r“l‘i 5 fPFt 87 SriHR SFSPgEREI aﬂ@dt%@

sesheoftSo Tt r3d | errhd8 sicspt beze upsiatrd d rolrepr30h1R
using the followng fornula: nsfs(n)=(1-qg).nfs(n-1)+q

Fid56Y 20 Wherdish GPECIERRd| BY t Hee s$&p gt oddeansBets e

updﬁkéﬁnﬁﬁ sted @ﬁkﬁ%&%ﬂgtghgeféfioﬁﬁng'%Oxhﬂlétep 501,
then Tsfs_sc is incrénent Instep 506: 15

Tsfs-SC = TES-SC +1 (30) and the i ncrenent ed val ue of
Téfs s * g ared to see if it exceeds the maxi num
)Gd us xZin step 507: 20 Tsfs-sc > (29)
Tsfs-sc_max (31) |If Tsfs-sc is greater than Tsfs-sc
max, Tsfs-sc is set to Tsfs-sc nmaxi
wherein msrs(n) is the step size parameter.

If “silence” is detected to be set at “1” in step 501, then
Tsfs-sc 1S increment by 1 in step 506:

Tss~sc =Tsf:~sc +1 (30)

and the incremented value of Tggs-gc 18 compared to see if it

exceeds the maximum value Tgfs-sc max i Step 507:

Tsﬁs-sc > Tsfs—-sc_max ° ( 3 1 )

If Tsfs—sc iS greater than Tsfs-sc__maxr Tsfs—sc iS set to Tsfs-sc_maxr
and the output of the SFS controller 38, mgs(n), is set to
“0” in step 508. Else, the SFS controller 38 continues to

determine the value of “speech” in step 503.

When the “speech” is set “17, Tsgs-sp 1S increment by 1 in

step 509:

T

sfs~sp

=T

sfs-sp

+1 (32)
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and the output of the SFS controller 38, msfs(n), is
set to "O0" in step 508. Else, the SFS controller 38

wa@ooiomizes to 25 determ ne the val ue of "speeptl/S62003/000215

step 503. Wen the "speech” is set "1", Tsfs spis
increment by 1 in step 509: 30 TES-,n = Tsls_Sp +1
(32) WD 2004/ 045244 PCT/ S&G2003/ 000215 33 P100242 and
the incremented value of Tsfs-sp is conpared to see if
it exceeds the maxi num vaB8e Tsfs-sp max in step 510:
5 TIP > TIP-max . (33) |If Tsfs_sp is greater than100242
Tsfs-sp maxi Tsfs-sp is set to Tsfs-sp maxi and the
5 8u£gutl§f t he SE§ cgntroll g 38,, mefs(n), is set to
DRl NP GRS Frdue Phelseep s RY. tPerde st 18
exdBehanges . mabligni wameatr;fsg%ﬁng,mm%l% pcongroller 39 is
shown in Fig.14. 1In step 6 the output fromthe
silence and signal detector 15 units 97,98 are
eived by the ANCF controller 39. In step 601, thﬁ
*vaﬁﬁéﬂdf "silence" is determned if it is set at 33)
If "silence" is not set at "1", i.e. set at "0", then
TsO is initialized to 0 in step 602: 20 TSB =0 (34)
Ifwhes-eb niSTYreaiteratbonnt es-sf afx, dBterpi D nget' sid dRees; o,
h onttr ol |.e 9% n st 603 e val ue of
an&sﬁ%%cﬁi d% %gfgbn1%g§ |?&¥%O gg( Tprsily P }§ set to
“O"Sp@ewﬂépliilnotESGE athé]butgdmenmlgnnvs t@m@1n$n step

unggghgé%lD =0 (35)

The flow chart of the ANCF controller 39 is shown in Fig.14.

In step 600, the output from the silence and signal detector
units 97,98 are received by the ANCF controller 39. 1In step
601, the value of “silence” is detefmined if it is set at
“17”. 1If “silence” is not set at “1”, i.e. set at “0”, then

Tse is initialized to Q0 in step 602:
T =0 ' (34)

wherein Ts. is a counter for determining “silence” in the

ANCF controller 39.

In step 603, the value of “speech” is determined if it is
set at “1”. If “speech” is not set at “1”, then Tsp 1s to O

in step 604:
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30 WD 2004/ 045244 PCT/ SG2003/ 000215 34 P100242
wherein TSp is a counter for determ ning "speech" in

WO b@4AMCIH control l er 39. The step size paranmet PCT/8G2003/000215

the adaptive filter of the adaptive noise

cancellation filtering circuit 32 generated by the

ANCF controller 39 is the 5 updated in step 605 using

the following fornula: mMCf(n)=(1-q).n",f(n-1)+q (36)

wherein nr,,f(n) is the st¥p size paranmeter. 10 If

"silence" is detected to be set at "1" in step 60100242
whéteeim TE5CL$ sa icrwméﬁemebydeltdﬂrmiStiew 0660ceTh,” tisthel

7 E nte value of . TSC.i S onpared
v A S B T etmeitelt e Tt A T

ad@@ﬂr&(ﬂlt’ér 3£ T8Be nmeptl(v%s)qmga bﬁna_éllaﬁlcg{ eatldfering
than Tsc max, Ts¢ is set to Tsc and_t he output

cigfuith e 2AREESE8RER oPY P B PNCGH CP(lﬁijH%rs%% 1y i

upd &R 608-s eS80t RSt carhinelliay 88-/QN i nues to
detern1ne the value o "speech" in step 603. 25 Wen

the "speech" is set "1", T,pis increment by 1 in step
T3 =TI P + 39 30
ncf{)? ( q) ncf( })"(q ) (36)

wherein Mper(n) is the step size parameter.

If “silence” is detected to be set at “1” in step 601, then

Tse 15 increment by 1 in step 606:
T,=T,+1 (37)

and the incremented value of Ts. is compared to see if it

exceeds the maximum value Tsc max in step 607:

Tsc>Tse_max’ (38)
If Tsc is greater than Tsc maxs Tse is set to Tsc max, and the
output of the ANCF controller 39, mpr(n), is set to “0” in
step 608. Else, the ANCF controller 39 continues to

determine the value of “speech” in step 603.

When the “speech” is set “1”, Tsp is increment by 1 in step

609:

T, =T, +1 (39)
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WD 2004/ 045244 PCT/ S&003/ 000215 35 P100242 and the

incremented value of Ts, is conpared to see if it
We@x@endR44 he maxi num val ue Tsp max in step 610PCTSE2003/000215

>Tsp_nmax (40) 5 If Tsp is greater than Tsp max, Tsp

is set to Tsp_max, and the .f (n) , is set to "0" in

out put of the ANCF controller 39, nr,,,, step 611.

El se, the output, mcf(n), remains unchanged. 10 The

flow chart of the PP filte¥S controller 40 is shown in

Fig.15. Simlarly, the output fromthe silence ail00242
andi gralinatemected valte ©F W8 bF ecompeiededobyee hef PRt

filter .controller_ 40 in,step.70Q. In ep 701, the
ex%%ﬁ%ﬁaﬁa magﬁpgﬁcgaP?%n%éﬂﬁf&Phggepf6§p'is set at "1"

If "silence" 15 is not set at "1", i.e. set at "0",
then Ts,p is initialized to "0" in step 702: Ts, =0
T, 641) mx 20 Wherein Ts,,p is a counter for determ ning40)

"silence" in the PP filter controller 40. In step
703, the value of "speech” is determned if it is set

rraf " s . ghdatsPegeh” TS Dotrget saket 1o then TaRd tHetO
25°"0" in step 704: Ts p =0 (42) whereimnm Isp, is a
oulgintalr ther AHEF eFAR B Mgl e pec Aithed (R) ¢ hés Pret 3@ 10"t ép

[ 0. o [ nf Ofn iSe VO
=t D041 Gus 543 PCH SCB00S dodBTe o onain UnchdHYRE

The flow chart of the PP filter controller 40 is shown in
Fig.15. Similarly, the output from the silence and signal
detector units 97,98 are received by the PP filter
controller 40 in step 700. In step 701, the value of
“silence” is determined i1f it is set at “1”. If “silence”
is not set at “17, i.e. set at “0”, then Tsep is initialized

to “0” in step 702:
T_=0 (41)

wherein Tsep is a counter for determining “silence” in the PP

filter controller 40.

In step 703, the value of “speech” is determined if it is
set at “1”7. If “speech” is not set at “1”, then Ty p is to

“0” in step 704:

T, =0 (42)

SPi

wherein Tep is a counter for determining “speech” in the PP

filter controller 40. The step size parameter for a noise
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P100242 canceling filter generated by the PP filter
controller 40 is the updated in step 705 using the
wo edokowdzmg forrmul a: b"cl(n)=(1- j).b"c(n-1)+ PdB}G2005000215
wherein bncf(n) is the step size paraneter. I|f
"silence" is detected to be set at "1" in step 701,
then Tscp is increnment by 1 in step 706: 10 T,CP =
Ts,P + 1 (44) and the increnented value of Tscp is
conpared to see if it excéeds the maxi num val ue Tscp
max in step 507: 15 TscP > Tscp_ma . (45) |If TscploG242
cagreatmey fharerToepemakedToypthes Hetfitidetscpnmax]llandio is
the —output of th Pfilter controller 40, b,,f(n),
Ehe sURdGLS l-rbffefoglog BELPY 7% lg'é’,‘”lpﬁeéﬁﬁmfﬂr?'ter
controller 40 continues to determ ne the val ue of
"speech” in step 703. Wen the "speech" is set "1",
bncfiygp(lisj)ibmsﬁnaﬁmi by 1 in step 709: 25 TsPP = TsPR43).
1 (46) and the increnented value of TsPP is conpared
to see if it exceeds the maxi mum value Tspp max in

740 (30 ; 0 5 PG/ 3/ 000215 37
4% (T PRI g TS

If “silence” is detected to be set at “1” in step 701, then

Tscp 15 increment by 1 in step 706:

r,=T,+1 (44)
and the incremented value of Tgep 1s compared to see if it

exceeds the maximum value T“Rﬁm{in step 507:

T >T . ‘ (45)

scp scp_max

If Tsep is greater than Tscp maxr Tscp 1S set to Tscp max, and the
output of the PP filter controller 40, bu.r(n), is set to “0”
in step 708. Else, the PP filter controller 40 continues to

w

determine the value of “speech” in step 703.

When the “speech” is set “17, Tgp is increment by 1 in step

709:

T =T +1 (46)

spp spp

and the incremented value of Ty is compared to see if it

exceeds the maximum value Tspp max in step 710:
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If Tspp is greater than Tspp maxi Tspp is set to Tspp
maxi and the output of the PP filter controller 40,

W 2004043234 is set to "'0" 5 in step 711. El se, PC118G2003/000215

output, b,,f(n), remains unchanged. While the
enbodi nents of the invention have been descri bed,
they are nerely illustrative of the principles of the
i nvention. O her enbodi ments and configurati ons nay be
10 devi sed wi thout departihl fromthe spirit of the
invention and the scope of the appended cl ains. RI®0242
T, 29@4/045244 PCT/ S&003/ 000215 38 P100242 The (47)
*% ol 'ow ng documents are used in this specification
[1] US 4,742,548 5 [2] US 5,226,076 [3] WD 0, 195, 666
[4] B VVdr Adapt i ve noi se can [latin
TE B nci pISE AT SPEF Fat roms e hOPPEE 0 e ang7and the
out®lt UF 201648740 Al cé&&@&%{xo%)%ﬁmp@ﬂ 5@90&41@0&21‘@"
39 P100242 What is clainmed is 1. An adaptive noi se
in cgirRel Ty nmPdPBphbhe 3YS1Hm forr (5) ext PBRE P AgTRCRRRI 9%
signal, in particular a desired speech signal,
conprising: two mcrophones being arranged at a
Whpl@dléfe reedpodiigeans eof filumigasintarhehave Qbeesi dpatribed,

the;?r Q%e%%ﬁ&e%§§§§}aﬁﬁ}é‘%@ct%%t 891581{)?&9 YE Hhe

invention. Other embodiments and configurations may be
devised without departing from the spirit of the invention

and the scope of the appended claims.



first and second input signal resulting from sounds
recei ved by the two m crophones, wherein an acoustica
wak@aals2zaonponent in the first 15 input si gnaPCT/8G2003/000215
det erm ned, wherein an acoustical signal conmponent in
the second input signal is determ ned, wherein the
acoustical signal conponent in the first input signa
i s enhanced to generate a speech enhanced 20 signal,
and wherein the acoustical3&%ignal conponent in the
second input signal is suppressed to generate a P100242
The peedlowinlgl ddcuseghal ar@8isad ddaphivespetsiication:
cancel lation filtering circuit being adapted to
recei ve the speech enhanced signal and the speech
[1nulded,sisgnaks wherein the noise in the speech
enhanced signal is cancelled using the speech nulled
signal as reference, thereby generating an output 30
5 [2£iuh§@ﬁ@2%hgngl representing the desired signal. WO
004/ 045244 PCT/ SG2003/ 000215 40 P100242 2. The
adapti ve noi se canceling m crophone system accordi ng
0 j , rther conprising a post processing
[3£i“@%?+gg%éﬁgguit for reducing noise fromthe output
filtered signal, wherein the post processing filtering

[rcuit is adapted, to .r.eceive the output filtered
13 %-aﬁﬁﬁf wge?@y e SRt o g?fg@%ﬂ‘atl the
sp Slfafrfed” i@%gﬁLéglrgﬁéreﬁEe,r Ad T8 eret ate a
digital res signal representing the output
1§ i aagrGighano AP

10
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wi th noi se reduced. 10 3. The adaptive noi se canceling
m cr ophone system according to clains 1 or 2, further

W@ piRiig an adapti ve noi se cancell ati on ni BCDPGLNNE000215

(ANCM controller for receiving the speech enhanced
signal, the speech nulled signal and 15 the out put
filtered signal, the adaptive noise cancellation

m crophone (ANCM controller being adapted to
generate an adaptive noi sé9cancel lation filter (ANCF
control signal and an SFS control signal for updﬁﬂpﬁé42
coefficients of at |least one filter of the SFS and 20
adapti ve noise cancellation filtering circuit,

WhatedSeLpBEY 151si ng the recei ved speech enhanced

signal, the speech nulled signal and the out put
filtered signal. 4. The adaptive noise canceligg .
ein

. MPOr oPRBHET S PStien SCE6RATIRY MBS IR DTS S wh

the, 2dapHLYS NRI9¢LARGEhLEI | 0N pdFialonheng aeBtradl er
i § aaap ed to generate post processing filter
cepteoh sigmndl, fcompapdaniong the coefficients of the
at least one filter of the post processing filtering
circuit. 30 WD 2004/ 045244 PCT/ S&003/ 000215 41
P1Q@242crSphdifes addply wernojsé xarc glriadgfiinedophehance
system according to claim3, wherein the SFS
compri 8ash LSSt FIRfilter and a second FIR filter
for receiving 5 the first input signal, wherein the

first FIRfilter and the second,FIRcIiIt%{ are .
a@apﬂéda@onEN¥RQﬁ%%§ﬁﬁme(SFS) being adapted to receive a

first and second input signal resulting from sounds
received by the two microphones,

wherein an acoustical signal component in the first
input signal is determined,

wherein an acoustical signal component in the second
input signal is determined,

wherein the acoustical signal component in the first
input signal is enhanced to generate a speech enhanced
signal, and

wherein the acoustical signal component in the second
input signal is suppressed to generate a speech nulled

signalj;

an adaptive noise cancellation filtering circuit being
adapted to receive the speech enhanced signal and the
speech nulled signal, wherein the noise in the speech
enhanced signal is cancelled using the speech nulled
signal as reference, thereby generating an output

filtered signal representing the desired signal.
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acoustical signal conponent in the first input signal,
and to generate a first FIRfiltered signal and a

wgae@anes24FI R filtered signal, respectively, PCT/SG2003/000215

representing the 10 acoustical signal conponent in the
first input signal; a first adder for adding the

first FIRfiltered signal to the second input signal,
t hereby generating the speech enhanced signal; 15 a
second adder for subtracti4fg the second FIR filtered
signal fromthe second input signal, thereby P100242

. gener atlapgive heaisam@nahucnﬂlﬁhgdmsmgcvrdmn@osﬁteﬁh@ccordlng

adapt i ve n0|s ncel i ng_m crophone ysten1accord|ng
LGOOPT L Va1t (UCEES PAr EhEPS B ORPITSEE W Least

Meanse g €tk LkiNS)Foal getithny bhotie mmrr euma tche plivB
al gorithm bl ocked is adapted to receive the first

i Apatersd ghegnalhehsreigofbpoPOsT gt coitd thd 1dpE&¢RT
nyl: 5|%& t at end hegaef fascientes of
tﬁék??%étlé an /3?“?2%35%0%?% filters. 7. %he adapti ve
n@nsea&an@sﬂmqmﬁhﬂ(ﬂpﬂ@ﬁbnénbysﬂ%ﬁn%&ﬁﬂﬂkﬂﬁ%ﬁ the eParah

ereln t F [ C r t R
R R R
(R@s{hlt\l\begmh nerp‘nysmttumg thprets‘qmtln@ thaeced 51gnal
coefficients 2004/ 045244 PCT/ SG2003/ 000215 42
PI36248°18¢ T1H8'99% st FIRfilter and the second FIR
filter are stored in the first ROM and the second
and the stored infornation in the ROV ar

ROM
. RgMeoBRRPEH BT T aTiE LT ST FFRPITY 6 Srfd EREOTILng

secopd EhR fidt e, further comprising an adaptive noise
cancellation microphone (ANCM) controller for receiving
the speech enhanced signai, the speech nulled signal and
the output filtered signal, the adaptive noise
cancellation microphone (ANCM) controller being adapted
to generate an adaptive noise cancellation filter (ANCF)
control signal and an SFS control signal for updating
coefficients of at least one filter of the SFS and
adaptive noise cancellation filtering circuit,
respectively, using the received speech enhanced signal,

the speech nulled signal and the output filtered signal.

The adaptive noise canceling microphone system according
to claim 3, wherein the adaptive noise cancellation
microphone controller is adapted to generate a post
processing filter control signal for updating the
coefficients of the at least one filter of the post

processing filtering circuit.



10

15

20

25

30

wW@o@piiizes noi se cancel | ation

5 respectively. 8. The adaptive noi se canceling
m cr ophone system according to claim3, wherein the

conprises 10 an adaptive filter being adapted to
recei ve speech nulled signal, and to generate a
filtered signal representing noise in the first and
second i nput signal, wherein the ANCF control signa

is used to update the 154¢oefficients of the adaptive
filter, and wherein an error signal fromthe add@i0pg42

. uged asapfeedhatisd rbarehih@miarddioradaptsitea ttbterding

an adder for subtracting the filtered signal fromthe
260spLeth %ﬂﬁﬁﬁﬁ?ﬁnsﬁbﬁaPFsdﬁH“ﬁ@ﬁEthing the error
signal., 9. The adaptive noise cancellation

m crophone system according to claim@8, further
cenpiist Nyl R Hdltay eprdcai secerd dnded Pérwednrt Keceiving
S ch: I L a ' r ek

Sy PR, S e P SR e SR The o
sphaecheenih R Silgeal pranddapt gerier aledeamidel azed

siﬁnal fo %he.%%ﬂgr. 10. T e.adt thyefﬁpLse t sigmal
caheBFHht o’ I & o phBRE"EY St € accor diRy t 37 &M% 'm
8 anfUt & h@dn &Y iaSifig s\WOF PR 01 Db RGHa3G2A03A0882d4r5d
43 P100242 an additional adder. arranged between the
S BARoRL hEt 1o SidiGital TEABCE HEY Stipt'i P CFEPEARSF bRe

subbhaeibdg aynaad d:ioh'F_@Héht fid ek isignahpak thgnal;
addi ti onal adaptive ilter fromthe speech nulled
signal, and generating an

a first adder for adding the first FIR filtered signal
to the second input signal, thereby generating the

speech enhanced signal;

a second adder for subtracting the second FIR filtered
signal from the second input signal, thereby generating

the speech nulled signal;

_The adaptive noise canceling microphone system according
to claim 5, wherein the SFS further comprises a Least
Means Squared (LMS) algorithm block, wherein the IMS
algorithm blocked is adapted to receive the first input
signal, the SFS control signal and the speech nulled
signal, and to update the coefficients of the first

and/or second FIR filters.

The adaptive noise canceling microphone system according
to claim 5, wherein the SFS further comprises a first
Read Only Memory (ROM) and a second Read Only Memory

(ROM), wherein information representing the coefficients

filtering circuiPCT/SG2003/000215
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5 additional error signal to the adaptive filter; and
an additional adaptive filter being adapted to receive

w0 b@4ou2e¢ signal, and to generate the additi oPel/SG2003/000215

10.

- r EPF G TING APIest Chrld

filtered signal representing an estimted conmponent of
10 the desired signal in the error signal, wherein the
ANCF control signal is used to update the

coefficients of the additional adaptive filter, and
wherein the additional erddr signal is used as a
feedback information to the additional adaptive P100242

fiFtede AinsklrrRheiadapt ine thod s ceaic €lIRafidher are
m crophone system according to claim9, furt

cORPFESi iy tWie dddisti BAYI 2R dEre A5G & et GB hERfe
ggggfgﬁrﬁﬂﬂd?%at%%nsﬁgn%heaﬂ@MghﬁxﬁQ@%ﬁi%@ tbbEeiciofts

ubtracting an additional filtered signal of the
afldr t ilomal i zeda iRy 6 1 1t ekt end fgmaasenspEdBnh AL ped
signq£1:qpqégenerating an additional error signal to
th S%d%ﬁ%l filter; and 25 an additional adaptive
filter being adapted to receive the error signal, and
to generate the .additional filtered signal .

R e i S R e

sktgnal aim 3 heRieanh shgnadapWhes aidisdeheaANEE1sohb ol
signal is used to update the 30 coefficients of the
addlte g FdEtitvECPPFEERS and WO 2004/ 045244
PCT/ SG2003/ 000215 44 P100242 wherein the additi onal

error signal is used as a feedback information to the
addian edabtadapfiveeripaigy adpptedhbo sHRERIVR FRESE

C%ﬂi?ééagiéﬁhﬂ? %&QPQ%n§e§¥§£€%na filtered signal
representing noise in the first and second input signal,
wherein the ANCF control signal is used to update the
coefficients of the adaptive filter, and
wherein an error signal from the adder is used as

feedback information to the adaptive filer,

an adder for subtracting the filtered signal from the

speech enhanced signal, and generating the error signal. .

The adaptive noise cancellation microphone system
according to claim 8, further comprising a delay circuit
arranged between the speech enhanced signal and the
adder, wherein the delay circuit is adapted to receive
and delay the speech enhanced signal, and to generate a

delayed signal to the adder.

The adaptive noise cancellation microphone system

according to claim 8, further comprising
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wo oompeRive the output filtered signal and toPQEREIMB/@00215

11.

5 according to claim2, wherein the post processing
filtering circuit conprises a FIRfilter being adapted

the digital result 10 signal, a coefficient

cal cul ation bl ock being adapted to receive the speech
enhanced signal, the speech nulled signal and the
output filtered signal, and to generate a 15
coefficient signal represéiting the coefficients of

the FIRfilter; 13. The adaptive noise cancel | aPi®n242
Nh& T SPNDNE-18Y1S telle raae 0atliag Betwedeai mhi2 speheh ehwl Tdwe
coefficient 20 cal cul ation block is % rth%[ adapted to
r 8éeRTE anpddie 39PBE4¥E| hyl tonth W Sﬁéﬁ 1iBefBin the

POSE: PL QLS StiNG e e@NLE Qha $1 @A Nd Rli%qcHS@dadfptive
generate the coefficient signal representing the
coeltéri trows Wfe speeFhRoplle@rsigrgg  14ndTHEN@EAPIIY E1
noi.se._cancel | ation.m ¢k opho C ' 194
ch§ﬁ$§?n§§é?§%ﬁ.Eﬁghggag$i9§3§%| e v%a%gggkg?ion
controll er conprises a power estimator unit being

adapted, to recei ve each_o 30 t.he speech .enhanced.

S EhandL it At IR £8L6r Dk T BRSO N e ve
fihbesedosi gnplal,anddt @ogeasspdee aNADa20044645244
PCT/ SG2003/ 000215 45 P100242 correspondi n ower
SEGAEETES %ﬁﬁﬁgcé@P§8389tén%i?%ﬁ%%”“@%Fch88pgﬂ??téﬁa

2. §L9Aak 1 A6l 6GIHa 1URLt thehersbt eficmadst ector unit for
detecting whether an 5 acoustical signal is present
i n tWhgng;@e@heeﬁﬂgﬁC@throl signal is used to update the

coefficients of the additional adaptive filter, and
wherein the additional error signal is used as a

feedback information to the additional adaptive filter.

The adaptive noise cancellation microphone system

according to claim 9, further comprising

an additional adder arranged between the speech nulled
signal and the adaptive filter for subtracting an
additional filtered signal of the additional adaptive
filter from the speech nulled signal, and generating an

additional error signal to the adaptive filter; and

an additional adaptive filter being adapted to receive
the error signal, and to generate the additional
filtered signal representing an estimated component of
the desired signal in the error signal,

wherein the ANCF control signal is used to update the

coefficients of the additional adaptive filter, and
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signal input, the speech nulled signal and the output
filtered signal, and being adapted to generate a first

W a0p85234 gnal whi ch i ndi cates whet her the acoPSI/BGHI03/000215

12

13.

14.

signal is present; 10 a signal detector unit for
detecting whether a desired signal is present in the
speech enhanced signal, the speech nulled signal and
the output filtered signal, and being adapted to
generate a second output 9giégnal which 15 indicates
whet her the desired signal is present; an adaptiwa00242
noi sgetaneekhat ha@mi fidriar exantr eibesl uhstusdeiayg a
adapted to receive the fjirst output signal and _the

o CE DR Bt BACGIAgan £6. HB% PR HEGHe. CRBPELTEr FotFer-
20 of the first input signal and the second i nput
signal, and to generate the ANCF control signal which

-1 &pe e@@m*slveamqm@a?éacebéaﬂ%m éﬁﬂtcrpmhéﬁ*@t eV stem

SPPREARA S0ttt Sk, L e cnskecie L

I ve nol se cance fiftering clfrcuit;
amdlﬁéramgSESxmamtpompeisaﬂlt bei ng adapted to receive
the first output signal and the second output signha
to determne the characteristic of the first input
shgpak fangk: heisgcandptaguto sigralve and batgeser ate
the_ SFS 30 control nal which represents an updated

L SEH005L000315°5H6"

cOetEPEFEntiIME L EF 695992 BT gesygt

P19gR42, paraneter for updating the coefficients of
the at least one filter of the SFS.

a coefficient calculation block being adapted to receive
the speech enhanced signal, the speech nulled signal and
the output filtered signal, and to generate a
coefficient signal representing the coefficients of the

FIR filter;

The adaptive noise cancellation microphone system
according to claim 12, wherein the coefficient
calculation block is further adapted to receive a post
processing control signal, wherein the post processing
control signal is also used to generate the coefficient

signal representing the coefficients of the FIR filter.

The adaptive noise cancellation microphone system
according to claim 3, wherein the adaptive noise

cancellation controller comprises

a power estimator unit being adapted to receive each of
the speech enhanced signal, the speech nulled signal and

the output filtered signal, and to generate a
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15. The adaptive noi se cancell ati on m crophone system
5 according to claim4, wherein the adaptive noi se

w@a0va®hi2at i on control |l er conprises a power estPOBBG2003/000215

unit being adapted to receive each of the speech
enhanced signal, the speech nulled signal and 10 the
output filtered signal, and to generate a

correspondi ng power S|gnal to be received by a silence
detector unit and a S|gnal Sdetector unit; the silence
detector unit for detecting whether an 15 acoustlOAR42
sicghak spPenp¥Es arwearn siHaad peeche ergraiced bgi gnalllence

'fggegctsb%m%% %%%gﬂa@ q08, pt%t‘}fﬂ% .out put

tered signal, and I ng ada 0 génerate a first
out put signal which indicates whether the acoustica
si_gnal e 20 a nal  det ctor
GbBor e O R e duli P AOR S ERIrg sPBEbAE PR « e
speeght erdENCiRthagi gBabrebbet sPegEh Jpdel-adeshgnakqand
the output filtered signal, and being adapted to
génerat el Eecdhd 6HERGE sihhed shAeH 259 RAPcarkgut

W@@&B@fe&h@l 1 edashangh ééa;ﬁ’t!&?@%t gedBradaphi ¥erst
noi se cancellation filter control unit bein

adupped $onakehieht hadirates d@hqnhersﬁ@ﬁaacanatlchb
ggggg OHL QUL Sipgnal to determine the characteristic
the f

TSt |nput signal and the second i nput
signal, and to generate the ANCF control signal which

004/04 4 03/ 00215
L%S%giggié%ﬂﬁﬁzate COG??IC ?ﬁc gﬁeFo? %ﬁahf?%g

t B&€gnal is present in the speech enhanced signal, the
speech nulled signal and the output filtered signal, and
being adapted to generate a second output signal which

indicates whether the desired signal is present;

an adaptive noise cancellation filter controller unit
being adapted to receive the first output signal and
the second output signal to determine the characteristic
of the first input signal and the second input signal,
and to generate the ANCF control signal which represents
an updated coefficient parameter for updating the
coefficients of the at least one filter of the adaptive

noise cancellation filtering circuit; and

an SFS controller unit being adapted to receive the
first output signal and the second output signal to
determine the characteristic of the first input signal
and the second input signal, and to generate the SFS

control signal which represents an updated coefficient
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coefficients of the at |east one filter of the
adaptive noise cancellation filtering circuit; and 5

warooEBS2aont rol l er unit bei ng adapted to recei RET/BEH03/000215

first output signal and the second output signal to
determ ne the characteristic of the first input signa
and the second input signal, and to generate the SFS
control signal which represents an updated coefficient
10 paraneter for updating‘%%e coefficients of the at

| east one filter of the SFS. 16. The adaptive ndild®242
c ®AEEMRAET ohowi W IHAYe topstent fagten ttdreclodi Aeast
wherein,the adaptd wa-dnoi se 15 cancel lation controller
further conprises a post processing filter controller
unit, wherein the post processing filter controller

15 o Ao EEEOhd BT pue G RaF D8 RN PRE

Chataetiehy Std cclofint g fwhestihnphé Sdghalve 2Qiaed the
second_i nput signal, and to generate a post processing
c&ﬁPFBFlégbﬂ%JC%ﬂﬁ?ﬂ%%ﬁ§p?8§@ﬁ%§e%n updat ed

coefficient paraneter for updating the coefficients of
at least one filter of the post processing filtering
ciar earer ostimptomherddapeive adigeddircaleicggve each of

”‘E%OEQQQ&S ﬁa%me%c%%ggﬂg tho %&idﬂ brath 5t 080101 ang
conprises a first anpliffirer and secon anpll%ger for
r ébei vihgut andl wemed fsyignglsi gndl 5o reesidraitegaf rom t he
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detector unit and a signal detector unit;

the silence detector unit for detecting whether an
acoustical signal is present in the speech enhanced
signal input, the speech nulled signal and the output
filtered signal, and being adapted to generate a first
output signal which indicates whether the acoustical

signal is present;

a signal detector unit for detecting whether a desired
signal is present in the speech enhanced signal, the
speech nulled signal and the output filtered signal, and
being adapted to generate a second output signal which

indicates whether the desired signal is present;

an adaptive noise cancellation filter controller unit
being adapted to receive the first output signal and
the second output signal to determine the characteristic
of the first input signal and the second input signal,

and to generate the ANCF control signal which represents
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P100242 a first low pass filter and a second | ow pass
filter for receiving and filtering the anplified

weegnal4fromthe first anplifier and the secPeSG2003/000215

16.

17.

anplifer, thereby 5 generating analog anplified and
filtered signals; a first Analog-to-Digital converter
and a second Anal og- to-Digital converter for

recei ving and converting the analog anplified and
filtered signals to digita#l7 10 signals, thereby
generating the first input signal and the second100242
i rputpdhgadl codBLihrmtagapeineeenofse watrdslrcatthen

m.crephone syst according to clajm?2 rt her .
! i e
COMST LSRG & DV g U] -o- 15 ARAF o CoTvert &' Graptive
corveet tageé heatdiqi tAll teesubt cstgnat; tandn anal og
signal, thereby generating an output result signal.
an SFS controller unit being adapted to receive the
first output signal and the second output signal to
determine the characteristic of the first input signal
and the second input signal, and to generate the SFS
control signal which represents an updated coefficient

parameter for updating the coefficients of the at least

one filter of the SFS.

The adaptive noise cancellation microphone system
according to claim 15, wherein the adaptive noise
cancellation controller further comprises a post
processing filter controller unit, wherein the post
processing filter controller unit is adapted to receive
the first output signal and the second output signal to
determine the characteristic of the first input signal
and the second input signal, and to generate a post
processing control signal which represents an updated
coefficient parameter for updating the coefficients of
at least one filter of the post processing filtering

circuit.

The adaptive noise canceling microphone system according

to claim 1, further comprises

a first amplifier and a second amplifier for receiving
and amplifying signals resulting from the sounds

received by the two microphones;
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a first low pass filter and a second low pass filter for
receiving and filtering the amplified signals from the
first amplifier and the second amplifer, thereby

generating analog amplified and filtered signals;

a first Analog-to-Digital converter and a second Analog-
to-Digital converter for receiving and converting the
analog amplified and filtered signals to digital
signals, thereby generating the first input signal and

the second input signal.

The adaptive noise cancellation microphone system
according to claim 2, further comprising a Digital-to-
Analog converter for converting the digital result
signal to an analog signal, thereby generating an output

result signal.



