WD 03/ 036614 PCT/ S&2/00149 1 System and Apparatus for Speech

Commruni cation and Speech recognition 5 Field of the invention The present

i nventi orwpeBas@s4 t 0 a system and apparatus for speech ceemstzatHon and
speech recognition. It further relates to signal processing nethods which
can be inplenented in the system 10 Background of the Invention The
present applicant's PCT application PCT/SG9/00119, the disclosure of

which is incorporated herein by reference in its entirety, proposes a

met hod of 15 processing signals in which signals received froman array of
sensors are subject to a first adaptived filter arranged to enhance a target
signal, followed by a second adaptive filter arranged to suppress unwanted
signals. The output of the second filter is converted into the frequency
domain, and further digital processing is perforned in that domain. 20 The
present invention seeks to provide a headset system perform ng inproved

si gnal processing of SRRl aftl PaparattiBdosIbéadt Eohfthusieagsh comuni cation.
25 The present invention further seeks to praovide signal processing nethods
and apparatus suitable for usan ni cati on and/ or speech
recognition system WD 03/036614 PCT/ SG02/ 00149 2

5 Field of the invention

The present invention relatgs to a system and apparatus for speech
communication and speech recognition. It further relates to signal processing
methods which can be implemented in the system.

10
Backaround of the invention

The present applicant's PCT application PCT/SG99/00119, the disclosure of
which is incorporated herein by reference in its entirety, proposes a method of
15  processing signals in which signals received from an array of sensors are
subject to a first adaptive filter arranged to enhance a target signal, followed
by a second adaptive filter arranged to suppress unwanted signals. The
output of the second filter is converted into the frequency domain, and further
digital processing is performed in that domain.
20 ‘
The present invention seeks to provide a headset system performing
improved signal processing of audio signals and suitable for speech

communication.

25 The present invention further seeks to provide signal processing methods and
apparatus suitable for use in a speech communication and/or speech

recognition system.



Summary of the Invention In general terns, a first aspect of the present

i nvention proposes a headset systemincluding a base unit and a headset
unit to bwowafossélby a user (e.g. 5 resting on the user's RreadGoe/o@rvund t he
user's shoul ders) and having a plurality of mcrophones, the headset unit
and base unit being in nutual wreless communication, and at | east one of
the base unit and the headset wunit having digital signal processing neans
arranged to performsignal processing i@ the tinme donmain on audio signals
generated by the 10 m crophones, the signal processing neans including at

| east one adaptive filter to enhance a wanted signal in the audio signals
and at | east one adaptive filter to reduce an unwanted signal in the audio
signals. Prefighahl boiihe fliegtibg! signal processing neans are part of the
headset unit>. 15 The headset can be used for comuni cation with the base
unit, and optionally wth other individuals, especially via the base unit.
The headset system cogprise, .or..be in comuni.cation wth, a,6speech
recogni tion @rﬂﬁq‘?éalﬁ%?ms'r%g%éﬁ?Q??FgOfgﬁ%QE‘FF%? IRYRILQE HrORRSES f §eRdRFtheads et
unit. 20 Al t&eueh ihGBdmigd BAs® LA BRSBTSt DAItAS bdapsrhi dies uksr (e.g.
PCT/ SG9/ 00119, nore preferably, the signal processing i's nodified to

di sti nguiSsh festingen thasisenshead of @roundinecisaisshoudeissandhgwapa r ecei ved

fromthe mc ( 0 ), G CEess: i, fjrst
adapt i ve 1 1RERIRECEMERER¥es 1 BRAGI LB AN PbAREATE BaiE 0 aBuotina
suppl i ed to wirelesoedrdamitatich, fandtedstiodeasithe baseemiteid thedidaesence
signals and a third filter arranged to reduce noise. The outputs of the

second and tWiit BaYing digital gigpateiaseRsing reernsHalarged thpeiderm signalir t her
processing i kA&sihG FAHREYe HUFRIA on audio signals generated by the :

10  microphones, the signal processing means including at least one adaptive

filter to enhance a wanted signal in the audio signals and at least one

adaptive filter to reduce an unwanted signal in the audio signals.

Preferably the digital signal processing means are part of the headset unit.

15
The headset can be used for communication with the base unit, and optionally
with other individuals, especially via the base unit. The headset system may
comprise, or be in communication with, a speech recognition engine for
recognizing speech of the user wearing the headset unit.

20

Although the signal processing may be as described in PCT/SG99/00119,
more preferably, the signal processing is modified to distinguish between the
noise and interference signals. Signals received from the microphones (array
of sensors) are processed using a first adaptive filter to enhance a target

25 signal, and then divided and supplied to a second adaptive filter arranged to
reduce interference signals and a third filter arranged to reduce noise. The
outputs of the second and third filters are combined, and may be subject to

further processing in the frequency domain.



WO 03/ 036614 PCT/ SG02/00149 3 In fact, this concept provides a second,
i ndependent aspect of the invention which is a nethod of processing .
signal s rwoeB®s@1{rom an array of sensors conprising thePsTses2/0fi4sanpl ing
and digitising the received signals and processing the digitally converted
signals, the processing including: 5 filtering the digital signals using a
first adaptive filter arranged to enhance a target signal in the digital
signals, transmtting the.output of the Bir st adaptive filter to a second
adaptive filter and to a third adaptive filter, the second filter being
arranged to suppress unwanted interference signals, and the third filter
being arranged to suppress 10 noise signals; and conbining the outputs of
t he second alidachithid conteptrprovities a sacamid Mépehﬁbgtra%@ébﬂ&? i%\e,gﬁ@n Con of
sin atus for rformn such a net had. rie scrip
the. Dr awi %gg‘ﬁﬁﬁhéﬁﬁdﬁ?ﬁ’é’ﬂf‘%&m‘ﬁﬁ' veRgisdrcaived fmasear@_g@fia@@ars'gy way  of
exanple wt t -Eggﬁy* ; ' i X i g.
iIIHgtrateshgnggﬁﬁ?gﬁﬂiggﬁgf?gaﬁﬁﬂﬂ ic (gﬁﬁg 0 |n§§?hg9@gkgllﬁv ntion nmay
operate. Fi g’recessing twndigitally convartad sighals, tife progessinglindugingal si gnal

D vetomevel oiisinbits e OB \EE i Betbiaite Hereranoriie 2. 0
Fig.4a-d is enffdnew wtaagét ighalsh ties Higtal Signgeer ation of the enbodi ment of
Fig.3. transmitting the output of the first adaptive filter to a second adaptive
filter and to a third adaptive filter, the second filter being arranged to suppress
unwanted interference signals, and the third filter being arranged to suppress
10  noise signals; and

combining the outputs of the second and third filters.

The invention further provides signal processing apparatus for performing
such a method.

15 .
Brief Description of the Drawings
An embodiment of the invention will now be described by way of example with
reference to the accompanying drawings in which;

20

Fig.1 illustrates a general scenario in which an embodiment of the invention
may operate.
Fig.2 is a schematic illustration of a general digital signal processing system
which is an embodiment of present invention.

25 Fig.3 is a system level block diagram of the described embodiment of Fig.2.
Fig.4a-d is a flow chart illustrating the operation of the embodiment of Fig.3.
Fig.5 illustrates a typical plot of non-linear energy of a channel and the
established thresholds.
Fig.6 (a) illustrates a wave front arriving from 40 degree off-boresight

30 direction.



Fig.5 illustrates a typical plot of non-linear energy of a channel and the
established thresholds. Fig.6 (a) illustrates a wave front arriving from 40
degree ofweomemssight 30 direction. WO 03/036614 PCT/ SG02/P0UHEE02/0014%i g- 6
(b) represents a time delay estimator using an adaptive filter. Fig.6 (c)
shows the inpul se response of the filter indicates a wave front from the
boresight direction. Fig.7 shows the resp‘f)nse of time delay estimator of
the filter indicates an 5 interference signal together with a wave front
fromthe boresight direction. Fig.8 shows the schematic block diagram of
the four channels Adaptive Spatial Filter. Fig.9 is a response curve of
S-shape transfer function (S function). Fig.10 shows the schematic block
di agr am of t%@' fadierirsanis artines dplay stimaser using ami agaptivelfites t he schematic

bl ock diagra gﬁgaﬁi’ ' i ti.mator. Fig.12 is_a block
di ggram 019 Aglgg')? i(‘"\r:)r(}_eh i'gna lmug%ﬁegﬁépggoﬁﬁbeﬁ ré'ﬂ‘ﬁs\%te ﬁwﬁb%%mgfﬁﬁm f
buf fer. Fi g. the boresight drection.of a Hanni ng W ndow on over | appi ng bl ocks o

[ . 15.Fig 15 illustrates a sudden rise of noise |evel of the
flloglnf‘anar engrg'gisém the pesponsg qaflt'm%d?lat'@tlalai@fe@ﬂthe iltenipdibateman of t he

companent or e Shsat eSS h ARGl Bl i o
Figs. 18(a) higd sBOW} the hoematiobluakliagran?6f tvedounehdriridhaagdssle unit of
Fig. 17. Spatial Filter.
Fig.9 is a response curve of S-shape transfer function (S function).
Fig.10 shows the schematic block diagram of the Adaptive Interference Filter.
10 Fig.11 shows the schematic block diagram of the Adaptive Ambient Noise
Estimator.
Fig.12 is a block diagram of Adaptive Signal Multiplexer.
Fig.13 shows an input signal buffer.
Fig.14 shows the use of a Hanning Window on overlapping blocks of signals.
15 Fig.15 illustrates a sudden rise of noise level of the nonlinear energy plot.
Fig. 16 illustrates a specific embodiment of the invention schematically.
Fig. 17 illustrates a headset unit which is a component of the embodiment of
Fig. 16.
Fig. 18, which is composed. of Figs. 18(a) and 18(b), shows two ways of
20  wearing the headset unit of Fig. 17.

Detailed Description of the Embodiment of the Invention

Below, with reference to Figs. 16 and 17, we describe a specific embodiment
25 of the invention. Before that, we describe in detail a digital signal processing
technique which may be employed by the invention.

FIG. 1 illustrates schematically the operating environment of a signal
processing apparatus 5 of the described embodiment of the invention, shown

30 in a simplified example of a room. A target sound signal “s” emitted from a



il ed Description of the Embodi ment of the Invention Below, with
P:? ereﬁce to Fi gs. 16 and 17, we describe a specific enbodiment 25 of the
i nvent i orwoBafaiees t hat, we describe in detail a digital siPgESIGOpp@ELSSi ng
t echni que which may be enployed by the invention. FIG 1 illustrates
schematical ly the operating environment of a signal processing apparatus 5
of the described enbodi nent of the i nventd on, shown 30 in a sinplified
exanple of a room A target sound si gnal " emtted froma WO 03/ 036614

PCT/ SG02/ 00149 5 source s' in a known di rectlon i pi ngi ng on a sensor
array, such as a microphone array 10 of the apparatus 5, is coupled with

th unwant nal s nanely nterference signals ul, u2 from ot her
gou(razzes A, SOLP”& gcm d%émow frectonsimpmaing,jony a §§ﬂ3<a'naﬂ'ahe suahgas a

si gnal ' s O\Aﬂnfc%bﬁ@ﬁ@%rﬁéﬂ%' offthe HAPSFats WVRNESGHIEL othiér ug
fa R 9 othgh URWaNRdi ved

I nterference and degrade ‘the quality'o e’'tar

by the senso$igBglsdiameiyidntaciecatcersighas udf ulariml‘ﬂbﬁﬂar wu@@@d A, Befa]@eﬁg,q)%a: hg

orretr three reflected
and three ai TeRpos AUaIS RE U2 B0 e doebpicbalmpii refiooiod aanalanaThess The
sensor arg ayuﬁWamt%dCQQﬁQI%t 68LISe0 It PETRPISE ”:ﬂloclﬂégl'ﬂcfer ﬁwez\%Hgﬁxl& nd,d he{ €
will be a noise input g associated with the curtry
degr ades t hesignRlgst asi angivedaby dnd se¢nsenarray. Shgredtuzirmaassi 68 uﬁﬂlﬂﬂfefﬁ us 5

h f
four sensor s 2aig debefis YA Rty Obsfe%?ﬁier‘?%%Qﬁﬂ&éﬁé)%”ﬁﬁgﬁ%%tbpmﬁﬁagﬁﬁnge
sound si gnal Eﬂa@tedc(@ﬁhb¢®am And R Uﬂgctoﬁatﬁé“%}eoﬁluét'?@c eiB? %r ll(.:,li- #£1 gnal

LY hd

db he sensors i's anpl an anp
(r:gﬁ\elle\r/te ed %/(F)ﬁ’?%ﬂaéiotna hepsenrgaretrawdfrig @nnad&dd@uprdcessingldmbltﬁpﬁﬂﬁot er

30a-d. Hoe birld Her&aWM ¥ & noise input q associated with the circuitry which further
degrades the target signal.

An embodiment of signal processing apparatus 5 is shown in FIG.2. The
apparatus observes the environment with an array of four sensors such as

15 microphones 10a-10d. Target and noisefinterference sound signals are
coupled when impinging on each of the sensors. The signal received by each
of the sensors is amplified by an amplifier 20a-d and converted to a digital
bitstream using an analogue to digital converter 30a-d. The bit streams are
feed in parallel to the digital signal processor 40 to be processed digitally. The

20  processor provides an output signal to a digital to analogue converter 50
which is fed to a line amplifier 60 to provide the final analogue output.

FIG.3 shows the major functional blocks of the digital processor in more
detail. The multiple input éoupled signals are received by the four-channel
25 microphone array 10a-10d, each of which forms a signal channel, with
channel 10a being the reference channel. The received signals are passed to
a receiver front end which provides the functions of amplifiers 20 and
analogue to digital converters 30 in a single custom chip. The four channel
digitized output signals are fed in parallel to the digital signal processor 40.

30 The digital signal processor 40 comprises five sub-processors. They are (a) a



feed in parallel to the digital signal processor 40 to be papcestdto
digitally. The 20 processor provides an output signal to a Iglzé@Mﬁe e
anal ogue wormmesdsesr 50 which is fed to a line anplifier 6®Cﬁfcp ouistle
final anal ogue output. FIG 3 shows the major functional bIchs 0 e
digital processor in nore detail. The multiple input couple ﬁlgpamhich
received by the four-channel 25 m crophgne array 10a-10d, each o] which
forms a signal channel, with channel 10a being the reference c agne ihe
received signals are passed to a receiver front end which provgoesn n
functions of anplifiers 20 and analogue to digital converters

' Tae f channel - digitized output signals are fed in
paral el to raminay, Sl SarGS daneles. arsoDersien fiossossr i) a
processor 4®igaabrdeptive Fited ubt PIOCRSABHIE PiiePhfod ) Fif0,83/ 4860
PCT/ SQ02/ 0014dq 6 Prelimnary Signal Paraneters EsSTI 1o (

Processor 42 d3RfiveaNoisey Rstimatiapt Fitter #8| wed (e), arf Adaptivadmpset8nece and .
| nt erferencq\’lgisét(_s;gl tibfardn éd%gti ve_Noi se Esti rr%t ion Filt ersﬂ_48, ~an
(e) an Adaptive Intne@gr'encaé1 L RUPPY P8 RinfesspapPon herpsiv signes Dmmssor
n o B oces a0t a6 et qa Processs 18, B drbesrgrortan sty olfsRREEE000 1
46 a , to ) . ‘
féel{‘ eﬁ (r)ecl?lr? ge'ieog’ﬂ%é’qlpmpﬁsﬁ% % delesred tchas “steigeut!” o tmggg@_&rﬁﬁgge% as
connect  ons e riaoasiorie B TEERRCH M i 0Pt ef biotmseoisr #9145 s
connections being represented Dy 1"C IO\ ! }
signal S is #8gp@’. These poonections Hing @F%ﬁgﬁeﬂiﬁ‘@?"g‘fﬁ%@% ﬁ thg_% v\ﬁ?‘%‘h
[ or 4 re generally / Pr o _
?ggreﬁsllegni ﬁhg%%gjt g{gﬁ%fgﬁ s‘ge%pmegeqr ﬁﬂk@eql,ﬁaomjlllrmggssa{r&/ﬁgmﬁ tﬁ@& s of
[ bfdtiopn ' [ Ssot s - |
connect] ons Fonr oonr ot Bt RS afd 678 Yereh §RER Y sticsapion 42 VBeh: he
receives information from processors 44-50, makes decisions on the basis of
that information and sends instructions to processors 44-50, through
connections represented by thin arrows in FIG.3. The outputs I, S of the

processor 40 are transmitted to a Speech recognition engine, 52.
15 '
It will be appreciated that the splitting of the processor 40 into the five
component parts 42, 44, 46, 48 and 50 is essentially notional and is made to
assist understanding of the operation of the processor. The processor 40
would in reality be embodied as a single multi-function digital processor "
20  performing the functions described under control of a program with suitable
memory and other peripherals. Furthermore, the operation of the speech

recognition engine 52 also could in principle be incorporated into the
operation of the processor 40.

25 A flowchart illustrating the operation of the processors is shown in FIG 4a-d

and this will firstly be described generally. A more detailed explanation of
aspects of the processor operation will then follow.

The front end 20,30 processes samples of the signals received from array 10
30  ata predetermined sampling frequency, for example 16kHz. The processor 42



' iti [ It will
essor 40 are transmitted to a Speech recognition engine, 52. 15

B;O;ppreciated that the splitting of the processor 40 into tEf ;a¥§$ e
conponentwpansoseed, 44, 46, 48 and 50 is essentially noti @oa ﬁa e
to assist understanding of the operation of the processor. T_e_erc
40 would in reality be enbodied as a single nulti-function ?lg;ta oar am
processor 20 performng the functions described under control of a F'og a
wi'th suitable nenory and other peripherals. Furthernore, the operati ne
the speech recognition engine 52 also could in principle be |ncorpor?he
into the operation of the processor 40. 25 A flowhart illustrating

' i [ 4a-d dthis wll firstly be
Gt bed ganengeR ABBREbdr S Hial han e Mo sampless farerashost todour
processor opsramhiets) UNdH inttiéﬁﬂatfdﬂ,gﬁ’%"gpﬁggatgﬁ %Bﬁe&g%eflgpﬁ%ﬁg\gg g%?ﬁi&%ﬁé' P

of the signals received fromarra a pre

frequency, fIMRIREHN all tex ghanmele ajrsiep ooy sé&hﬁ@tl%b@ﬁ@ﬁﬁéld@qlbgﬁzégogﬁg

[ S [ t r that, c old N such sanples for e
ZoLPCl gﬁgnnglmlsz. posné}l:.’élllggi%qdqsﬁa?l%%,o ?’H& BISYAQUs 83Mpias. ebhe paocfﬂr?@okﬁ erN/ 2
new si gnél teempémsvésanglDC tien shanaql §arﬁble§t£fb ﬁvpeg-en@?\a%%gé Osré'ﬁﬂ*)eé? The
hol ds a blogck of N2 new sanples and a bl ock o previ - éizes
processor 4§h%sﬁmﬁsr%trﬁ§ﬁ§oany 'DC from the new sanpl es and pre-errpI a ;
or whitens the sanples at step 502. Following this, the total non- EI nea
energy of a stage 1 signal sanple Erb and a stage 2 signal sanmple Era is

cal cul at ed &ollewiny mdm.thgrtf&asmmliﬁéaq%@my %ﬁn%?gé qfﬁ@%%ﬂg@1eén&ga are
' any otherc :
used for thgfad%ubpggﬁalaégm&%ggs isycalculated at step 504. The samples from the
10 reference channel 10a are used for this purpose although any other channel

could be used.

There then follows a short initialization period at step 506 in which the first 20

blocks of N/2 samples of signal after start-up are used to estimate a Bark
15  Scale system noise B, at step 516 and a histogram Pb at step 518. During

this short period, an assumption is made that no target signals are present.

The updated Pb is then used with updated Pbs to estimate the environment

noise energy E, and two detection thresholds, a noise threshold Th and a

larger signal threshold T,; are calculated by processor 42 from E, using
20  scaling factors. The routine then moves to point B and point F.

After this initialization period, Pbs and Bn are updated when an update
condition is fulfilled.

25 Atstep 508, it is determined if the stage 3 signal energy E3 is greater than the
noise threshold Ts. If not, the Bark Scale system noise B, is updated at step
510. Then, itll proceed to step 512. If so, the routine will skip step 510 and
proceed to step 512. A test is made at step 512 to see if the signal energy E;4
is greater than the noise threshold Th1. If so, Pb and Pbs are estimated at step
30 518 for computing En, Tn1 and Th2. The routine then moves to point B and



could be used. There then follows a short initialization period at step 506
in which the first 20 blocks of N2 sanples of signal after start-up are
used to esDimms@1a Bark 15 Scal e system noi se Bn at stepPEIGGard01a9

hi stogram Pb at step 518. During this short period, an assunption is nade
that no target signals are present. The updated Pb is then used with
updated Pbs to estinmate the environnment noise energy En and two detection
t hreshol ds, a noise threshold Tnl and a 8l arger signal threshold Tn2, are
cal cul ated by processor 42 fromEn using 20 scaling factors. The routine
then noves to point B and point F. After this initialization period, Pbs
and Bn are updated when an update condition is fulfilled. 25 At step 508,

it is determpordFi if hdte oplyp@ds3whll B8alpdened eindBit's used)itht previcienPbhe
noi se threshold Tnl. [f not_ the Bark Scal e system noise Bn is updat ed at

step 510. TeEWutetEd Tnpaed dexat stepris. 510, and Tsg will fellowithe aviranmenii p
step 510 and ot aeReddia)stAR fikfoordnt Rhsdd GHARAINS e BakPoREgy | Lhe

si gnal energy I~ 1S greater nor se 0, and
PES are estilgwdleshaws ¢ stearly Sthde fincreasepwhichgwbold Thdicatedad ridcredlse inout i ne
then noves to point B and WO 03/ 036614 PCT/SQ02/00149, 8 point F. |If not,
onl'y Pbsdwi Moids Slpem tBe sRegchttargeisugnali WH Bhewicansidesabls vanaton: evein, Tni
and T2 at %9 ahtiihubdaBE disinddished OThiYs lifstRAYd TOHTBIMS il Qtfith Level
closely. The histogramis used to determne If the signal energy evel
shows a st eaignaltrmise level Bsasefraim am initiall levelriidicoew leveliwhick axeeeds Bothoi se,
since the sagecrﬁ ’Cg{get signal wll show considerable variation over tine
and thus cant"B&®"@1%%t i ngui shed. This-is illustrated in FIG 15 in which a
signal noise level rises froman initial level to a new | evel which exceeds
bot h

10 A test is made at step 520 to see if the estimated energy E1 in the reference

channel 10a exceeds the second threshold T... If so, a counter C. is reset
and a candidate target signal is deemed to be present. The apparatus only
wishes to process candidate target signals that impinge on the array 10 from
a known direction normal to the array, hereinafter referred to as the boresight

15  direction, or from a limited angular departure there from, in this embodiment
plus or minus 15 degrees. Therefore, the next stage is to check for any signal
arriving from this direction.

At step 528, three coefficients are established, namely a correlation coefficient
20 Cy, a correlation time delay T4 and a filter coefficient peak ratio Px which
together provide an indication of the direction from which the target signal

arrived.

At step 530, three tests are conducted to determine if the candidate target
25 signal is an actual target signal. First, the cross correlation coefficient Cx must
exceed a predetermined threshold T, second, the size of the delay coefficient
must be less than a value 6 indicating that the signal has impinged on the
array within the predetermined angular range and lastly the filter coefficient
peak ratio Px must exceed a predetermined threshold Tpyq. If these conditions

30 are not met, the signal is not regarded as a target signal and the routine



thresholds. 10 Atest is made at step 520.to see if the estinmated energy
Eri in the reference channel 10a exceeds the second threshold Tn2. If so,
a count erwQ@lo3iosséneset and a candi date target signal is deemsdor/onibe
present. The apparatus only w shes to process candi date target signals
that inpinge on the array 10 from a known direction normal to the array,
hereinafter referred to as the boresight 15 direction, or froma limted
angul ar departure there from in this enPodi ment pl us or mnus 15 degrees.
Therefore, the next stage is to check for any signal arriving fromthis
direction. At step 528, three coefficients are established, nanely a
correlation coefficient 20 Cx, a correlation tinme delay Td and a filter
coef fi ci ent pessks tatstep BE4vihbnHardged gegriat filtering). dethenconditiarst arnmet, thiee
direction fromwhich the target signpal, arrjved. At st 530,  three tests
are conduct GPMETEG(BFRLRIONE BriSc i atamba2( Gaget signsl JitGRRD of Sianalct ual
target signglqadive t@fpﬁ@;gg; correlation coefficient C nust exceed a
predet erm ned thres oef c, second, the size of the delay coefficient nmnust
be less than a value O indicating that the signal has inpinged on the

i thi t t i d | ; | tl h il
coerTi of bne T BSeBraAtf e Rshir el & B et RerhanPeL e i e ¢
these condi tiAng eXBedd ehd bcHRI thréQI@ol&i'E],%aﬂhei tgégﬁtgsigrgu% d6fsiasred hattget

signal and the routine WO 03/036614 PCT/ SGE)2/ 001 asses to step 534
(non-t ar get hs present and éhe reptinel pagses toeiep BBarvia aiepsha2-526in woishr thered

adapt 1 ve SpaiataferiGy B Srinteeh®l, By Corke fidiiflafndd ter 1
t he ref er engetHehipestiold ®ard=chbauUbdck leak compensation is performed on the filter
10 coefficient Wy and counter C_ is reset at step 526. This block leak
compensation step improves the adaptation speed of the filter coefficient Wiy
to the direction of fast changing target sources and environment. If the
threshold is not reached, the program moves to step 534 described below.

15  Following step 530, the confirmed target signal is fed to step 532 at the Signal
Adaptive Spatial Filter 44. The filter is instructed to perform adaptive filtering
at step 532 and 536, in which the filter coefficients W, are adapted to provide
a “target signal plus noise” signal in the reference channel and “noise only”
signals in the remaining channels using the Least Mean Square (LMS)

20 algorithm. In order to prevent the filter coefficient updated wrongly, a running
energy ratio Rsq is computed at every sample at step 532. This running energy
ratio Rsg is used as a condition to test whether that the filter coefficient
corresponding to that particular sample should be updated or not. The filter 44
output channel equivalent to the reference channel is for convenience referred

25 to as the Sum Channel and the filter 44 output from the other channels,
Difference Channels. The signal so processed will be, for convenience,

referred to as A'.

If the signal is considered to be a noise signal, the routine passes to step 534

30 in which the signals are passed through filter 44 without the filter coefficients



not to exceed the second threshold Tr,2, the target signal is considered
not to be present and the routine passes to step 534 via steps 522-526 in
whi ch t hewooousdees CL is increnmented. At step 524, CL is ehaskozoagai nst a
threshold TCL. |If the threshold is reached, block | eak conpensation is
performed on the filter 10 coefficient Wd and counter CL is reset at step
526. This block | eak conpensation step1inproves t he adaptati on speed of
the. filter coefficient Wd to the diredfion of fast changi ng target
sources and environnment. If the threshold is not reached, the program
noves to step 534 described bel ow 15 Follow ng step 530, the confirnmed
target signal is fed to step 532 at the Signal Adaptive Spatial Filter 44.
The filter ibeinthadapiedeto fampthe Sum andRifferencel channel signals tTée Signaland

<l ghal "ol us Shdt8geo el S TeREl kel eDReRERGtREB Tt ce ontyt

signals in the remaining channels using the Least Mean Square (LMS) 20
algorithm I.n order to prevent the filter' coefficient updated wongly, a

running endh§yeffeat of thrstiterd4isitp anbanse the siopakid thys és idendfiehas sotargeati s

runni ng gner, | l:g.,used as a condition to test whether that the
filter cgef ]ﬁ?gir}aé%?{ hgtoéﬁﬁgg'{f)%ﬁdi ng to that particular sanple should be

updated or not. The filter 44 output channel equivalent to the reference

channel is for convgni ence referred 25 to as_the Sum Channel and the filter
44 out put f AEriteRme3G: Adew fiahepefficient peak datie Fen i prlcylatath based)gal theo

Bons! dered (eheoe RNt Wy ARLRRCGR0, f BFERREL Endoattionsls fralf sted e ' °
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ratio, the value of best peak ratio is replaced by this new peak ratio Px2 and all
the filter coefficients Wy, are stored as the best filter coefficients at step 542. If
it is not, the peak ratio Py, is again compared with a threshold Tpy at step 544.
If the peak ratio is below the threshold, a wrong update on the filter

15  coefficients is deemed to be occurred and the filter coefficients are restored to
the previous stored best filter coefficients at step 546. If it is above the
threshold, the routine passes to step 548. '

! At step 548, an energy rétio Rsq and power ratio Prg between the Sum
20 Channel and the Difference Channels are estimated by processor 42. Besides
these, two other coefficients are also established, namely an energy ratio
factor Rsgr and a second stage non-linear signal energy E;,. Following this, the
adaptive noise power threshold Tpisq is updated based on the calculated
power ratio Prsq.
25
At this point, the signal is divided into two parallel paths namely point C and
point D. Following point C, the signal is subject to a further test at step 552 to
determine if the noise or interference presence. First, if the signals are A’
signals from step 532, the routine passes to step 556. Second, if the

30 estimated energy E«; is found not to exceed the second threshold T2, the



so processed will be referred to for convenience as B'. The effect of the
filter 44 is to enhance the signal if this is identified as a target 5

si gnal buwomewn3@iherw se. At step 538, a new filter coeffiPCirsSon2/peaak ratio
Pk2 is calcul ated based on the filter coefficient Wu. At step 539, if the
signal is not A signals fromstep 532 the routine passes to step 548.

El se, the peak ratio calculated at step 8 is 10 conpared with a best peak
ratio BPk at step 540. If it is larger than best peak ratio, the val ue of
best peak ratio is replaced by this new peak ratio Pk2 and all the filter
coefficients Wsu are stored as the best filter coefficients at step 542. I|f
it is not, the peak ratio Pk2 is again conpared with a threshold TPk at

step 544. | signakipearsidatedonpttdbeopreshnt ahd dbbabdiine passey tuxded &58) t he
the filter_coefficients
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power ratio Prsd. 25 At tfhis poi nt, the S|%nal_ Is divided into two parall el
pat hs nanel ySYBPHEakags ot the taroebsiongl indeithg Qifference, chanaekiigdishtion tseibj ect
to a further . ' ' ' o interference
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passes to stppssEBdo sSepbHa, Fof alt bthedMoastargatisiphats) ehg Yoltine pasdeaupdtgpt to
exceed t{be sgggnd threshold Tn2," the :

At step 554-558, the signals are processed by the Adaptive Interference Filter
48, the purpose of which is to reduce the unwanted signals. The filter 46, at
step 554 is instructed to perform adaptive filtering on the non-target signals

15 with the intention of adapting the filter coefficients to reducing the unwanted
signal in the Sum channel to some small error value e.. This computed ey is
also fed back to step 554 to prevent signal cancellation cause by wrong
updating of filter coefficients.

20 In the alternative, at step 556, the target signals are fed to the filter 46 but this
time, no adaptive filtering takes place, so the Sum and Difference signals
pass through the filter.

The output signals from processor 46 are thus the Sum channel signal S¢; and
25 filtered Difference signal S;.

Following point D, the signals will pass through few test conditions at step
560. First, if the signals are A’ signals from step 532, the routine passes to
step 564. Second, if the signals are classified as non-target signal by step 552
30 (C' signal), the routine passes to step 564. Third, the Rsy and Py are



WO 03/ 036614 PCT/ SE&2/ 00149 11 signal is considered not to be present and
the routine passes to step 556. Third, the filter coefficient peak ratio
Pk2 i s cowpasmsbeio a threshold TPk2. If it is higher thamrcrisGeghahkel, this
may indicate that there is a target signal and routine passes to step 556.
Lastly, the Rsd and Prsd are conpared to threshold 5 Trsd and Tprsd
respectively. If the ratios are both |lower than threshold, this indicates
probabl e noise but if higher, this may it#dicate that there has been sone

| eakage of the target signal into the Difference channel, indication the
presence of a target signal after all. For such target signals, the routine
al so passes to step 556. For all other non-target signals, the routine

passes to0 st@mpadied3e4hrédhoid %ﬁ%ﬁ'ﬁ% re%B@ctﬁ)e?ﬂaLﬁlgafa‘i’loEré?é by the

Adaptive Interference Filter ur pose o h 1s to reduce the
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adaptive filtering on the non-target signals,15 w t.he intenti.o f
adapting t hem?YI'?@Pat@o@'lafitlﬁr&rﬂ%s BSeP 63(933‘? |lfagak_taﬂ§ nKB\ﬁnt?EQFt %9'_&{6{{‘{2% ﬁ]et he
Sum channel bgfefstite Sidrel ShERatI¥EINE ppédencElbrsa fé?@@ﬂéigﬁaleéﬂer' Sl 13sap, fed
back to step 554 to prevent signal cancellation cause by wong updating of

filter cd&effif teceatinated anerghErdp feunthexersdsdhedireithsmbiold fie, slangest arsi gnal s

fed to t | 6 [ | e ti i_lteri t ak I :
20 the. sum e i skl Sor BUBE sidtt A8 alfine s badiths BUSTR °°°
si gnal s fronsgt. Fee st wthdtambirent hoietdigndis thelraotied pasgato sted 56pd 25
filtered Difference signal Si. Followng point Db the signals wll pass

through few test conditions at step 560. First, if the signals are A

signals Tromsiel 582565Nthd QUYrale aRE$6Gds8d by the Adaptive Ambient noise

10  Estimation Filter 48, the purpose of which is to reduce the unwanted ambient
noise. The filter 48, at step 562 is instructed to perform adaptive filtering on
the ambient noise signals with the intention of adapting the filter coefficients to
reducing the unwanted ambient noise in the Sum channel o some small error
value ec. .

15
In the alternative, at step 564, the signals are fed to the filter 48 but this time,
no adaptive filtering takes place, so the Sum and Difference signals pass
through the filter.

20 The output signals from processor 48 are thus the Sum channel signal Sc,
and filtered Difference signal S,,.

At step 568, output signals from processor 46: S¢q and S; and output signals
from processor 48: S and S, are processed by an adaptive signal
25 multiplexer. Here, those signals are multiplex and a weighted average error
signal es(t), a sum signal S¢(t) and a weighted average interference signal Is(t)
are produced. These signais are then collected for the new N/2 samples and
the last N/2 samples from the previous block and a Hanning Window H, is
applied to the collected samples as shown in FiG.13 to form vectors Sy, Iy and

30 E. This is an overlapping technique with overlapping vectors Sy, I and Ej



step 564. Second, if the signals are classified as non-target signal by
step 552 30 (C signal), the routine passes to step 564. Third, the Rsdf
and Prsd woe3Msecd8/ 036614 PCT/ SG2/ 00149 12 conpared to rorsshobd4dr sdf
and TPrsd respectively. If the ratios are both |ower than threshold, this
I ndi cat es probabl e anbi ent noise signal but if higher, this may indicate
that there has been sone | eakage of the target signal into the D fference
channel, indication the presence of a talyet signal after all. Lastly, 5 if
the estimated energy Er2 is found exceeds the first threshold Tnl, signals
are considered to be present. For such signals, the routine also passes to
step 564. For all other anbient noise signals, the routine passes to step

562. At stepbé&ifg{oitied from pastraridspassenpblocks 9 N/D gahipteshdantinuctishringnt

noi se 10 Es,ti,[i'ration Fi IIE%r1 48 l%he Igurpose of which is to reduce the
unwant ed anbSdiystraigd dB Figntd s A ast heurier: Transforasis then perfpipeden de

per f or m adapjd fidtari 0 h |.eNti QO] | ] the | ntion
of adapti nggﬁdé&fsi Iéth’efm c%e fP'&:i%n?@aﬁgﬁarﬁféagcyﬁgoﬁgﬁﬁn%ém%gcgng?@%wnoi se
in the Sum céguivalentsdSss band et btegr 570. val ue ec2. 15 In the alternative,

at step 564, the signals are fed to the filter 48 but this tine, no
adaptivefiltering takes place, so the Sumand Difference signals pass

t hrough the A4 r i W]t ; he
Sum channer sy o8| 57% 3 MeRR MV IR AL ROGEITATSIOME Sdrdhgid
out put si gnaprevideopseude’sspsotrunéval8es Parahdd. and out put signals from

processor 48: Sc2 and Sn are processed by an adaptive signal 25
mul ti pl exer. Here, those signals are nultiplex and a wei ghted average error

In order to reduce signal distortion due to wrong estimation of the noise
10  spectra, a frequency scanning is performed between Ps and P; o look for the
peaks in the same frequency components at step 574. Attenuation is then
performed on those peaks in P; to reduce the signal cancellation effect. Ps and
P; are then warped into the same Bark Frequency Scale to provide Bark Y'
Frequency scaled values Bs and B; at step 576. At step 578, a voice unvoice
15  detection is performed on Bs and B; to reduce the signal cancellation on the
unvoice signal.

A weighted combination By of By, (through path F) and B; is then made at step
580 and this is combined with Bs to compute the Bark Scale non-linear gain
20 Gy at step 582.

Gp is then unwrapped to the normal frequency domain to provide a gain value
G at step 584 and this is then used at step 586 to compute an output
spectrum Syt using the signal spectrum S¢ and E; from step 570. This gain-
25 adjusted spectrum suppresses the interference signals, the ambient noise and

system noise.

An inverse FFT is then performed on the spectrum Sout at step 588 and the
output signal is then reconstructed from the overlapping signals using the
30 overlap add procedure at step 590.



signal es(t), a sumsignal Sc(t) and a wei ghted average interference signal
Is(t) are produced. These signals are then collected for the new N 2

sanpl es awo 03bs14 ast N 2 sanples fromthe previous bl ock PpamdGazbiaani ng
Wndow Hn is applied to the collected sanples as shown in FIG 13 to form
vectors Sh, Ih and 30 Eh. This is an overl apping technique wi th overl appi ng
vectors Sh, |h and Eh WO 03/ 036614 PCT/ S&2/00149 13 being forned from
past and present blocks of N2 sanples cthtinuously. This is illustrated
in FIG 14. A Fast Fourier Transformis then perfornmed on the vectors Sh,
lh and Eh to transformthe vectors into frequency domain equivalents Sf,
If and Ef at step 570. 5 At step 572, a nodified spectrumis cal cul ated for
the transfornmed signals to provide "pseudo"” spectrumvalues PS and P. In
order to reduce signal distortion due to wong estimation of the noise 10
spectra, a fregeRRepidespiaviting the,epeeshBecognilier EnemeadA wWith t o | ook for

th ks i ] . 7 Al ti i
then "per for Ross S sn ey 36 YRR Brfhiodt B segat 1ok Riafen
effect. PS aindicaked asd dmEigy. 8aTpadsetndfanfomatismenBaidclide aHe dfe Sitibe t 0

provi de Bark _ Frequency scal ed values BS and B; at step 576. At step 578, a
voi ce unvoi c@ 15 detection is performed on BS and B; to reduce the signal

cancel l ation on the WH@H%@%@&QB@%@&H’@%@%F ?ggsggg?gg?ti on By'of Bn

(through path F) and B, is then nmade at s his is conbined with
BS to conpute the2Bar kSigoal Enagy; Eqn@tep §64)n 20 Gob at step 582. Gb is then

unur apped to the pormey fLaArRRGH, 10T £, (Seh U S5 B4gp! N val ue
4, Estimated SINR (signal to interference noise ‘ratio) and SNR
10  (signal to noise ratio), and Ryq (step 548).
5. Target speech signal presence, A' (steps 530 and 532)
6 Spectrum of processed speech signal, S, (step 586).
7. Potential speech start and end point.
8

Interference signal spectrum, I¢(step 570).

15
Major steps in the above described flowchart will now be described in more
detail.
Non-Linear Energy Estimation (STEPS 504.548)

20

At each stage of adaptive filter, the reference signal is taken at a delay half
the tap-size. Thus, the end of two stages adaptive filter, the signal is delayed
by Lsu/2 and Lug/2. In order for the decision-making mechanism for the
different stages to accurately follow these delays, the signal energy

25 calculations are calculated at 3 junctions, resulting in 3 pairs of the signal
energy.

The first signal energy is calculated at no delay and is used by the time delay
estimation and stage1 Adaptive Spatial Filter.

30
1 J-=2
E,=——> x(i)’ —x(i + Dx(i-1)
J - 2 i=1



G at step 584 and this is then used at step 586 to conpute an out put
spectrum Sout using the signal spectrum Sf and Ef fromstep 570. This gain
25 adj ustwo 03foa@t4 um suppresses the interference signals, PCSGaghilent noi se
and systemnoise. An inverse FFT is then perfornmed on the spectrum Sout at
step 588 and the output signal is then reconstructed fromthe overl appi ng
signals using the 30 overlap add procedure at step 590. WD 03/036614

PCT/ SG02/ 00149 14 Hence, besides providifig the Speech Recognition Engine
52 with a processed signhal S, the systemal so provides a set of useful
information indicated as | on Fig. 3. This set of information may include
any one or nore 5 of: 1. The direction of speech signal, Td (step 528).

2. Signal Energy, Eri (step 504). 3. Noise threshold, Tnl & Tn2 (step) 514
and 518). 4. Estimated SINR (signal to interference noise ratio) and SNR
10 (signal to noise ratio), and Rsd (step 548). 5. Target speech signal

presence, A ,gnal ,
Sout (step S-gg?ts%%né%&@%n%?&)sgeg%lﬁégfﬁ %qur?gl %‘ﬁépggﬁ%ﬁ %c%%%ﬁg&e[%t ence
si gnal spect Filier tap-siges kgu/370). 15 Major steps in the above described

flowchart will now be described in nore detail. Non-Linear Energy
Estimati on (STEPS 504. 548) R i S
E,= > x(i) ~x(i +Dx(i - 1)
J 2 il A2

The last signal energy is calculated at a delay of Lsu/2 + Lug/2 and is used
by noise updating.

1 J—(Lsu/2+Luq/2);2 10
E,=—— x(i)? —x(@+Dx@-1)
’ J=2 i=-(1.m/§2;»Luq/2) A3

These delays are implemented by means of buffering.

15  Threshold Estimation and Updating (STEPS 514.518)

The processor 42 estimates two thresholds T, and T, based on a statistical
approach. Two sets of histogram, referred to as Pb and Pbs, are computed in
the same way, except that Pbs is computed every block of /2 samples and
20 Pbis computed only on the first 20 blocks of N/2 sambles or when E < Ty
which means that there is neither a target signal nor an interference signal is
present. E, is used as the input sample of the histograms, and the length of
the histograms is a number M (which may for example be 24). Each

histogram is as found from the following equation:

25

H,=al, +(1-0)5(i~D).1,, B.1



20 At each stage of adaptive filter, the reference signal is taken at a
delay half the tap-size. Thus, the end of two stages adaptive filter, the
signal iswoeBaywds by Lsu/2 and Lug/2. In order for the decirsiGozeomaki ng
mechani smfor the different stages to accurately follow t hese del ays, the
signal energy 25 calculations are calculated at 3 junctions, resulting in 3
pairs of the signal energy. The first signal energy is calculated at no
delay and is used by the time delay esti%mtion and stagel Adaptive Spati al
Filter. 30 1J-2 ErJ Ix(i)2 -x(i + Dx(i -1) J-2,_, W 03/036614

PCT/ S&02/ 00149 15 A.1 The second signal energy is calculated at a del ay
of half of Adaptive Spatial Filter tap-size, Lsu/2. 1 J Ere =J 2 1 x(i)2
- X(i + 1) x(Wheye A; 8tands-foseitierdf FieahdPb, ahdnak teaesey i s cal cul ated at a
delay of Lsu/2 + Lug/2 and is used by ngise updating. 1 J-(Lsu | 2+Luq |

2)-2 10 Erg = Z x(i)2 - x(i + 1)x(i {#) J-2 i=-(Lsu/2+Lug/2) A. 3
h(2)
H =| .
N P T6)) B2
| h(24) |
1
1 .
Ly = . B.3
1
5
0,i D :
6Gi-D)= ~ B.4
t=D)= i p
Thus, o is a forgetting factor. For Pb, o is chosen empirically to be 0.9988 and
for Pbs, a is equal to 0.9688.
10

The value of D which is used in Equation B1 is determined using table 1
below: Specifically, we find the value of Emax in table 1 which is lowest but
which is above the input sample E,,; , and the corresponding D is used in
Equation B.1. Thus, each D labels a corresponding band of values for E,,. For
15 example, if E,s is 412, this the band up to Emax= 424, ie. the range
corresponding to D=173, and accordingly D=13 is used in Equation B.1. Thus,
if E,; continues to stay at a certain level, say in the band up to Emax(D), the
weight of the corresponding D value in the histogram will start to build up to
become the maximum. It indicates that the current running average noise
20 level is approximately Emax(D).



These del ays are inplenented by neans of buffering. 15 Threshold Estimation
and Updating (STEPS 514.518) The processor 42 estimtes two thresholds Tnl
and Tn2 bweedosdsia statistical approach. Two sets of hi stogrsaop/o0ied er r ed
to as Pb and Pbs, are conputed in the sane way, except that Pbs is

conput ed every block of N2 sanples and 20 Pb is conputed only on the first
20 bl ocks of N 2 sanples or when En < T 1 which neans that there is
neither a target signal nor an interferehte signal is present. En is used
as the input sanple of the histograns, and the length of the histograns is
a nunber M (which may for exanple be 24). Each histogramis as found from
the following equation: 25 H = all; + (1- a)8(i - Dy.124x1 B.1 WO '

gS/ 036614 PAD/ SQX2/ Oom&axj(@.)V\ﬁeme H st gmfak €l 1U1elr of Em(!j?, and
as the for h(1) h(2) H 3 B2 h(i)l| h(24) 11 '24x1 + B.3 5| 8(i
- D Oi D -1B. 4 10 9 110 17 1624

2 11 10 115 18 2274

3 15 11 216 19 3181

4 21 12 303 20 4452

5. 29 13 424 21 - | 6232

6 40 14 593 22 8724

7 56 15 829. 23 12199

8 79 16 1161 24 " [17686

Table 1

After computing Pb and Pbs, the peak values of Pb and Pbs are labelled pp
5 and pps respectively. pp is reset to be equal to (pps — 5) if (pps — pp) > 5.

Below is the pseudo-C which uses pp to estimate T; and Tps:

Np = Emax|pp];
10 Rpp = Er /(Er1 + Np);
gamma = sfun(Rpp, 0, 0.8);
Ep = gamma*E, + (1 — gamma)*E;
if (En>=Ep)
En=0.7"Es+ 0.3%Ep;
15 else if (E4 <= Er_old)

{
Enp = 0.9995"E, + 0.0005*E,,
Er old =E;;
}
20 else

En = 0.995%E, + 0.005%E,;

The Emax values in table 1 were chosen experimentally based on a statistical
method. Samples (in this case, E;1) were collected under certain environments

25 (office, car, super-market, etc) and a histogram was generated based on the



1,i=D Thus, ais a forgetting factor. For Pb, a is chosen enpirically to
be 0.9988 and for Pbs, a is equal to 0.9688. 10 The value of D which is
used i n ByOoaBiodmws1431 is determned using table 1 bel ow $Sp&ciGiRcaldy, we
find the value of Emax in table 1 which is |owest but which is above the
I nput sanple En , and the corresponding Dis used in Equation B.1. Thus,
each D | abel s a correspondi ng band of values for En. For 15 exanple, if En
is 412, this the band up to Emax= 424, i18. the range corresponding to
D=13, and accordingly D=13 is used in Equation B.1. Thus, if En continues
to stay at a certain level, say in the band up to Emax(D), the weight of
the corresponding D value in the histogramw ||l start to build up to
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Similarly, all the factors in the first order recursive filters and the lower, upper

5 limit of the s-function above are chosen empirically. Once the noise energy E,
is obtained, the two signal detection thresholds T,; and T, are established as
follows:

Th1=61Ey B.5
10 Tn2 = 62 En B.6

81 and &, are scalar values that are used to select the thresholds so as to
optimize signal detection and minimize false signal detection. As shown in
FIG.5, T,s should be above the system noise level, with T, sufficient to be
15 generally breached by the potential target signal. These factors may be found
by trial and error. In this embodiment, 81 = 1.375 and &, = 1.675 have been

found to give good results.

~In comparison to the algorithms for setting 7,7 and Tp, in PCT/SG99/00119,

20 the noise level can be tracked more robustly yet faster. A further motivation
for the above algorithm for finding the thresholds is to distinguish between
signal and noise in all environments, especially noisy environments (car,
supermarket, etc.). This means that the user can use the embodiment any
where.

25
Time Delay Estimation (Tq) (STEP 528)

FIG 6A illustrates a single wave front impinging on the sensor array. The wave
front impinges on sensor 10d first (A as shown) and at a later time impinges on

30 sensor 10a (A’ as shown), after a time delay t4. This is because the signal



After conputing Pb and Pbs, the peak values of Pb and Pbs are | abelled pp

5 and pps respectively. pp is reset to be equal to (pps - 5) if (pps - pp)
> 5. Belw@oms3dshe pseudo-C which uses pp to estimate Tj &ad/SGO2001Mp =
Emex[ pp]; 10 Rpp = Erl /(Eri + Np); gama = sfun(Rpp, 0, 0.8); Ep =
gamma*Ep + (1- gamma) |; if(En>=Ep) En = 0. 7*En + 0.3*Ep;, 15 else if

(Er, <= Er old) { En = 0.9995*En + 0.0005*Ep; Er old = Eri; } 20 else En
= 0.995*En + 0.005*Ep; The Emax values i¥¥ table | were chosen :
experinmental ly based on a statistical nethod. Sanples (in this case, EI)
were col |l ected under certain environnents 25 (office, car, super-narket,
etc) and a hi stogram was generated based on the WO 03/036614 PCT/ S&2/ 00149

18 col | ect err?&lméﬁét ahranglé loe 40i @éq?éééllﬂﬂonﬁtmf BoRBight diredlifdit iIf hef sigakl on i s
rrom

conput ed and there the Emax val ues were decided. Simlarly, all the
factors in taiginated frog dee bosesighyi diesation: &ies timeadelpy th svikhavadiran zerdl i mit

of the s-fuq&éélg,p above are chosen enpirically. Once the noise energy En

5 Time delay estimation of performed using a tapped delay line time delay
estimator included in the processor 42 which is shown in Fig. 6B. The filter has a
delay element 600, having a delay Z2, connected to the reference channel 10a
and a tapped delay line filter 610 having a filter coefficient Wy connected to
channel 10d. Delay element 600 provides a delay equal to half of that of the

10  tapped delay line filter 610. The outputs from the delay element is d(k) and from
filter 610 is d'(k). The Difference of these outputs is taken at element 620
providing an error signal e(k) (where k is a time index used for ease of
illustration). The error is fed back to the filter 610. The Least Mean Squares

Walk+D=W () +2 1, S10a(Ke®) ...B.1

(LMS) algorithm is used to adapt the filter coefficient Wy as follows:
15

(W k+1)]
Whik+1)

Waulk+1)= o B2

(WHk+1) ]

~S foa (k)—
Stoa (%)

S1a(F)= I B3

| ST4a(R) ]



is obtained, the two signal detection thresholds Tnl and Tn2 are
established as follows: Tn9 = 81 En B.5 10 Tn2 = 82 En B.6 5, and 82 are
scal ar vawoas/0sdsat are used to select the threshol ds so a®PCreGovpiiMm ze
signal detection and mnimze false signal detection. As shown in FIGS5,
Tnl shoul d be above the system noise level, wth Tn2 sufficient to be 15
general ly breached by the potential target signal. These factors may be
found by trial and error. In this enbod2dent, 81 = 1.375 and 82 = 1.675
have been found to give good results. In conparison to the algorithns for
setting Tnl, and Tn2 in PCT/ S@&9/00119, 20 the noise |evel can be tracked
nore robustly yet faster. A further notivation for the above algorithmfor
finding the thresholds is to distinguish between signal and noise in al
envi ronnments, especially noisy environnents (car, supernarket, etc.). This
means that the user can use the enbodi mrent any where. 25 Tine Del ay
Estimation (Td)' (STEP 528) FIG 6A illustrates a single wave front inpinging
on the sensor array. The wave front ingbnges on sensor 10d first (A as
shown) and at a later tine inpingeg pa——40 sepgor 10a (A as shown), after
atinme delay td. This is because the skﬁméﬂ[mo 03/ 036614 PCT/ S&02/00149 19
originates at an angle of 40 degrees fromthe boresight direction. If the
signal originated fromthe boresight direction, the tinme delay td wll
have been zero ideally.

5 where By is a user selected convergence factor 0<p<2, | | denoted the norm of

a vector, k is a time index, L, is the filter length.

e®=d)-d'(%) .....B4

A=W alk ) -Sioa(¥) ....B.5

The impulse response of the tapped delay line filter 620 at the end of the
adaptation is shown in Fig. 6¢c. The impulse response is measured and the .
10 position of the peak or the maximum value of the impulse response relative to
origin O gives the time delay Tq4 between the two sensors which is also the angle
of arrival of the signal. In the case shown; the peak lies at the centre indicating
that the signal comes from the boresight direction (T4=0). The threshold 6 at
step 506 is selected depending upon the assumed possible degree of departure
15 from the boresight direction from which the target signal might come. In this
embodiment, 0 is equivalent to
* 15°,

20



5 Tinme delay estimation of performed using a tapped delay |ine tine delay
estimator included in the processor 42 which is showmn in Fig. 6B. The
filter hawoas/osshay el ement 600, having a delay Z u2, conmerised2b@4® he
reference channel 1 Ga and a tapped delay line filter 610 having a filter
coefficient Wd connected to channel 10d. Del ay el enent 600 provides a
del ay equal to half of that of the 10 tapped delay line filter 610. The
outputs fromthe delay elenment is d(k) dﬁ@ from filter 610 is d' (k). The
Difference of these outputs is taken at el enent 620 providing an error
signal e(k) (where k is a tinme index used for ease of illustration). The
error is fed back to the filter 610. The Least Mean Squares

W d( k+1) =W d{éimalizeti €538 Corefdtibn. Estln%tnbn(dgg)raﬂ §gg)i thmis used to adapt
the filter coefficient Wd as foll ows Wd(k+l) Wd(k+l)=
....... B.2 Wd(k+1) Sol od() SICd (k) SIAd'k) =. .......B.3 S%d R WO

user sl ect el C NG gene aorsepTvatarrpghes b B gt e

most distant channel 10d is calculated as follows:

Q

5
Samples of the signals from the reference channel 10a and channel 10d are
buffered into shift registers X and Y where X is of length J samples and Y is of
length K samples, where J>K, to form two independent vectors X; and Y;:
10
F L
Xr(z)
X,= | ..Cl1
_Xr(‘])_"_
o
y.(2)
Y,= 1 ..C2
| V.(K) ]
15

A time delay between the signals is assumed, and to capture this Difference, J is
made greater than K. The Difference is selected based on angle of interest. The
normalized cross-correlation is then calculated as follows:



a vector, kis atine index, Lois the filter length. e(k) =d(k)-dr(k)
...... B4 d (k)=wd(k )T SIQd(k) .....B.5 The inpul se response of the

t apped deweyslosdees filter 620 at the end of the adaptati olCrsGoosmoin Fig.
6¢c. The inpul se response is neasured and the 10 position of the peak or

t he maxi num val ue of the inpul se response relative to origin O gives the
tinme delay Td between the two sensors which is also the angle of arrival
of the signal. In the case shown, the pedk lies at the centre indicating
that the signal comes fromthe boresight direction (Td=0O . The threshold O
at step 506 is selected dependi ng upon the assunmed possi bl e degree of
departure 15 fromthe boresight direction fromwhich the target signa

m ght come. In this enbodinent, 0 is equivalent tot 15. 20 WD 03/036614
PCT/ S@2/ 00149 21 Nornalized Cross Cory’ed gti on Estimation CY (STEP 528)
The normalized crosscorrel ation Heté ef-&r-8nce channel 10a and the
nost di stant channel 1 Od is cal cul at 'E fiol | ows: 5 Sanpl es of the
signals fromthe reference channel 10a and channel 10d are buffered into
shift registers X and Y where X is of length J sanples and Y is of length
K sanpl es, where J>K, to formtwo independent vectors X. and Yr: 10 Xr Xr

(2)

X,
X(+1)

'Where, o Xu= 1 ...C4

L (K+1-1))

Where T represents the transpose of the vector and | | represent the norm of
the vector and | is the correlation lag. |is selected to span the delay of interest.
5 For a sampling frequency of 16kHz and a spacing between sensors 10a, 10d of

18cm, the lag | is selected to be five samples for an angle of interest of 15°.

The threshold T. is determined empirically. T. = 0.65 is used in this
embodiment.
10

Block Leak compensation LMS for Time Delay Estimation (STEP 526)

In the time delay estimation LMS algorithm, a modified leak compensation
form is used. This is simply implemented by:
15

Wiy =aWiy (where a=forgetting_factor ~=0.98)

. This leak compensation form has the property of adapting faster to the
direction of fast changing sources and environment.



xr=C1 Xr ("1) Yr Yr (2) Yr .:. C2 Yr (K) 15 Atine delay between the

signals is assuned, and to capture this Difference, J is mnade greater than

K. The Diwbaeseswes i s sel ect ed based on angl e of

cross-correlation is then calculated as foll ows: WO 03/ 036614

PCT/ S@2/ 00149 22 Cx(l)- it *Xr! ... C3 ~I~rll * (1J3(rill Xr Xr/J Il

1) Were ..

vect or

| ag.

frequency of 16kHz and a spaci ng between sensors 10a, 10d of

and |

Xrr = C. 4 xr(K+l -1) Were T represents the transpose of the
| represent. the normof thé&vector and | is the correlation

is selected to span the delay of interest. 5 For a sanpling

| is selected to be five sanples for an angle of interest of 15. The -
threshold Tr, is determined enpirically. Tc = 0.65 is used in this

enbodi nent .
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The impulse response of the tapped delay line filter with filter coefficients Wy
at the end of the adaptation with the present of both signal and interference

sources is shown in FIG.7. The filter coefficient W,y is as follows:

EAG]
W (k)

Wa -(k ) =

7.4 (k)]

With the present of both signal and interference sources, there will be more
than one peak at the tapped delay line filter coefficient. The Py ratio is

calculated as follows:

A= MaxW
where —L—Q—ASnsQ+A
2 2
B = MaxW
where 05n<—L22—A,L—O+A<n
poA_
A+B

A is calculated base on the threshold 6 at step 530. In this embodiment, with 6
equal to £15°, A is equivalent to 2. A low P ratio indicates the present of

strong interference signals over the target signal and a high P ratio shows

high target signal to interference ratio.



In the tinme delay estimation LMS algorithm a nodified | eak conpensation
formis used. This is sinply inplenmented by: 15 Wd =aWd (where

a=f or get twog3bastor -=0.98) This | eak conpensation form re3/SGogo@aoperty
of adapting faster to the direction of fast changi ng sources and o
environment. WO 03/036614 PCT/ SQ02/00149 23 Filter Coefficient Peak Ratio,
Pk (STEP 528) The inpul se response of the tapped delay line filter with
filter coefficients Wd 5 at the end of 2¢he adaptation with the present of
both signal and interference sources is shown in FIG7. The filter
coefficient Wd is as follows: WO (k) Wd (k) Wd .(k) 10 Wd(k) Wth
the present of both signal and interference sources, there will be nore

t han one peaRdaptivén8patipifaiterdtt (STEP8S3I2-536)r coefficient. The Pk ratio is
15 calculated as follows: A = MaxWd where LO A<n<LO+tA 2 2 B = MaxWd 20
where 0-<n< LO OtA<n 2 2

FIG.8 shows a block diagram of the Adaptive Linear Spatial Filter 44. The

function of the filter is to separate the coupled target interference and noise
5 signals into two types. The first, in a single output channel termed the Sum
Channel, is an enhanced target signal having weakened interference and
noise i.e. signals not from the target signal direction. The second, in the
remaining channels termed Difference Channels, which in the four channel
case comprise three separate outputs, aims to comprise interference and

10  noise signals alone.

The objective is to adopt the filter coefficients of filter 44 in such a way so as

to enhanced the target signal and output it in the Sum Channel and at the

same time eliminate the farget signal from the coupled signals and output
15 them into the Difference Channels.

The adaptive filter elements in filter 44 acts as linear spatial prediction filters
that predict the signal in the reference channel whenever the target signal is

present. The filter stops adapting when the signal is deemed to be absent.

20
The filter coefficients are updated whenever the conditions of steps are met,
namely:
i.  The adaptive threshold detector detects the presence of signal;
25 ii. The peak ratio exceéds a certain threshold;

iii. The running Rsq exceeds a certain threshold;

As illustrate in FIG.8, the digitized coupled signal X, from sensor 10a is fed
through a digital delay element 710 of delay Z'¥2. Digitized coupled signals
30 Xy, Xz, X3 from sensors 10b, 10c, 10d are fed to respective filter elements



A Pk _ A+tB Ais calculated base on the threshold 0 at step 530. In this
enbodi nent, with 0 25 equal to 15, Ais equivalent to 2. Alow Pk ratio

i ndi cat eswohg/oprsesent of strong interference signals ovelPCrls&or/anget
signal and a high Pk ratio shows high target signal to interference ratio.
WO 03/ 036614 PCT/ S@2/ 00149 24 Adaptive Spatial Filter 44 (STEPS 532-536)
FI G 8 shows a bl ock di agram of the Adapt'zé/e Linear Spatial Filter 44. The
function of the filter is to separate th€" coupled target interference and
noise 5 signals into two types. The first, in a single output channel
ternmed the Sum Channel, is an enhanced target signal having weakened
interference_and noise i.e. signals not fromthe target signal direction.
The second, 7H.fife Thenaitpuisg ronareiemnents MR, HiEF faee eswvemedaah S emmidig ch i n

i er o ence RNt 7S BRblE ot S TERTh e bt e befe Tyoga By

filter coeffatcthendividef efdnhdrtr7 ¥Wito ormUaB %m'aéhaﬁﬂeﬁéutpyﬁs@'ﬁaﬁﬁﬁfédo& Gt
e |

target signal and output it in the Sum Channel and at same t

el i m nat e t hEoMadiglay alegirat f1hns taleo cobiasteds frgmaltee amdputst plithe Fiterdiem

into the Dif . pitive fil I nts, in filter 44
acts as Iéijnegfi’g‘gcaﬁt z?lé gg?@d’% ctDlT@%reﬁgEt él:eé'ler}t%a'{ﬁ{)?,gdﬁ B ?'ﬁ@ugif@q{'ﬁl ea¢h ¢ he
reference chBifieetnoshefement fdrmingira)eéspéanal Differente £BBhnelT BatdUt | ighalSt OPS
adapti ng when the si gnal is deened to be absent._ 20 The filter coefficients
are updat ed WREAES ISP Hedckark 19 & respectivpshiltare” TRy¢,6. The function of the

~ delay element 710 is to time align the signal from the reference channel 10a
with the output from the filters 712,4,6.

10
The filter elements 712,4,6 adapt in parallel using the normalized LMS
algorithm given by Equations E.1...E.8 below, the output of the Sum Channel
‘being given by equation E.1 and the output from each Difference Channel
being given by equation E.6:
15
. S(k)+ X, (k
S (k) =20+ Xo (k) E.1
4
— M—l—
Where: S(ky=>"8,, (k) E.2
m=]
20 S, (&)= &N X, (k) E.3

Where m is 0,1,2...M-1, the number of channels, in this case 0...3 and "

denotes the transpose of a vector.



nanely: i. The adaptive threshold detector detects the presence of signal;
25 1i. The peak ratio exceeds a certain threshold; iii. The running Rsd
exceeds awoaswaiom t hreshold; As illustrate in FIG 8, the dacgiSGozed4zoupl ed
signal Xo fromsensor 10a is fed through a digital delay elenent 710 of
delay Z"'s" 2 Digitized coupled signals 30 X1, X2, X3 from sensors 10b,
10c, 10d are fed to respective filter elenents WO 03/036614 PCT/ S&2/ 00149
25 712,4,6. The outputs fromelenents 71692, 4:6 are sunmed at Sunmm ng

el enent 718, the output fromthe Summ ng el ement 718 bei ng divided by four
at the divider elenent 719 to formthe Sum channel output signal. The
output fromdelay elenent 710 is also subtracted fromthe outputs of the
filters 5 712,4,6 at respective Di[fxf epigncle el ements 720,2,4, the output
fromeach Difference element for gggggtrespective D fference channe

output signal, which is alsp %zg e the respective filter 712F§ 6.
The function of the delay el®nentj:710 is/ to time align the signal r%n1the
reference channel 10a wth the output %{on1the filters 712,4,6. 10 The
filter elements 712,4,6 adapt in L&WK using the normalized LM

al gorithmgiven by Equations E.1...E. 8 below, the output of the Sum Channel
bei ng given by equation E.1 and the output fromeach Difference Channel
bei ng given by equation E.6: 15 S(k) + X0 (k) & (k) =4 E. 1

[ 7o ()
m WSZ’ k
w k) =| =) E5
_WstLSU (k)_
5
Where Xin(k) and W, ™(k) are column vectors of dimension (Lsu x 1).
The weight Xim(k) is updated using the normalized LMS algorithm as follows:
10 0 (k) = X, (K) =S, (k) E.6
W (k+1) =W (k) +2u5, X, (K)d,, (k) E.7
Where: Mo = P E.8
., ®)
15

and where s, is a user selected convergence factor 0 < B, < 2, || || denoted

the norm of a vector and k is a time index.

20



Where: S(k) (k) EE2 M1 20 Sn, (k) _ (W,, (k)) T X, ,, (k) E3 Were mis
0,1,2...M1, the nunber of channels, in this case 0...3 and T denotes the
t ransposewofozasesect or. WO 03/ 036614 PCT/ SG02/ 00149 26 X, RCT(SGP2M014%) X2n,

(k) E-4 XLSU,, (k) W",', (k) Wsu, (k) = W,,2 (k) E5 nr WuLSU (k-)- 5
Where Xm(k) and WS" n(k) are columm vectors of dinension (Lsu x 1). The

wei ght Xm(k) is updated using the normalj,zed LMS al gorithmas follows: 10
acn, (k) = Xo (k) - sSn, (k) E6 W"." Tk + 1) =W" (k) + 2,u"uXn, (k)a.

(k) E.7 Where: ' = AUE. 8 Hsu" 111 (k)Il 15 and where Rsu is a user

sel ected convergence factor O < Rsu 2, 11 11 denoted the normof a vector

and k is a tinme index. 20 WO 03/036614 PCT/ SG02/ 00149
Running Rsg within Adaptive Spatial Filter (STEP 532)

To prevent filter coefficients being updated wrongly, conditions for updating a
block of N/2 samples is insufficient. Running Rsy is computed every N/2
5 samples and it's being used with other conditions to test whether that

particular sample should update or not.

Running Rgq is calculated as follows:

rsd = sum F.g
10
Where:
E,, =098E,, +0.02(abs[(S,(k+1))* -8, (k) S, (k+2)]) F.10
15 E,, =0.98E, +0.02(abs[(3,, (k+1)* -8, (k)8,, (k+2)]) F.11

Adaptive Spatial Filter Coefficient Restoration (STEPS 540-546)

In the events of wrong updating, the coefficients of the filter could adapt to the
20  wrong direction or sources. To reduce the effect, a set of ‘best coefficients’ is
kept and copied to the beam-former coefficients when it is detected to be

pointing to a wrong direction, after an update.

Two mechanisms are used for these:
25 A set of ‘best weight' includes all of the three filter coefficients (We,' — Weld).
They are saved based on the following conditions:



27 Running Rsd wthin Adaptive Spatial Filter (STEP 532) To prevent filter
coefficients being updated wongly, conditions for updating a block of N2
sanpl es 1wWOiImdsH6lid4 ci ent. Running RSd is conmputed every N PCTBGsanpkes and
it's being used with other conditions to test whether that particular
sanpl e shoul d update or not. Running RSd is calculated as follows: rsd F. 9
Em,,, + Eerr 10 Where: Ens,,,, = 0.98Es + 0.02(abs[(S,, (k +1))2 - S" (k)
S" (k + 2)]) F.10 15 Eery = 0. 98Eer. +%§.02(abs[(a. . (k +1))" - aC',
(k)a. (k + 2)]) F.11 Adaptive Spatial Filter Coefficient Restoration

( STEPS 540-546) In the events of wong updating, the coefficients of the
filter could adapt to the 20 wong direction or sources. To reduce the
effect, a sdailheh theests anefpidate entfiter icoefficintts ANy, tapicalktutated I, batinid or mer
coefficients when it is detected to b poiLnting to a wong direction

after an upmar?ﬁéd”'ﬁ%%m%vﬁ%“-saﬁ@r%&&ﬂk:f'Bft 8 H’%@é‘;e the Bﬂsglwsmew sekef

wei ght ' i nclfigdesorifici@its MRl BEREnd | k G S\ S They
are saved based on the fol ovmwhg corﬁ@%ﬁe(‘)nﬁg:st %%%0@%‘%&%?%9 862149
28 When t herretip ¢s saverhbaathe newfBR¢ er coefficients Wsu, the cal cul ated Pk2

ratio i55 conpared with the previous stored BPk, if it is above the BPK,
this new'set of filter coefficients shall beconme the new set of 'best

vei ght' and £eeeemd nf¥échanism is used to decide when the filter coefficients should be
restored with the saved set of ‘best weights’. This is done when filter
coefficients are updated and the calculated Py, ratio is below BPy and
threshold Tey. In this embodiment, the value of Tpy is equal to 0.65.
10

Calculation of Energy Ratio Rsq (STEP 548)
This is performed as follows:

8.0
8.()

8.= | L1

| S.(-1) ]

dO) [ da@] [ du@] [ dsO]
de(1) da(l) de (1) des(l)

3.0-D) [3a0-D] [4.0-D] |ds0-1)



ratio is saved as the new BPk. 5 A second nechanismis used to deci de when
the filter coefficients should be restored with the saved set of 'best

wei ght s’ .wOliB®3d6s4 done when filter coefficients are updatreda/ssogodihe
calculated Pk2 ratio is below BPk and threshold TPk. In this enbodi nent,
the value of TPk is equal to 0.65. 10 Cal cuI ation of Energy Ratio Rsd (STEP
548 This is perforned as follows: (0) ~ (1) S~ F.1 (J-1)- d, (0)
da (0) 12 (0) 13(0) do (1) d., (1) 12 ( ac3(1) + +...F.2 dC(J-1) Al (]
- 1)12(J-1) 13(J-1) WO 03/036614 PCT/ S02/00149 29 J=N 2, the nunber of
sanples, in this enbodi mrent 256. Where EsuMis the sum channel energy and
EDIF is the difference channel J-2 EsuM= 1) ..... F.3 J-2.;=1 energy. J-2
2 - 'sum J=N/2, the number of samples, in this embodiment 256.

Where Esym is the sum channel energy and Epg is the difference channel

J-2
ESUM=‘LZSC(]) -S.G-1)8.G-1) ...F.3
energy.
E zd (;Rf‘ng 1)% 1) ...F4
DIF ™ 3(.] 2)1_1 V- dAl=-17g:0-14) ...

5 The energy ratio between the Sum Channel and Difference Channel (Rsq) must
not exceed a predetermined threshold. In the four channel case illustrated here
the threshold is determined to be about 1.5.

Calculation of Power Ratio Pisq (STEP 548)

10
This is performed as follows:
3.0 |
$.(1)
S, =
15
_Sc (J - 1)_
(0.0 | [ 20 ][ 8.0 ][ 2.0
20 ac (1) acl (1) acZ (1) 803 (l)
ér: = = + +
0.(/-1)] [8.(-1)] [0,(/-1)] [8,(/-1)]




EDtr3J-2 6R)3=4F-V- ~-1) ..... F.4 j=I 5 The energy ratio between the Sum
Channel and Difference Channel (Rsd) nust not exceed a predeterm ned

t hr eshol dwoloa/osdses4 f our channel case illustrated here thePChrS&soid9i s
determned to be about 1.5. Calculation of Power Ratio Pd (STEP 548) 10
This is performed as follows: s~ (0) (1) Sc _ 15 A (J-1) MO Kk, (0)
act(o) a,73(0) 20 (1) 5,1(1) aC2.(1) aC3(1) aC + + aC(J-1) a0 (J-1)
ac2(J-1) aC3(J-1) WO 03/036614 PCT/ S@2/ 69149 30 J = N2, the number of
sanples, in this enbodi rent 128. Wiere PsuMis the sum channel power and
PDIF is the difference channel 5 power. 1 J-1 P 1= &i)2 j=0 1r-' (j)z

J = N/2, the number of samples, in this embodiment 128.

Where Psyu is the sum channel power and Ppy is the difference channel

5 power.
1 J-1 )
Pging “‘J‘ S, (J)
j=0
P 3 1 .I—lé ()2
10 DIF "E(J_)jzo c\J
P =.‘ PSUM
rsd PDIF

The power ratio between the Sum Channel and Difference Channel must not
15  exceed a dynamic threshold, Tprsq.

Calculation of Energy Ratio Factor Rsgs (STEP 548)

This Energy Ratio Factor Ry is obtained by passing the Rgq to a non-linear S-
20 shape transfer function as shown in FIG. 9. Certain range of the R¢q value can
be boosted up or suppressed by changing the shape of the transfer function

using different sets of threshold level, S, and S;.

Dynamic Noise Power Threshold Updating Tprsq (STEP 550)

25
This dynamic noise power threshold, Tpisq is updated base on the following
conditions:
If the reference channel signal energy is more than 700 and power ratio is

less than 0.45 for 64 consecutive processing blocks,

30 Tersa = 01™ Tprsg + (1-011)*Prsg



10 PDI F=3J~E=&(] ) 2)=0Pad = puny D)F The power ratio between
the Sum Channel and D fference Channel nust not 15 exceed a dynam c .

t hreshol dwoTpiosai4 Cal cul ati on of Energy Ratio Factor Rsdf PCEBER2/B018) This
Energy Ratio Factor Rsdf is obtained by passing the Rsd to a non-linear S
20 shape transfer function as shown in FIG 9. Certain range of the Rsd
val ue can be boosted up or suppressed b% changi ng the shape of.the
transfer function wusing different sets ¥ threshol d level, SL and SH.
Dynami ¢ Noi se Power Threshold Updating TPsd (STEP 550) 25 This dynanic
noi se power threshold, Tprsd is updated base on the followi ng conditions:
| f the reference channel signal energy is nore than 700 and power ratio is
| ess t han 0.§gef'5ﬂ"e€$f€2f§ﬁ§%§b@mw Swflatéﬁefgygswsmﬂtmn 730, fpersd = al* Tprsd +
(1-al)*Prsd WO 03/036614 PCT/ S@2/00149 31 Else if the reference channel
signal energy is |ess than TAQ,= tbieTsqFp(tsdy)*Mar* Pigar sd + (1-a2)*Max Prsd
In this enbodinent, a, = 0.67, a2 = 0.98 and Max Prsd = 1.3 have been

f ound to gi vie go@nitssuient, & Adamlyi & & 10.65HEMS Brid & 148 haod Bioen
4-55
2> ) found to give good results.

Adaptive Interference Filter 46 (STEPS 554-558)

FIG.10 shows a schematic block diagram of the Adaptive Interference Filter
46. This filter adapts to interference signal and subtracts it from the Sum
10 Channel so as to derive an output with reduced interference noise.

The filter 46 takes outputs from the Sum and Difference Channels of the filter
44 and feeds the Difference Channel Signals in parallel to another set of
adaptive filter elements 750,2,4 and feed the Sum Channel signal to a
15 corresponding delay element 756. The outputs from the three filter elements
750,2,4 are subtracted from the output from delay element 756 at Difference
element 758 to form and error output e, which is fed back to the filter
elements 750,2,4. The output from filter 44 is also passed to an Adaptive
Signal Multiplexer to mix with filter output from filter 48 and subtract it from the
20 Sum Channel.

Again, the Least Mean Square algorithm (LMS) is used to adapt the filter
coefficients W, as follows:
ea(k)=S, (k)-8 (k) (1)
25 ’
M-1

Where  §,(k)=>0,,(k) and 0,@E)=w Gy T"k (.2)

m=1



FI G 10 shows a schematic block diagramof the Adaptive Interference Filter
46. This filter adapts to interference signal and subtracts it fromthe Sum
10 Channewogo/0as14 0 derive an output with reduced interfePemseozoige. The
filter 46 takes outputs fromthe Sumand Difference Channels of the filter
44 and feeds the Difference Channel Signals in parallel to another set of
adaptive filter elenments 750, 2,4 and feeg the Sum Channel signal to a 15
correspondi ng del ay el enent 756. The out fits fromthe three fil ter elements
750, 2,4 are subtracted fromthe output fro @el@)fel ement 756 at foerence
el ement 758 to form and error output ecl, i @7 1's| fed back to the filter
el ements 750, 2,4. The output fromfilter 44 Ia&mg‘l)so passed to an Adaptive
Signal Multiplexer to mx with filter o t)pu fromffilter 48 and subtract it
fromthe 20 Sum Channel. Again, the Il’é'zls =|Mean Square al gorithm (LI\/S§ S

used to adapt the filter coefficients Wq [as folljows: e, 1(k) :"S~ - S,
(k) (1.1) 25 M1 Were S, (k) =a,,,, (k) [and.5 ,|,, (k)= W, ,q (kf”Y (k
(1.2) nrl WO 03/036614 PCT/ SQ02/00149 32 |15 a, ,(k)(k) ac2,,, (k) Y"" (k)
(1.3) aclLugn, (k) cLugm 1™ |
5 Wm(k 1)___Wm(k) 2umym(k k (|4)
ugq +1)= ug + luuq ( )ecl()
. B (1.5)
Huo =7
”Y +lecll

10 and where g, is a user select factor 0<p,<2 and where m is 0,1,2....M-1,

the number of channels, in this case 0..3.

When only target signal is 'present and the Interference filter is updated
wrongly, the error signal in equation 1.1 will be very large and the norm of Y™

15 will be very small. Hence, by including norm of error signal ||ec1

| into weight

updating u calculation (equation 1.5), the u will become very small whenever
there is a wrong updating of Interference filter occur. This step help to prevent
a wrong updating of weight coefficients of Interference filter and hence reduce
the effect of signal cancella;tion.

20
Adaptive Ambient Noise Estimation Filter 48 (STEPS 562-566)

FIG.11 shows a schematic block diagram of the Adaptive Ambient Noise
Estimation Filter 48. This filter adapts to the environment noise and subtracts

25 it from the Sum Channel so as to derive an output with reduced noise.

The filter 48 takes outputs from the Sum and Difference Channels of the filter
44 and feeds the Difference Channel Signals in parallel to another set of
adaptive filter elements 760,2,4 and feed the Sum Channel signal to a



Wiqg (k +1) = Wgq (k) +2,uH (1.4) (k)ecl (k) n, _ o (1.5 'Uno Il
Y,n Il + Ilecl Il 10 and where Nugq is a user select factor 0<flng<2 and
where m iwo@3036814 . . M1, the nunber of channels, in thisPcasso00139 When
only target signal is present and the Interference filter is updated
wongly, the error signal in equation 1.1 will be very large and the norm
of Y 15 will be very small. Hence, by 5§cl udi ng norm of error signal
Iles, Il into weight updating p cal culation (equation 1.5), the ,u wll
becone very small whenever there is a wong updating of Interference
filter occur. This step help to prevent a wong updating of weight

coefficients of Interference filter and hence reduce the effect of signal
cancel | at i onCOTSRSPRNGHY delaxr@lpaent N66s d hesautputsi fopmAhettbreel Blt¢rsTierents

562-566) FI ' [ he A ive. Anbi ent

Noi se Esti r%??%%hla—ﬁts gtr)ﬁ%gsgﬁﬁng ﬂ?‘% I%t% @Lﬂéﬁ%&@l&eﬁe@er&% & e se
and subt r actelen&hiti 168 tonfotrheaiirerraoomlut s, awhich #eféd daaR RUEHIHeF t h
reduced noi & Th(te I7 bt2e41 _ﬂ%]t aﬁé outputs fromthe Sumand Difference
Channel s of THAESYS é 12,9410 QUIPAE from Rike#9 plsearrssediiamneAdaptiyeaBignah
paral l el g0 ®g Qfwi } i - el : feed the
Sum Channel si gir?!}?( etrgsgn%lggﬂ @@%%q@%@ﬁg%@%@@%u@g%@; ?@E"ﬂﬂﬁdsw del ay
el ement 766.Ch@@n&lut puts fromthe three filter elenents 760,2,4 are

subtracted fromthe output fromdelay elenment 766 at Difference el enent
768 to formand error output ec2, which is fed back to the filter

Again, the Least Mean Square algorithm (LMS) is used to adapt the filter
10  coefficients W,, as follows:

., (k)=5.(k)-5,(k)

M-1

Where: S, (k)= Y.3,,(k) and@,, k)= &Y Y" k)

no
m=1

F aclm (k) 1
15 a(.‘Zm (k)
Y™ (k)=
_a cLnom (k )J
20
W e+ 1) =W, (k)+ 244 7" (ke ()
m IB no
luno = m
7|
25

and where 3, is a user select factor 0<f,, <2 and where m is 0,1,2....M-1,

the number of channels, in this case 0...3.



el enents 760, 2,4. The output fromfilter 48 also passed to an Adaptive
Signal 5 Miltiplexer to mix with filter output fromfilter 46 and subtract
it from twe osusic1£hannel . Again, the Least Mean Square al @omiSGozn(1Ld/b) | S
used to adapt the filter 10 coefficients WO as follows: e 2(k)=Sc(k)-S
(k) M1 Were: S"(k)= a,,,(k) anda,,,,(k)=Wo' (kT.Y(k) n, :lnacl m (k) 15
ac2. (k) Yn7(k) a cLnon, (k) 20 W ‘0 (§4+ 1) = W(k) + 2,u, ,an,' (k)ec2
(k) 10 ,Uno I1YmI 25 and wher e a user select factor 0<Q', <2 and
where mis 0,1,2.... M1, the nunber of channels, in this case 0...3. WO
03/ 036614 PCT/ SG02/ 00149 34 Adaptive Signal Miltiplexer (STEP 568) FIG 12
shows a schemat e bI ock di agram of the Adapt ive Signal Multiplexer. This
mul ti pl exer Qg8 N Eroopdut frominterference filter 46 Si
5 and anbi ent n0| se filter 48 S to produce two interference signals and Is
as follows: ,(t)= Welsi Ct)+We2sn (t

FIG.12 shows a schematic block diagram of the Adaptive Signal Multiplexer.

This multiplexer adaptively multiplex the output from interference filter 46 Si
5 and ambient noise filter 48 S, to produce two interference signals /; and /s as
follows:

10 ]c(t)z WelSi(t)—*- WeZSn(t

](t)_ W (t)"'anSn(t)

The weights (Wes, Wez) and (W1, Wi2) can be changed base on different
15 input signal environment conditions to minimize signal cancellation or improve
unwanted signal suppression. In this embodiment, the weights are determined

base on the following conditions:

If target signal is detected and updating condition for filter 46 (652) and filter
20 48 (560) are false then W,y = 0, Waz = 1.0, W;,; =0.8 and W, = 1.0.

Else if no target signal is detected and updating condition for filter 46 (5652) is

true then Wes = 1.0, We2 = 1.0, Wys =1.0 and W,, = 1.0.

Else if no target signal is detected and updating condition for filter 46 (652) is

false and updating condition for filter 48 (560) is true then W, = 0, We2 = 1.0,
25 Whr=1.0and Wy, = 1.0.

Ic is subtracted from the Sum Channel S'c so as to derive an output es with

reduced noise and interference. This output es is almost interference and
noise free in an ideal situation. However, in a realistic situation, this cannot be
30 achieved. This will cause signal cancellation that degrades the target signal
quality or noise or interference will feed through and this will lead to

degradation of the output signal to noise and interference ratio. The signal



i. (t)=WwWlsi (t)+ W,2 S,, (t) The weights (We,, W2) and (W>, W2) can
be changed base on different 15 input signal environnment conditions to

m ni m ze wWogaabéetcancel | ation or inprove unwanted signal apmGezsien. | n
this enbodi ment, the weights are determ ned base on the follow ng
conditions: If target signal is detected and updating condition for filter
46 (552) and filter 20 48 (560) are fal then Wt = 0, We = 1.0, W1
=0.8 and W2 = 1.0. Else if no target si%‘ﬁal is detected and updating
condition for filter 46 (552) is true then Wt = 1.0, We = 1.0, W1 =1.0
and W2 =1.0. Else if no target signal is detected and updating condition
for filter 46 (552) is false and updating condition for filter 48 (560) is
true then WeanceflationeproblemOis reglicgd in the @lesndbett 2mbatlideni byiusesabtheact ed

fromthe Su nne so.as to derive an output es wt educed poi se
and int erfe%%@!vﬁpgﬁ%u@gﬁ? 4%5 \Aﬂgcthlr Si eﬁ%&eﬂgﬁag“?@kaﬂ%i'g@ ein
an ideal sitpgferdtibe WENRIRI, Holeveredh i §ddes SHarat RN sigridil Stoc o iy 30
achieved. This will cause signal cancellation that degrades the target

si gnal qualintgffesencemisseery highsenietesgrisignalimaesil leak ditghihessichannelsi | |

l ead to 5degradati on of the output signal to noise and interference ratio.
The signal WO 03/036614 PCT/ SG02/ 00149 35 cancellation problemis reduced

in the descrideégritsrredus® e yrgessightl tdrcelldiew brottepaid @hwﬁh‘céoeéiglﬁél

whi ch reduces the target signal |eakage into the D fference Channel.

However, in fegdethroigt dotthe siipuhl they olprs eutpnl sigmalefrery ddeptive Siengl hi gh,

sone target i@ Sta Ll . i - NEeSE, I furt reduce

oo onde! LB 51 O el B NGrERRAE el B i
Suppression Processor 50.

10

Adaptive Non-Linear Interference and Noise Suppression Processor 50
(STEPS 570-590)

This processor processes input signals in the frequency domain coupled with
15  the well-known overlap add block-processing technique.

Sc(t), es(t) and Is(t) is buffered into a memory as illustrated in FIG.13. The
buffer consists of N/2 of new samples and N/2 of old samples from the
previous block.

20 |
A Hanning Window is then applied to the N samples buffered signéls as

illustrated in FIG.14 expressed mathematically as follows:

S, (t+1)

_|S.¢+2)

Si=|. oH (H.3)

S.(t+N)
25



feed through to the output, the other output signal from Adaptive Signal
Multiplexer ISis fed into the Adaptive Non-Linear Interference and Noi se
Suppr essiwp Ba@essor 50. 10 Adaptive Non-Linear |nterfer@asSGandoiMpi se
Suppr essi on Processor 50 (STEPS 570-590) This processor processes input
signals in the frequency domain coupled wwth 15 the well-known overlap add
bl ock- processing technique. S, (t), eS(t) and I1S(t) is buffered into a

menory as illustrated in FIG 13. The buBfer consists of N2 of new sanpl es
and NV 2 of old sanples fromthe previous block. 20 A Hanning Wndow is
then applied to the N sanples buffered signals as illustrated in FIG 14
expressed mathematically as follows: Sjt+l) S, (t + 2) S,, H, (H3)

S~ (t + N 25 WD 03/036614 PCI}SEA240pP149 36 es (t+1) es (t+2) Eh = H
(H4) es (t+N) I, (t + 1) :

£, =|>*? |og, (H.4)
e, (t+N)
I (t+1)

1= oy, (H.5)
L+N)

5 Where (Hy) is a Hanning Window of dimension N, N being the dimension of
the buffer. The “dot” denotes point-by-point multiplication of the vectors. T is a
time index.

The resultant vectors [Sy], [En] and [ln] are transformed into the frequency
domain using Fast Fourier Transform algorithm as illustrated in equation H.6,
10 H.7 and H.8 below:

S, =FFT(S,) (H.6)
E, =FFT(E,) (H.7)
15 4
I, =FFT(I,) (H.8)
A modified spectrum is then calculated, which is illustrated in Equations H.9
and H.10:
20

P =,Re(Sf)|+|Im(Sf)!+F(Sf)*rs (H.9)

P, =[Re(I )| +[Im(I, )|+ F(I,) *r, (H.10)



Is (t+2) Ih = H (H5) I, (t +N 5 Were (H) is a Hanning W ndow of
dimension N, N being the dinension of the buffer. The "dot" denotes

poi nt - by-woioaw3asud ti pl i cati on of the vectors. T is a tinmPCirrsdox001The
resultant vectors [Sh], [Eh] and [Ih] are transfornmed into the frequency
domai n using Fast Fourier Transformalgorithmas illustrated in equation

H 6, 10 H 7 and H. 8 bel ow. Sf =FFT(Sh) éH. 6) Ej = FFT(E ) (H7) 15 1If =
FFT(1h) (H.8) A nodified spectrumis théh calculated, which is illustrated
in Equations H9 and H 10: 20 PS =IRe(Sf)I+l I m Sf)I+F(Sf)*rs (H 9) P,
=IRe(If)lI+1Im(If)lI+F(If)*r, (H 10) WO 03/036614 PCT/ SQ02/00149 37 Were
"Re" and "Inl refer to taking the absolute values of the real and

i magi nary parts, rs and rl1 are scalars and F(Sf) and F(I1f) denotes a

function of f angd If respegtively. 5 One preferred function F using a
power functi OGS gﬁ%mﬂ”‘ﬁeﬂﬁwrﬁére@uﬁﬁl‘i'% they abisolife values vifethe rezingnd

denotes the goagnéry P4, Y98h& ™, are scalars and F(Sy) and F(l;) denotes a function of
St and s respectively.

5
One preferred function F using a power function is shown below in equation
H.11 and H.12 where “Conj’ denotes the complex conjugate:
P, =|Re(sf)|+|1m(sf)]+(sf *conj(S ) *r, (H.11)
10
P =|Re(1,)|+]1m(1f)y+(1f *conj(I,))*r, (H.12)
A second preferred function F using a multiplication function is shown below
in equations H.13 and H.14:
15
P, =lRe(Sf)}+|Im(Sf)‘+‘Re(Sf)l*IIm(Sf)|*rs (H.13)
P, =[Re(Z,)| +[tm(Z )| +[Re(Z, )| *[Im(7 )| 7, (H.14)

20 The values of the scalars (rs and ) control the tradeoff between unwanted
signal suppression and signal distortion and may be determined empirically.
(rs and r;) are calculated as 1/(2°) and 1/(2') where vs and vi are scalars. In
this embodiment, vs=vi is chosen as 8 giving rs = r; = 1/256. As vs, Vi reduce,
the amount of suppression will increase.

25

Frequency Scan for similar peak between Ps.and P;.

Pi may contain some of the frequency components of Ps due to the wrong

estimation of P;. Therefore, frequency scanning is applied to both Ps and P; to



Ps =IRe(Sf)I+1Im(Sf)lI+(Sf *conj(Sf))*rs (H 11) 10 P. _ (Re(l f )I + 11l
f)yr + (If * conj (I f)) *r, (H12) A second preferred function F using
a mul ti plwoabioasms1f uncti on is shown below in equations H P8Tsad2/b1dg: 15 PS
=IRe(Sf)I+I I m(Sf)I+IRe(SF)I*1Im(Sf)I*rs (H 13) P,.
=IRe(1f)lI+lIm(If)l+IRe(If)I*IIn(If)l*r, (H 14) 20 The val ues of the
scalars (rs and rl1) control the tradeoff between unwanted signal
suppression and signal distortion and ma§8be determ ned enpirically. (rs
and rl) are calculated as 1/(2"S) and 1/(2"') where vs and vi are scal ars.
In this enbodi nent, vs=vi is chosen as 8 giving rs =rl1 = 1/256. As vs, Vi
reduce, the anmount of suppression will increase. 25 Frequency Scan for

sim|ar peakicoktforthe ReEkarid tiRd safe freyuereiodmibdiemes. For tiesd POARSIAGY, is
conponents of Ps dﬁi%{itg the wong  estimation of P1. Therefore, frequency

scanning is I"EiPligd By@n aiteruiatiop-fagter whiahas shesen tebg Ostiviningase. 38
| ook for the peaks in the sanme frequency conponents. For those peaks in P;
is then nultiplied by an attenuation factor which is chosen to be 0.1 in

191 ng i he, Bag 5 by ooy Ao e g enoRRaeh DENK el e
Juang, %mqgfﬁngFQPy gg‘@%e%ﬁﬁ?ek%ﬂﬁ?ﬁ?%nRabF@ﬁt ie0d Haing 1@‘9@[‘8 'ﬂml@ngunber
canpling of - Laripoe Bt SRBARHRoEBgpEn JoreLE el AT 3 e bPBaRear
Spect rum of ¢migpl bands depends on the sampling frequency used. For a sampling of
16kHz, there will be Nb = 22 critical bands. The warped Bark Spectrum of (Ps)
and (P;) are denoted as (B;) and (B;).

10
Voice Unvoiced Detection and Amplification
This is used to detect voice or unvoiced signal from the Bark critical bands of
sum signal and hence reduce the effect of signal cancellation on the unvoiced
signal. It is performed as follows:
16 -
[ 5,(0)
B,(1)
B, =|
| B. (W)
20 k
Vsum = Z B 5 (n)
" where k is the voice band upper cutoff
Nb
Usum = Z Bs (n)
n=l
where / is the unvoiced band lower cutoff
25

. .U
Unvoice _ Ratio = —2

sum



and (P;) are denoted as (Be) and (B;). 10 Voice Unvoi ced Detection and
Amplification This is used to detect voice or unvoiced signal fromthe Bark
critical wend®3@i4 sum signal and hence reduce the effect pofi/ssiogynako

cancel lation on the unvoiced signal. It is perfornmed as follows: 15 Bs (0)
BS (1) BS = BS(Nb) 20 k I Vsu"i -LB., (n) i-0 where k is the voice band
upper cutoff Nb | U =l B5 (n) "=r where / is the unvoiced band | ower

cutoff 25 Unvoice -Ratio = US""" V., W3®3/036614 PCT/ SG2/00149 39 |f
Unvoi ce Ratio > Unvoice Th Bs(n)=Bs(n)xA 5 where 1< n<_ No In this
enbodi nent, the value of voice band upper cutoff k, unvoiced band

If Unvoice_Ratio > Unvoice_Th
B,(n)=B,(n)x 4
5 where /<n< Nb

In this embodiment, the value of voice band upper cutoff k, unvoiced band
lower cutoff /, unvoiced threshold Unvoice_Th and amplification factor A is
equal to 16, 18, 10 and 8 respectively.

- 10 A Bark Spectrum of the system noise and environment noise is similarly
computed and is denoted as (B,). B, is first established during system
initialization as B, = Bs and continues to be updated when no target signal is

detected (step) by the system i.e. any silence period. B, is updated as follows:

15 if (Erz < Ta1) || (loop_cnt < 20))

{
if (Es < nl1)}
o =0.98;
. else
20 o = 0.90;
nl1 = a*nit + (1 — a)*Ep;
Bn=a*Bn + (1 — o)*Bs;
}

25
Using (Bs, Bi and Bp) a non-linear technique is used to estimate a gain (Gy) as
follows:

First the unwanted signal Bark Spectrum is combined with the system noise
30 Bark Spectrum by using as appropriate weighting function as illustrate in
Equation J.1.



| ower cutoff 1, unvoiced threshold Unvoice Th and anplification factor Ais
equal to 16, 18, 10 and 8 respectively. 10 A Bark Spectrum of the system
noi se andwermios@ment noise is simlarly conputed and i sPderseoedoias (Be).
Bn is first established during system initialization as Bn = Bs and
continues to be updated when no target signal is detected (step) by the
systemi.e. any silence period. Bn is up ated as follows: 15 if ((Er3 <
Tni) Il (loop_cnt < 20)) { if (Er3 < nll)} a =0.98; else 20 a = 0.90; ni
=a*nll + (1 - a)*Erl; Bn =a*Bn + (1 - a)*Bs; } 25 Using (Bs, B; and Bn)
a non-linear technique is used to estinmate a gain (&) as follows: First
the unwanted signal Bark Spectrumis conbined wwth the system noise 30
Bar k Spectrum by using as appropriate weighting function as illustrate in
Equation J.1. WO 03/036614 PQE%%FDS%2£149 40 By = 921B1 +922B,, ( 1%) Q
and 2 are wei ghts whose can™ e R enpirically so as to maxi m¥Ze’/ 5
unwant ed signals and noi se suppression with mnim zed signal distortion. In

Q4 and Q, are weights whose can be chosen empirically so as to maximize
5 unwanted signals and noise suppression with minimized signal distortion. In
this 4embodiment, Q¢ =1.0and Qp=0.25.

Following that a post signal to noise ratio is calculated using Equation J.2 and
J.3 below:
10

po

B
R == J.2
B, (J-2)

R =Rpo _INbxl (J3)

pp
The division in equation J.2 means element-by-element division and not
16 vector division. Rp, and Rpp are column vectors of dimension (Nb x1), Nb
being the dimension of the Bark Scale Critical Frequency Band and Inpx1 is a
column unity vector of dimension (Nb x 1) as shown below:

7, 1) ]
R, = r" @ (J.4)
r,, (D) |
20
7 D
R, = :r""(z) (J.5)

| 7o (VD) | A



this enbodiment, ¢ = 1.0 and 922 = 0.25. Follow ng that a post signal to
noi se ratio is calculated using Equation J.2 and J.3 below 10 Rpo = Bs
(J.2) BywBpposdepo -1 Nox1l (J.3) The division in equationPETARGIR6NS9

el enent - by- el enent division and not 15 vector division. Rpo and Rpp are
colum vectors of dinmension (Nb x1), Nb being the dinension of the Bark
Scale Critical Frequency Band and INbxl is a colum unity vector of

di mension (Nb x 1) as shown bel ow. rpO (ﬂ Rrpo (2) (J.4) po rp0 (Nb) 20
rpp (1) RPP =rpp (2) (J.5) rpp (Nb) WO 03/036614 PCT/ SG02/00149 41 1
INbx1 = (J.6) 1 If any of the rpp elenents of Rpp are |less than zero, they
are set equal to zero. 5 Using the Decision Direct Approach [see Y.

Ephrai m and D. Mal ah: Speech 1

1
Ly =|. (J.6)

If any of the rp, elements of Ry, are less than zero, they are set equal to zero.

5 Using the Decision Direct Approach [see Y. Ephraim and D. Malah: Speech
Enhancement Using Optimal Non-Linear Spectrum Amplitude Estimation;
Proc. IEEE International Conference Acoustics Speech and Signal Processing
(Boston) 1983, pp1118-1121.], the a-priori signal to noise ratio Ry is
calculated as follows:

10
B,
B

Y

Rpr =(1_ﬂi)*‘Rpp +ﬂi *

J.7)

The division in Equation J.7 means element-by-element division. B, is a
column vector of dimension (Nb x 1) and denotes the output signal Bark Scale
15 Bark Spectrum from the previous block B, = Gy, x Bs (See Equation J.15) (B,
initially is zero). Ry is also a column vector of dimension (Nb x 1). The value

of B is given in Table 2 below:

i 1 2 3 4 5
Bi 0.01625 0.1225 0.245 0.49 0.98

Table 2

20
The value i is set equal to 1 on the onset of a signal and B; value is therefore

equal to 0.01625. Then the i value will count from 1 to 5 on each new block of



Enhancenent Using Optimal Non-Linear Spectrum Anplitude Estimation; Proc.

| EEE I nternational Conference Acoustics Speech and Signal Processing

(Bost on) wO83/03¢gspd118-1121.], the a-priori signal to noi S@CTSGIYORPY i S
calculated as follows: 10 Rpr = (1- f,) * Rpp tA* B (J.7) By The
division in Equation J.7 neans el enent-by-elenent division. Bo is a colum
vector of dinmension (Nb x 1) and denotes the output signal Bark Scale 15
Bark Spectrum fromthe previous bl ock Bo#Z Gb x BS (See Equation J.15) (Bo
initially is zero). Rpr is also a colum vector of dinension (Nb x 1). The
value of X31 is given in Table 2 below. i 1 2 3 45 Pi 0.01625 0.1225
0.245 0.49 0.98 Table 2 20 The value i is set equal to 1 on the onset.of a

signal and [Ri2 sahplesigrotbsyef aidsta9@ud uriti) tie §i46abis ofhathd inillistar@ Friaen wi | |
count from1l to 5 on each new bl ock of WO 03/ 036614 PCT/ SG02/00149 42 N 2

sanpl es proctagatn afrihe Nexy signabongatiandithe Bsisdaken rscemdinglthe i will start
from 1 again at the next signal onset and the R is taken accordingly.
I nstead of P3; being constant, in this enbodinent R is nmade variable and

starts 5 atingtedidedf p; baintecistate irtthseen®odirientsy; W AadeOva=dYEBhd starts
suppression of the target signal and increases, preferably exponentially,

to snoot I Rpat a mathvahie at ther onset dthasignebtoagreivent suppression of the target
signal and increases, preferably exponentially, to smooth R

From this, R, is calculated as follows:

10 R =L (J.8)
" [Nbxl +Rpr .

The division in Equation J.8 is again element-by-element. R is a column
vector of dimension (Nb x 1).

15  From this, Ly is calculated:
Lx = Rrr [ ] Rpo (Jg)

The value Ly of is limited to Pi (~3.14). The multiplication is Equation J.9
20 means element-by-element multiplication. L is a column vector of dimension

(Nb x 1) as shown below:

1.(1)
L@

=11 ) (J.10)

[ (ND) |



10 Rer = R (J.8) |INoxl +Rpr The division in Equation J.8 is again
el ement-by-elenent. Rrr is a colum vector of dinension (Nb x 1). 15 From
this, LXWeosabow ated: Lx = Rrr Rpo (J.9) The val ue LXPefi/SGo2/himeted to
Pi (Pe3.14). The multiplication is Equation J.9 20 neans
el enment-by-elenent nmultiplication. LX is a colum vector of dinension (Nb
x 1) as shown below 1.(1) Ix (2) Lx Ix(anb) (J.10) Ix (Nb) WO 03/036614
PCT/ S&02/ 00149 43 A vector Ly of di mengton (Nb x 1) is then defined as:
ly, (1) ly,(2) Ly, ly,(nb) (J.11) 1Y (Nb) 5 Where nb = 1,2... Nb. Then Ly
is given as: |y (nb) = exp E(nb)y (J. 12) 2 and 10 E(nb) = -0.57722
-log(lx (nb)) + Ix (nb) - (Ix (nb))Z + (Ix (nb))3 - (Ix (nb))4 4 8 96

A vector Ly of dimension (Nb x 1) is then defined as:

[1,(1)
1,(2)
L= Lot (J.11)
|7, (ND) |
5 Where nb=1,2...Nb. Then Ly is given as:
1, (nb) =exp(E(;b)) | (J.12)
and
10 E(nb) = 057722 ~log(, (nb) +1, (nb) — L2 DI S L)

4 8 96
(J.13)

E(nb) is truncated to the desired accuracy. Ly can be obtained using a look-up
table approach to reduce computational load.

15
Finally, the Gain Gy, is calculated as follows:

Gb =‘Rrr‘Ly (J14)

20 The “dot” again implies element-by-element muitiplication. G, is a column

vector of dimension (Nb x 1) as shown:



(J. 13) E(nb) is truncated to the desired accuracy. Ly can be obtai ned
using a |l ook-up table approach to reduce conputational |oad. 15 Finally,
the Gain Wb B®3@ad cul ated as follows: Gb = Rrr Ly, (J.14pCTAG0Th@E49 dot "
again inplies elenment-by-elenent nmultiplication. Gb is a colum vector of
di mension (Nb x 1) as shown: WD 03/036614 PCT/ SG02/00149 44 g9(1) g(2) &
= g(nb) (J.15) g(Nb) As Gb is still in the Bark Frequency Scale, it is
t hen unw apped back to the normal Iinea‘fmfrequency scal e of N di nmensions.
The unwrapped Go is denoted 5 as G The out put spectrumw th unwant ed
signal suppression is given as: Sf = (1- Rsdf ).G Sf + Rsdf.Ef (J. 16)
10 The "" again inplies elenent-by-elenment multiplication. In egn J.16 if
Rsdf is high (inplying high §g@hal] energy to interference energy) the
out put signal spectrumis we gg ed nore fromEf than the Noi se suppression
part (GSf) to prevent signal|! chl | ati on caused by the noi se suppression
part. 15 The recovered ti e dpmai n |signal is given by:
=

2(nb) (J.15)

| g(ND)

As Gy is still in the Bark Frequency Scale, it is then unwrapped back to the
normal linear frequency scale of N dimensions. The unwrapped G, is denoted
5 asG.

The output spectrum with unwanted signal suppression is given as:

8, =(1-Rsdf).GeS, +Rsdf .E, (J.16)
10
The “¢” again implies element-by-element multiplication. In eqn J.16 if Rey is
high (implying high signal energy to interference energy) the output signal
spectrum is weighted more from E; than the Noise suppression part (GeS;) to
prevent signal cancellation caused by the noise suppression part.
15

The recovered time domain signal is given by:
S, =Re(IFFT(S,)) (J.17)

20 IFFT denotes an Inverse Fast Fourier Transform, with only the Real part of

the inverse transform being taken.

Finally, the output time domain signal is obtained by overlap add with the
previous block of output signal:
25



S, = Re(IFFT (S f )) (J.17) 20 |IFFT denotes an Inverse Fast Fourier
Transform wth only the Real part of the inverse transform being taken.
Finally, wbe3osdeput tine domain signal is obtained by overCapsGagidomdt h t he
previ ous bl ock of output signal: 25 WO 03/036614 PCT/ SQ02/00149 45 S, (1)
Z, (1) S, (2) +Z2(2) (J.18) S, (N2) Z, (N2) S 1(1 + N 12) Were: Z, =

9, 1(2+N2) (J.19) S,-1(N) The enbodi nent described is not to be construed
as limtative. For exanple, 5 there carfte any nunber of channels fromtwo
upwards. Furthernore, as will be apparent to one skilled in the art, many
steps of the nethod enployed are essentially discrete and may be enpl oyed
I ndependently of the other steps or in conbination with sone but not all
of the other steps. For exa Ige%thé %dg tivie filtering and the frequency
domai n processing may be perfiof ed 1/0|i hdependent|ly of each other and the
frequency domai n processi gg_ Sel@s sug_ Z,68 the use of the rmdifie@, 8
spectrum warping into the’Bark scalle|and usef of the scaling fac 01 )pi can
be viewed as a series of indgpendent %Oli %ni ch need not all be used
together. 15 Turning now to i /g al ’5, an enbodi ment of the invention
Is showmn which is a headset system As shown schematically in Fig. 16, the
syst em has S,_A+N/2)

Where: Z = ig"‘ 2+N/2) |

!

(J.19)

(S, (V)

The embodiment described is not to be construed as limitative. For example,

5 there can be any number of channels from two upwards. Furthermore, as will
be apparent to one skilled in thé art, many steps of the method employed are
essentially discrete and may be employed independently of the other steps or

in combination with some but not all of the other steps. For example, the
adaptive filtering and the frequency domain processing may be performed

10  independently of each other and the frequency domain processing steps such
as the use of the modified spectrum, warping into the Bark scale and use of

the scaling factor Bi can be viewed as a series of independent tools which

need not all be used together.

15 Turning now to Figs. 16 and 17, an embodinﬁent of the invention is shown
which is a headset system. As shown schematically in Fig. 16, the system has

two units, namely a base station 71 and a mobile unit 72.

The base unit provides connection to any host system 73 (such as a PC)
20 through a USB (universal serial bus). It acts as a router for steaming audio
information between the host system and the mobile unit 72. It is formed with
a cradle (not shown) for receiving and holding the mobile unit 72. The cradie

is preferably provided with a charging unit co-operating with a rechargeable



two units, nanely a base station 71 and a nobile unit 72. The base unit
provi des connection to any host system 73 (such as a PC) 20 through a USB
(uni ver sawogafoB@li4 bus). It acts as a router for steam ng &adiSeGo2/Hmnfor mati on
bet ween the host systemand the nobile unit 72. It is formed with a cradle
(not shown) for receiving and holding the nobile unit 72. The cradle 1is
preferably provided with a charging unit co-operating with a rechargeabl e
WO 03/ 036614 PCT/ SG02/ 00149 46 power sdt® ce which is part of the.nobile
unit 72. The charging unit charges the power source while the nobile unit
72 is held by the cradle. The base unit 71 includes at | east one aerial 74
for two-way wireless 5 conmunication with at | east one aerial 75 of the
mobi | e uni t pversarohwhieh isupatt ofribeudebilea uhit @s fidrekenargbhg ahibwharges

physical ly nnected to the npbile ynit.  _72 wi re, though as expl ai ned
bel ow, t hi sg‘ﬁg p%{erﬁgg&es\gﬁggnﬁweambﬂ@ UFQJQIS%@W'& @dhes (audio
sensors) 77. The wireless |link between nobile unit 72 and base station 71

is a highly secure RF Bluetooth link. 10 Fig. 17 shows the nobile unit 72
in nore det afhe basenhdbita7 $tinckideseatideéasti age aacrialp@ad fasotwdvayo wirelgdsaced

around the he . N ser, for e | £..S0 to. orted on
t he usergs &?@&P%Fgﬁgﬁ\tﬁ{m% t‘%ﬁ%{ gﬂgsa%la)ff/ﬁgq%pmg%ﬁe urﬂ'}lb?%;ﬁg M Eohones
77 (nor mal | yurdt inEludes @ lbatispeaker 760@hBWAGRHT sicallP conhEtteY t8thd tduie ukier ' s
nmouth for receiving voice input. One of nore batteries 79 may be provided

near the ni cidophénise78iough anexplained heleve this ds nabnaeessanys and atdepeidded
o oo At ierBUdd IO SRRBER T TGERAR R b BRVCF Bl Mt
cont ai ni ng diZyiandlbasegstalionp? ¢ ¢ea gty 38duBFRE iBlgetobthylink.
10
Fig. 17 shows the mobile unit 72 in more detail. It has a structure defining an
open loop 78 to be placed around the head or neck of a user, for example so
as to be supported on the user’s shoulders. At the two ends of the loop are
multiple microphones 77 (normally 2 or 4 in total), to be placed in proximity of
15  the user's mouth for receiving voice input. One of more batteries 79 may be
provided near the microphones 76. In this case there are two antennas 75
embedded in the structure. Away from the antennas, the loop 78 is covered
with RF absorbing material. A rear portion 80 of the loop is a flex-circuit
containing digital signal processing and RF circuitry.
20
The system further includes an ear speaker (not shown) magnetically coupled
to the mobile unit 72 by components (not shown) provided on the mobile unit
72. The user wears the ear speaker in one of his ears, and it allows audio
output from the host system 73. This enables two-way communication
25 applications, such as internet telephony and other speech and audio
‘ applications.

Preferably, the system includes digital circuitry carrying out a method

according to the invention on audio signals received by the multiple



20 The system further includes an ear speaker (not shown) magnetically
coupled to the nobile unit 72 by conponents (not shown) provided on the
nobi | e urWwD 03/p2e61The user wears the ear speaker in one of PRTSGOaPEA9 and it
allows audio output fromthe host system 73. This enabl es two-way

communi cation 25 applications, such as internet tel ephony and ot her speech
and audio applications. Preferably, the_systemincludes digital circuitry
carrying out a nmethod according to t he 4’nventi on on audi o signal s received
by the nultiple WO 03/036614 PCT/ SG2/ 00149 47 m crophones 76. Sonme or al
of the circuitry can be within the circuitry 80 and/or within the base
unit 71. Figures 18(a) and 18(b) show two ways in which a user can wear the
mobi l e 5 umiitrophdn@gi 78 Sbmesba@d of thestireditty dam be guitHin . thercifduitry B8( a)

t he user wears the ,nﬁbihe unit 72 resting on the top of his head with the
mi cr ophones I VIRINAI. bagg WK .71 n Fi g. 18(b) the user has chosen to wear
the nobile unit 72 supported by his shoulders and with the two arns of the
| oop enbracing his neck, again .wth the mcrophone close to his nmouth. 10
Use of firsthigwesot&{apand 1i8tb) sleow lhao neayshinwvbichrd yserecan matar dleel nacsbile neans

of identificatd af the [nteger f . 1he clai . n f, process step
order ARy Uivid Pedag $PE shAps Sfistad b il 17 eliincSo@ dof ySEaEes Hepe
taken as f ok uMn7d raé@mgﬁéﬁme tdpVEMHis PrRadh@t @le BicroPhorfdieabéé §thlsy
clainmed in the appendant 15 clains of this application as initially filed.
WO 03/ 03661maain/ &y t¥(bi the user has chosen to wear the mobile unit 72 supported

by his shoulders and with the two arms of the loop embracing his neck, again

with the microphone close to his mouth.

10

Use of first, second etc. in the claims should only be construed as a means of

identification of the integers of the claims, not of process step order. Any

novel feature or combination of features disclosed is to be taken as forming

an independent invention whether or not specifically claimed in the appendant

15 claims of this application as initially filed.



48 Cdains 1. A headset systemincluding a base unit and a headset unit to
be worn by a user and having a plurality of m crophones, the headset unit
and base wWouwnioseshei ng i n nutual w rel ess comruni cation, amdTsGoR/e@se one of
t he base unit and the headset unit having digital signal processing neans
arranged to performsignal processing in the tinme domain on audio signals
generated by the m crophones, the digital signal processing neans

i ncluding. at | east one adaptive filter 4% enhance a wanted signal in the
audi o signals and at |east 10 one adaptive filter to reduce an unwanted
signal in the audio signals. 2. A headset systemaccording to claiml in
whi ch the base unit includes a cradle for holding the headset unit. 15 3.
A headset sySkémsaccording to claiml1l or claim2 in which the headset wunit
is associated with a | oudspeaker operable by the headset unit for
generating audio signals to the user. 4. A headset system according to

claiml in which Ahgadief é@eﬁiiﬂaaaing@baé@eﬁﬁéha% Rt hng!wﬁeﬁfrorﬂ first
adaptive filter arranged t'o enhance target signal I1n the digita
si gnal s, andyaasisevand ddapig & plurality of micrdphones,tthe readdaipunivend beser each

receiving the. output of the. first adaptive filter, 25 the cond filter
bei ng. ar Panglit BenGbRuua it cammifur e Aok Htip 4, and or3fE BRe U r
filter beingaid fRngeside® upitMRIVRIZSiGRAISTy Tl PRedessi®y mBahs agefigeatst em
according to claim4 which the di ﬂ;ﬁt.'al processing " neans is adapted to
conbi ne t he RRAYM sighal presessing it thanimettontaia damudie signatBgesgated by
PCT/ SG02/ 00%8 microphones, the digital signal processing means including-at least one
adaptive filter to enhance a wanted signal in the audio signals and at least

10  one adaptive filter to reduce an unwanted signal in the audio signals.

2. A headset system according to claim 1 in which the base unit includes
a cradle for holding the headset unit.

15 3. A headset system according to claim 1 or claim 2 in which the headset
unit is associated with a loudspeaker operable by the headset unit for
generating audio signals to the user.

4. A headset system according to claim 1 in which the digital signal
20 processing means includes:
a first adaptive filter arranged to enhance a target signal in the digital
signals, and
a second adaptive filter and to a third adaptive filter each receiving the
output of the first adaptive filter,
25 the second filter being arranged to suppress unwanted interference

signals, and the third filter being arranged to suppress noise signals.

5. A headset system according to claim 4 which the digital processing
means is adapted to combine the outputs of the second and third adaptive



49 filters, convert to the frequency domain and perform further processing
in the frequency domain. 6. A headset system according to claim5 in which
an out putwBiogijeeof the 5 second filter and an out put Sn(PLTEGO2/b@E4 hird
filter are linearly conbined using weighting factors to derive two
interference signals, a first of the interference signals |Ic being
subtracted fromthe output of the first filter, and a second of the
interference signals I's being converted4®nto the frequency domain. 10 7. A
headset system according to any of clainms 4 to 6 in which the second and
third filter are not adapted if it is determned that a target signal is
present. 8. A headset system according to any of clains 4 to 7 in which the
15 second f ifilteey, conventto thedfregqdendy ddmais diet perfome flirtHetpresesdsiticeinfteence
signal is nqQt present. 9. A headset system according to claim7 or claim3$8
further conptaieRGY dPMAIRt ep of at intervals determining signal energy, and
deriving at |least one 20 noise threshold froma plurality of values of the
signal energy, said determination including determ ning whether a further

si gnal ener @y i s Aaheadsettsystemoiaseordingetmhalbicn 510 whichhaadsigiut S($)ft &fthaccor di ng

laim.9 in which the derivation. of sajd 25 noise threshold includ
Si ng-t B pIHEAN febAnd PEeatE Sy B 13 i, r 2 e Fambhes i | ng

the stati Stiv@éibhﬁﬁg;fﬁé:ﬁ&%it&%leﬁf/e%hgﬁiﬁblrféfé@fc@ysidﬁélg,%ﬁ{s@ ofﬁ?ecmtéﬁergneémbef of

bands, and derrving the noise threshold froma signal energy val ue Emax

associ at ed wignals febeiagsubtracieg frore the ghtpst of tha tigt filker, aat wesec@dd of
the interference signals /s being converted into the frequency domain.

10 7. A headset system according to any of claims 4 to 6 in which the
second and third filter are not adapted if it is determined that a target signal is

present.

8. A headset system according to any of claims 4 to 7 in which the
156 second filter is not updated if it is determined that an interference signal is not

present.

9. A headset system according to claim 7 or claim 8 further comprising

the step of at intervals determining signal energy, and deriving at least one
20 noise threshold from a plurality of values of the signal energy, said

determination including determining whether a further signal energy is above

the noise threshold.

10. A headset system according to claim 9 in which the derivation of said
25 noise threshold includes using the plurality of signal energy to derive a
histogram representing the statistical frequencies of signal energy values in
each of a number of bands, and deriving the noise threshold from a signal
energy value Emax associated with the band having the highest histogram
value.
30



WO 03/ 036614 PCT/ S@&2/ 00149 50 11. A headset system according to any of
clains 4 to 10 in which the digital signal processing nmeans conprises a
fourth adaptosesseid | ter for determining the direction of @&cmiSGat/o@fot he
target signal. 5 12. A headset system according to claim1l in which the
wei ghts of the fourth adaptive filter are updated including repeatedly
perform ng an update process which attenuates each existing weight val ue
by a forgetting factor. a. 13. A headset5%ystem according to claim11 or
12, in which the digital 10 signal processing neans is adapted to determ ne
aratio Pk indicating the ratio of the highest central weight value A of
the fourth adaptive filter to the sumof A and the highest peripheral

wei ght val uelB, tAdeddget systamgtabrding teany nfclaimadsoot in wisiehthagigitae
first filter_.if the ratio Pk is above a given value TPkl. 15 14. A headset
syst em accorYPRY RIGCesSINgMeans FafpRSes 3 %qr@vﬁ‘ tiyg filtgg fqyidatersminio thre

first filterdirddiondf&irtiddl of He & @[rgﬁﬁ:ﬁ_si ng neans cal cul ates a new val ue
Pk2 of the ratio, determ nes vvhe?her the value of Pk2 is below the

previ ous nmaxi mum val ue of Pk2 and bel ow a threshold TPk, and if so restores
at | east one,of t f st econd and third filters tg its, previous state.
20 15. A eah%et '53??%55%@3‘?’8@850{0@”%F%F'ﬁf"ié1dP vpich ﬁaelwe Oti&'ﬁendent

on claim8 ifaurhizefaptive filet sibptite@thdltihg febddib el r@cf;ﬁ ' s not
present includes applet er m nat iﬁouhgtt hat t heg\?ééltl) ue OI? p?al ?g?.g%?éa eZI ow a

t hr eshol d TAKR2CesWhinh atteriwderseachs pxisting susightdiatue by adorgettingfaatarsn.4 to 15

I n which the weights of the second filter are adapted by a wei ght updating
factor which wvaries inversely with an error output ec, of the second

fS | g ter. 17 8.heaal pebdsetssyatern eeebRliingtd Safh aHMBro1d, h WhidHnkfgika i ned

10  signal processing means is adapted to determine a ratio Py indicating the ratio
of the highest central weight value A of the fourth adaptive filter to the sum of
A and the highest peripheral weight value B, the digital signal processing

means only adapting the first filter if the ratio Py is above a given value Tpy.

15 14.  Aheadset system according to claim 13 in which, following an
adaptation of the first filter, the digital signal processing means calculates a
new value Py, of the ratio, determines whether the value of Py, is below the
previous maximum value of Py, and below a threshold Tg, and if so restores
at least one of the first, second and third filters to its previous state.

20
15. A headset system according to claim 13 or claim 14 when dependent
on claim 8 in which the determination that an interference signal is not present

includes a determination that the value of said ratio is below a threshold Tpyo.

25 16. A headset system according to any of claims 4 to 15 in which the
weights of the second filter are adapted by a weight updating factor 1 which

varies inversely with an error output e of the second filter.

17. A headset system according to claim 5 in which the combined signals

30 are transformed into two frequency domain signals which are a desired signal



30 are transfornmed into two frequency domain signals which are a desired
signal WD 03/036614 PCT/ S@&2/00149 51 Sf and an interference signal If |
Sf and | fwarog/osasanst ormed i nto respective nodified spect PaTREI2p@4®i , t he
nodi fied spectra are warped into respective Bark spectra Bs and Bi. 5 18.
A headset systemaccording to claim17 in which, prior to said warping,
frequency scanning is applied to the nodified spectra Ps and Pi, and peaks
which are found to be conmon to both ar& attenuated in Pi. 19. A headset
system according to claim17 or claim18 in which a ratio is 10 derived of
the sum of the values of BS over the Bark critical bands up to the voice
band upper cutoff, and the sumof the values of BS over the Bark critical
bands at an8:apdas intesferenasi sigaablank: anphk are trapsformed inte repeRiMe syst em

he val ugs DOUBLRt Rehd P e Rl bl YR e Al ERoRIE Pl

21. A headsgbr}sgpé@m BsewiddBing to any preceding claimfurther including a
speech recognition engine receiving the output of the digital signal 20
processi ng neans. 22. A headset system according to claim 18 in which the

speech gecqgnit E’\Or'?eéﬂ(}%it @?st%ﬁ?&&é’cﬁainért@aéiﬁﬁﬁ'ir?\'}vhg'g, Eki&%‘ dsa% Af5RgNg
means i nformation 1ndicating any oné€ or nore of: a directron”of a
t arget si gnfieqlidncy d¢arming applisdetodie Bnddified spectra Be anldriéishnd geaked by t he
Cartal si | ! 5 . LN .

,dlntg; ?er Z:—]ggl q{){zqo?)c ozsﬁlgr’}%ﬁgec?oﬁMOn% b%% g?etla erguea ed in i.(tar get signal to

19. A headset system according to claim 17 or claim 18 in which a ratio is

10  derived of the sum of the values of Bs over the Bark critical bands up to the
voice band upper cutoff, and the sum of the values of Bs over the Bark critical

bands at and above the unvoiced bank lower cutoff.

20. A headset system according to claim 16 in which the ratio is above a
15  given threshold, the values of Bs above the unvoiced band lower threshold are

amplified.

21. A headset system according to any preceding claim further including
a speech recognition engine receiving the output of the digital signal

20 processing means.

22. A headset system according to claim 18 in which the speech
recognition engine receives from the digital signal processing means
information indicating any one or more of;
25 a) a direction of a target signal Td,
b) a signal Energy Er1,
¢) a noise threshold used by the digital signal processing means,
d) an estimated SINR (target signal to interference ratio) and SNR
(target signal to noise ratio),

30 e) a signal A' indicating the presence of target speech,



(target signal to noise ratio), 30 e) a signal A indicating the presence
of target speech, WO 03/036614 PCT/ S&2/00149 52 f) a spectrum of
processedw®pamads1si gnal Sout, g) potential speech start @ad/S&odo@adynt s,

and h) an i

nterference signal spectrum If (step 570). 5 23. A headset

system according to any preceding claimin which the headset unit
wo arnms for |ocation proximate the nmouth of the user and for
positioning to either side of the user'® head. 24. A headset system
o claim23 in which the headset is 10 suitable for positioning
supported by the user's shoulders with the arns enbracing the user's
neck.' 25. A headset system according to claim23 or claim24 in which at

| east one m cr ofyRpgectainP bbpiodedsed speédresigaanSelit, each of the arns. 15 26.
A headset unit for use in the headset system of any preceding claim

conprises t

according t

met hod of proces8) pefestighneschstant pad enddaials. ahday of sensors

27. A

conpri sing

the steps of sagpxi/ée‘? g%ﬁgfe%gisiéﬁ'%ge&mmr ﬁ(‘(gliegq%c@i gnal s and 20 processing

the digital

signal int
adapt i Ve fi

signal proceéssin

ly c

digital signals, transm.,tting the _ output .of  t first
BEor Risichasgh SR Siacsoraat th Ay Brochiing GRUnmmN et | ve

filter, thehsgeQn nftidotgﬁ]‘ﬁoristé%itﬂ/% &Hﬂ%?ﬁ%gfrﬁeg SRRRIS the2Mouiehthediser

interference signals,

the thir ing arranged to suppress

noi se si gnaésd farmbsitioning to either side of the user’s head.

10

15

20

25

30

24. A headset system according to claim 23 in which the headset is
suitable for positioning supported by the user’s shoulders with the arms

embracing the user’s neck.

25. A headset system according to claim 23 or claim 24 in which at least

one microphone is provided on a free end of each of the arms.
26. A headset unit for use in the headset system of any preceding claim.

27. A method of processing signals received from an array of sensors
comprising the steps of sampling and digitising the received signals and
processing the digitally converted signals, the processing including:

filtering the digital signals using a first adaptive filter arranged to
enhance a target signal in the digital signals,

transmitting the output of the first adaptive filter to a second adaptive
filter and to a third adaptivefilter, the second filter being arranged to suppress
unwanted interference signals, and the third filter being arranged to suppress
noise signals; and

combining the outputs of the second and third filters.

28.  Signal processing apparatus arranged to carry out a method according

to claim 27.

ncluding: filtering the

digital signals using a first adaptive filter arranged to enhance a target



conbi ning the outputs of the second and third filters. 28. Signal

processi ng apparatus arranged to carry out a nmethod according 30 to claim
27. WO 03Ww03801%14CT/ SG02/ 00149 53 29. A microphone headPeT/SGonpriusi ng
first and second m crophones disposed at respective ends of a support, the
support being adapted to be worn around the neck or head of a user.

53

29. A microphone headset comprising first and second microphones
dispoéed at respective ends of a support, the support being adapted to

be worn around the neck or head of a user.



