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 adaptivie filter arranged to enhance a
target signal, followed by a second adaptive filter arranged to suppress
unwant ed 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 i nprovedSysitabngrgtresiuedorSpeesh Coplrfidaicatignd sui tabl e for
speech communi cation. 25 The present invention further seeks to provide
si gnal processing nethods and aafSneschdeeednii®ie for use in a speech
comuni cati on and/ or speech recognition system WD 03/036614

PCT/ SGOg/ Oggquogth%qmgﬁtyonof t he I nvention

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.



In general ternms, a first aspect of the present invention proposes a
headset systemincluding a base unit and a headset unit to be worn by a
user (e.gwo33fesldi ng on the user's head or around the usePC3/sshoodiders) and
having a plurality of mcrophones, the headset unit and base unit being in
mutual w reless conmunication, and at |east one of the base unit and the
headset unit having digital signal processing neans arranged to perform
signal processing in the time domai n on2audi 0o 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.

Preferably tg@mq:\g[toqlth@irg,@ﬁ{io,ﬁ)rocessi ng means are part of the headset
unit. 15 The headsel can be used for conmmunication with the base unit, and
optionally wth other individuals, especially via the base unit. The
headset system na conprise, or he in communicati.on wwth, a eec

recogni tion l@rﬂﬁr}%alftﬂ'ﬂgr%ﬁ@gjﬁ?Q?ﬁg"%ﬁ%@E‘Fﬁ%\t 'W‘?@t'ﬁg@tm_ %ég?‘ﬁ%‘gheadset
unit. 20 Al t&yaeh ihd18dRigHBAsP LA BRE B dtR6t BRIt AS bespshi dies ukar (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 reernsHaYaRged tpeiderm signalir t her
processing i B bhgsihg FIHR T¥e YRR onRAIFsiRaRE derkerated 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.



PCT/ S&02/ 00149 In fact, this concept provides a second, independent aspect
of the invention which is a nethod of processing signals received from an
array of wenswos&14 conpri sing the steps of sanpling and di @CwiSsiozgoithe
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 i r 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 conblnlng t he out puts of
the second andachithig conceplrprovities a secemd, imicpentiber aspeey of #e BN
processi ng a\ﬁﬁﬁhat us fﬁlg e%rform ng such a nethaod. 15 Brief Description of
t he Drawi ngs AR JBFHed:OT RroteRs TG $igRRISIRCRIVER fﬁ%ﬂ/aﬂearb%’s@fr“—‘rﬁﬁ@@ri’gy vvity of
exanpl e w t hcorhglisih6 fse t gpa?ﬁjy I g

il lrjrgt rates a ggﬂ;ergl sgfeér%grc{f%aﬁﬁﬂlﬂ iC dlﬁgls Q@E?IK/Q?%%@I %v@nt i on
operate. Fi ¢Precessiag fuhdigitally comvartad signals, tife progesmnglmdlu@ngal si gnal

nmbod t t 25 Fig.3
B oystomilever oyt e il pRAE \Ee a et Admmibm menpronorn 2. o

Fi g. 4a-d i s enHdnow taagét s@haﬁﬁ tad d@‘aamgnﬁl@eratlon of the embodiment of
Fig.3. Fig.5illustrates a typical ﬁ ot “of non-linear energy of a channel
e

and the establi stmmlﬁmgsﬂagmgput 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.6 (a) illustrates a wave front arriving from 40 degree off-boresi ght

30 direction. WO 03/036614 4 PCI/SX02/00149 Fig.6 (b) represents a tine

del ay estwoaBosssusi ng an adaptive filter. Fig.6 (c) showsPrhsGozpukse
response of the filter indicates a wave front from the boresight _
direction. Fig.7 shows the response of time delay estimator of the filter
indicates an 5 interference signal together with a wave front fromthe
boresi ght direction. -Fig.8 shows the schenmatic block diagram of the four
channel s Adaptive Spatial Filter. Fig.9 is a response curve of S-shape
transfer function (S function). Fig.10 shows the schematic bl ock di agram of
the Adaptive_lnterference Filter. 10 Fig.1ll shows the schematic block

di agram of t ﬁégé\ piRseRtd Adime Nelayestimatphuasiog anridaptizeifiten bl ock di agram

' [ ' ' .an.input signal _buffer.
Igr gAcli?l pts Ih\c/)\i/s ﬁ{%ﬁ; @%}S%Hg@ glleﬁéﬁrl\lﬂsne g'l:el\#ﬁég%v%gﬁ“\@gﬂ'}%r}l"é\%g&ﬁa ab‘%@@( fropy ;felﬂ“g nal s.
15 Fi g. 15 i | theshoresight directitien ri se of noi se | evel of the nonlinear energy
pl ot . Fi g. &b il]ustrates a specific enbodi nent of the invention
schemat i cal | ﬁ!g-ﬁb‘?wﬁh‘? respansgiaddime delay estimater ofthe diker indicatesponent  of

Loy Sneebtonte dgpéRgiter i SR ARG PR iesdnl) ¢,
Descri ption big-8 Aeo@sithelsoematié bidek diagrent dotheBelothantdidAbSHBIENCE t O
Figs. 16 andS&Zfialvl\—Efltedr.escr i be a specific enbodi nent
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



25 of the invention. Before that, we describe in detail a digital signal
processing technique which may be enployed by the invention. FIG 1 .
i1l ustratwe osobemati cal |y the operating environment of a ®Cgss&o2/opavcessing
apparatus 5 of the described enbodi nent of the_lnvenElgn, shown 30 in a
simplified exanple of a room A target sound signal "s" emtted froma WO
03/ 036614 5 PCT/ SG02/ 00149 source s' in known direction inpinging on a
sensor array, such as a mcrophone array 10 of the apparatus 5, is coupled
wi th other unwanted signals nanely interference signals ul, u2 from other
sources A, B, reflections of these signals ul r, u2r and the target

signal's own_reflected signal str. These 5 unwanted signals (':a'use .
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Is shown in FIG 2, The apparatus observes the“environ ay of

[ 1]

four sensor sSIgRIn Sa@s1Bagivadopy dive sensar atdy. The ﬁmt?ai?ﬁjemgtﬁgg Pgm%eg{ ence

[ I en. iapi ngi ng on each o .
2?52& SIr gggi %g@élﬁfe@%ﬁﬁg%g} %ngrﬁg%s@%mﬁ%e%ﬁﬁ "PPIRAYSHY BHbeRlyitaree20a- d
and convert eeflected @dichb) pathdbhd tthRRTUIHEENSaRE é’r@ai'llﬁgtrﬁeﬁofoﬂ's%w&i&y of
converter 30a-@. The ?t streans are feed in paralle to the grral
si gnal proc ”54@% _%S%Qﬁ@%mGllg|Qoaheytedmepl®erslog€rsr$;0Itryp20360des an
out put siognaind thete difl' Bla hGisBNAPAYY GseBRLELd Sithfhe 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



[ [ to aline anplifier 60 to provide the final anal ogue output.
EPE?Q ;ﬁoagdthe maj or fuggtional bl ocks of the digital processo; In9nﬁgﬁnel
detail. TWe oamsdsipl e i nput coupled signals are received bycﬁmGO/Fun pth
25 microphone array 10a-10d, each of which forns a signal channel, mnsed o
channel 10a being the reference channel. The received signals arczaopasd
a receiver front end which provides the fgunctions of anpllflersf anhannel
anal ogue to digital converters 30 in a single customchip. The orr c
digitized output signals are fed in parallel to the dlgltalfslgna
processor 40. 30 The digital signal processor 40 conprises five
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The-out put s Mo slotaha? i, cLadsbemaprasesser SheMacisins asssgamyolor the
recogni 10 onopegitiv obZhe Brocessor 40 are generally made by processor 42 which
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



It wll be appreciated that the splitting of the processor 40 into the five
conponent parts 42, 44, 46, 48 and 50 is essentially notional and is nade
to assi swowndaist andi ng of the operation of the processoPCT/HGO2/MIATESSOr
40 would in reality be enbodied as a single nmulti-function digital
processor 20 performing the functions described under control of a program
with suitable nenory and ot her peripherals. Furthernore, the operation of
t he speech recognition engine 52 also could in principle be incorporated
into the operation of the processor 40. 25 A flowhart illustrating the
operation of the processors is shown in FIG 4a-d and this will firstly be
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sanpl es. (j rocessor. 42 5 then renoves aﬁ Sﬁﬁbf ?ré)leﬁi)lﬁag E%“ Sand
pr e- enphasi 'é Sgm alesigp 50Re sanpl es at step 502. Fol | owi ng th| s, the

total non-linear energy of a stage 1 signal sanple Erb and a stage 2
signal sanple Era is calculated at step 504. The sanples fromthe 10

ref erence clr@iawinglibis, dhe totakbri-inedrérsergy wgsﬁa%zat sl perplé)?e%ncghannel

coul d be usgg gere then fol |l ows a shor initi ?ep 506
in which t h&395 ¢S9gal sample E; is calculated 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



bl ocks of N2 sanples of signal after start-up are used to estimate a Bark
15 Scal e system noi se Bn at step 516 and a histogram Pb at step 518. During
t hi s shorwopens@ads an assunption is made that no target SiPGRSIGH2/00149
present. The updated Pb is then used with updated Pbs to estinate the

envi ronment noi se energy En and two detection thresholds, a noise
threshold Tnl and a |larger signal threshold Tn2, are cal cul ated by
processor 42 from En using 20 scaling f@ctors. The routine then noves to
point B and point F. After this initialization period, Pbs and Bn are

updat ed when an update condition is fulfilled. 25 At step 508, it is
determned if the stage 3 signal energy Er3 is greater than the noise

t hreshol d Trpbintl F. Folet, ohey BiskwiicBé auptietédmndoits eusditl withup@aice@ Rb Bt ep
510. Then, prtb |1 proceed to ste{) 512. If_so, the routine wll skip step 510
)

and proceefompuedy, Sivand Trzat step Fidd ndrard dp2i fellows the epvirarumantynal
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Pbs will be updated and it's used wth preyious Pb to conmpute En, Tnl and
Ti2 at sPep MWIse, siRge 4he speschl troatcrigRa) WileSaoly iGaiSIHaTRISh GHations ot
closely. Thainit SROHRA ton YeehislityShed TS ikfilddiRtsd S GENPROWhiLP ¥C!
shows a steady state I ncrease | woul d 1 ndicate an increase in 5 noise,
si nce the smigdl noiselevekiisgmfromi an initial e val rieizdeew e el wehickhexoseds/koth ti nme
and t hus cag be d"dstinguished. This is illustrated in FIG 15 in which a
signal nois hi&selds; i ses froman initial level to a new |l evel which exceeds
both thresholds. 10 Atest is nade at step 520.to0 see if the estinated
energy Eri in the reference channel 10a exceeds the second threshold Tn2.

| f so, dO0couhtasti€made akstep 520 to see if the estimated energy E 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



and a candi date target signal is deened to be present. The apparatus only
W shes to process candi date target signals that inpinge on the array 10
from a kwown/ostiene€cti on normal to the array, hereinafter PeT®SGzMdd as the
boresight 15 direction, or froma limted angul ar departure there from in
this enbodinent plus 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 c®rrelation coefficient 20 Cx, a
correlation time delay Td and a filter coefficient peak ratio Pk which
toget her provide an indication of the direction fromwhich the target
signal arrived. At step 530, three tests are conducted to determne if the
candi dat e t gregses 1@step §64I(noa-taryed cigrall fttamm)t Isihgnednditionssare e, theoss
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against a threshold TCL. If t he threshold i s reache bl ock | eak

conpensdi orfaeffligrntt YVreandnceunter j Gt eis 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



10 coefficient Wd and counter CL is reset at step 526. This bl ock | eak
conpensation step i nproves the adaptation speed of the filter coefficient
Wd to tweodiosees i on of fast changing target sources andPemsGornmant . |f
the threshold is not reached, the program noves to step 534 descri bed

bel ow. 15 Followi ng step 530, the confirned target signal is fed to step
532 at the Signal Adaptive Spati al FiIH r 44. The filter is instructed to
perform adaptive filtering at step 532 'and 536, in which the filter
coefficients Wsu are adapted to provide a "target signal plus noise"
signal in the reference channel and "noise only" -signals in the remaining
channel s using the Least Mean Square (LM5) 20 algorithm In order to
prevent the being adapiedets fanethe Spomasd Differagicg, channehsigngls. diver signalat i o

s used a8 2oanarerei e Fele R RpRafenhd B or coet 11cront

corresponding to that particular sanple should be updated or not. The
filter 44 output channel equivalent to the reference channel is for

conveni ence Thereffect @f the tilterL4 isHe ephance s eignahid thinés identiied ag adargeit from

the otheg c ] .ence Channels. The signal so processed wll be,
for convéni gwlbﬁ’ﬁg?@tbéﬁhgg' as A'. If the signal is considered to be a

noi se signal, the routine passes to step 534 30 in which the signals are
passed thr o%gh fil tgr 44 without the filter coefficients WO 03/036614
PCT/ SQ02/ 001%5taR 938 ﬁd‘%ﬁiﬁ%&?eﬁf@eﬂb PRAk Hatihin imerlclipted based ondhRel
signals. Th | : r e I ; : r t | e as
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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



the routine passes to step 548. Else, the peak ratio calculated at step 538
Is 10 conpared with a best peak ratio BPk at step 540. If it is larger than
best peakwoOriaws@i4 t he val ue of best peak ratio is repl acedCmsGodv@4new peak
ratio Pk2 and all the filter coefficients Wu are stored as the best
filter coefficients at step 542. If it is not, the peak ratio Pk2 is again
conpared with a threshold TPk at step 543. If the peak ratio is below the
threshold, a wong update on the filter % 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
routi ne passes to step 548. At step 548, an energy ratio Rsd and power
ratio Prsd beigwekis chesisered not thaenplesantiantieh®i rolitne pessEhdorstey 5562

two ot her ,co nt.s are al so

db 42, . Besid h
ot abl | sheq, THERaRS Titer ERMETPM RERk raic Bl Ruthoratd6 & oiashiol Soagt tis
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signal s are Wdicateg padisalile owiss bot ﬁ?rﬂghéﬁmé(?ﬂ%y WUiERESSE tHErE IR Badn
Er2 is found not to exceed the second

Second, if the 3 }ed ener
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10  554.

At step 554-558, the signals are processed by the Adaptive Interference Filter
46, 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



routi ne passes to step 556. Lastly, the Rsd and Prsd are conpared to
threshold 5 Trsd and Tprsd respectively. If the ratios are both | ower than
t hr eshol dwotohioss614 ndi cat es probabl e noi se but if higher, trhirsGoayolundi cate
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 also passes to step 556. For all other
non-target signals, the routine passes tt2 step 10 554. At step 554-558,
the signals are processed by the Adaptive Interference Filter 46, the

pur pose 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 idHheaedan RfeshRPTINGHd L Heergécmw.fﬁ HePhHtids e AN F\gr e .
unwanted signal in the Sum channel to so smal’l error value ecl. S
conput ed eclthas thegsbold, dbisbindikates probpbBsambiend neisensigsalguat! if bigheg! thist i on
cause by wong .updati f filter coefficients. In the alternatjve, at
step 556, noay GRSl Pef o IS katiea e ARC SHAA (PGS no
adaptive filpgferdtte elchfndd! inERatISR thePresERcanst Prdrher ggﬁa &ftér"al. § asBpss
through the filter. The output signals fromprocessor 46 are thus the Sum

chanﬂel $i grihthesestiragigd ermray Etzﬁiﬁ Quni exesasiscibedirgirtaressiold Fal, Bignalsgarsoi nt
D, . . A £60. i rst,
Ut the oi gnardsidrea B3 hXNIELS Kest YorR e BDTpé st Blsed fhslel o)

564. Second,564. ForallstgecambRne nelsassighalethasonime pasgr!tostgnab2by step 552
30 (C signal), the routine passes to step 564. Third, the Rsdf and Prsd

are WD 03/036614 PCT/ SQ)Z/ 00149 12 conpared to threshold Trsdf and TPrsd
et bl 892585, S5 SRR o pRSRIsl 4 HERDILE it oAt e
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



may indicate that there has been sone | eakage of the target signal into the
D fference channel, indication the presence of a target signal after all.
Lastly, Swofoswbmiesti mated energy Er2 is found exceeds th@cCiSGee/odthy eshol d
Tnl, signals are considered to be present. For such signals, the routine
al so passes to step 564. For all other anbient noise signals, the routine
passes to step 562. At step 562-566, the signals are processed by the
Adapti ve Anbient noise 10 Estimation Fil3er 48, the purpose of which is to
reduce the unwanted anbi ent noise. The filter 48, at step 562 is instructed
to performadaptive filtering on the anbient noise signals with the
intention of adapting the filter coefficients to reducing the unwanted

anbi ent noi seeing foimeedbironcpastreid preseatbloskalof N#2 sampleatostirt@slyl This) t he
alternative,, ah steg 5,63: th éignals are fed to the filter 48 but this
time, no adplysieated ip r'phbf-t Kieastor qurier E@nsfsmsisrihaty perfefaed e the gnal s
pass throu fq.l tier OT izgpna 4 re thus
the Sum cha%ﬁée(%t&gi gsrrl'él Iﬁs%gg E'h(?% f ?ﬁébgtgergﬁlﬁﬂgf gé%‘%ﬁ:ée)qg%ﬁéﬁ%%ﬁ&yAgosa@p 568,
out put si gnat¢quivalentspBok asddt; af8tep3E70.and Si and output signals from
processor_ 48: Sc2 and Sn are processed by an adaptive signal 25

mul tipl exer . Here, those signals are nultiplex and a wei ghted average error

signal - es(t)at sepusnaeiHimidingl deciitin s WRlcIed (o Hednndrblrfitd SlRgeys! anal

Is(t) are produced. These signals are t en

sanpl es and prokidel “pseudd s pemnpnevaliiesistame Br evi ous bl ock and a Hanni 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 w th overl apping

vectors Sh, Inhhorrd foh retdce36QRa0 bist6iEbhSEUE/ t80WAShgl stimation 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.



being fornmed from past and present bl ocks of N2 sanples continuously. This
is illustrated in FIG 14. A Fast Fourier Transformis then perfornmed on the
vectors SNooBl3@md Eh to transformthe vectors into frequecEsGiynEHN
equivalents Sf, If and Ef at step 570. 5 At step 572, a nodified spectrum
is calculated for the transforned signals to provide "pseudo"” spectrum
values PS and P. In order to reduce signal distortion due to wong
estimation of the noise 10 spectra, a fiequency scanning is perforned
between PS and P; to |ook for the peaks in the sane frequency conponents at
step 574. Attenuation is then perfornmed on those peaks in P; to reduce the
signal cancellation effect. PS and P; are then warped into the sanme Bark
Frequency Scale to provide Bark Frequency scal ed values BS and B; at step
576. At step 578, a voice unvoice 15 detection is perfornmed on BS and B; to
reduce the skigned. kagidas praviding the BreechiRespgritien fangine 52 wdthght ed

this e comtr muaeie ENEY e A8 st Al Frowiet & RelBf Findly Tfnetdy &
at step 582.inGivated abdroruRigr Spiaib $at éfrinformatioh rhapmsidey aggrmierbﬁ ®oRs Ovi de

a gain value .G at step 584 and this is then used at step 6 to conpute an
out put ec?’ um sout usi ng the signal spectrum Sf and Ef from step 570.

This gain 25 adjusted $ﬁgg;réemr§5pﬁ5§e%ﬁe§igltégl‘e:ﬁ@§5Fgggnce signals, the

anbi ent noi se and systemnoise. Am Inver perfornmed on the
spectrum Sout at 2tep Sg@abhBdetdye E.ofstquub04). gnal is then reconstructed from

b 0ears pen S sh oo gte hibshdfy, Tor sHE 48R A4 ek BrgIr At step 590 VO
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

E, = 71?5ng(i)2 —x({+Dx(-1)



14 Hence, besides providing the Speech Recognition Engine 52 with a
processed signal S, the systemalso provides a set of useful information

i ndi cat edwa3l3e@m Fig. 3. This set of information may i nclPaadsGasygolene or
nmore 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 (signha
to noise rati.o), and Rsd (step 548). 5. Yarget speech signal presence, A
(steps 530 and 532) 6. Spectrum of processed speech signal, Sout (step
586). 7. Potential speech start and end point. 8. Interference signal
spectrum If (step 570). 15 Major steps in the above described fl owchart
will now be described in nore detail. Non-Linear Energy Estinmationp(fSTEPS
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 i klng
mechani sm fofhfg%g% ds deﬁéelﬁ%%aggalk%‘gae?caﬂr gt&{l%}e?f ?Ff Otf'lﬁd g’i%%"@?' t he
si gnal energﬁmzsﬁuaSuelbsm@ns 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 tine deéay Esﬂﬂsﬁt gnh and staé%l Adaptive Spati al
Filter. r2 x(1)" = x({+)x(i=1) AD

i=—Lsu/2

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



30 J-2 ErJdIx(i)2 -x(i + Dx(i -1 J-2 ,_, WD 03/036614 15 A.1 The
second signal energy is calculated at a delay of half of Adaptive Spati al
Filter tapoysmaeldsu/2. 1 J Ere =1 x(i)2 - x(i + 1)x(i 1PCTHGR2/hE149.sUl 2
A.2 The l'ast signal energy is calculated at a delay of Lsu/2 + Lug/2 and is
used by noise updating. J-(Lsu | 2+Lug | 2)-2 10 - x(i + 1)x(i -1) FEra
r=-(LsukE X(i)2 J-2 These del ays are inplenented by neans of buffering. 15
Threshol d Estimation and Updating (STEPS!&14.518) A 3 The processor 42
estimates two thresholds Tnl and Tn2 based on a statistical approach. Two
sets of histogram referred to as Pb and Pbs, are conputed in the sane
way, except that Pbs is conputed every block of N2 sanples and 20 Pb is
conput ed onl Whene Hhetadndssor @thdrl afHsaid PY, 3ng &aBltes fer:when En < T 1 which

nmeans that there is neither a tar get_hs(i)g[al nor an interference signal is
1
h(2)
H = B.2
-1 hG)
| h(24) |
1
1 .
Iy = . B.3
1
5
0,i D :
§Gi-Dy= B.4
Li=D
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).



present.

En is used as the input sanple of the histograns,

of the histograns is a nunber M (which may for exanple be 24). Each
hi st ogr amvogi3asseiound fromthe fol |l owi ng equation: 25 PCTPEEBZN20W4S H.
aH, + (1- a)8(i - D).124x1 B.1 WD 03/036614 PCT/ S@&2/ 00149 16 Were Hi

stands for either of Pb and Pb, and has the form H '24x1
B.2 Lh(24)J 1 1 B.3 LI 8(i D 0,i D =1,i=DB.4 Thus, a

i
factor. For Pb, a is chosen enpirically 16 be 0.9988 and f

equal

to 0.9688. 10

10

15

20

25

D Emax (D) |D Emax(D) D Emax(D)
1 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
and pps respectively. pp is reset to be equal to (pps — 5) if (ops — pp) > 5.

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

Np = Emax|pp];
Rpp = Er1 /(Ef1 + Np);
gamma = sfun(Rpp, 0, 0.8);
Ep = gamma*E, + (1 — gamma)*E;
if (En>=Ep)
En=0.7"Es+ 0.3%Ep;
else if (E-+ <= Er_old)

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

}

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

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

and the length

=5 h(1) h(2)
s a forgetting
or Pbs, ais



The value of D which is used in Equation 131 is determned using table 1
bel ow. Specifically, we find the value of Enax in table 1 which is | owest
but whi cWoilg/oadsove t he i nput sanple En , and the corresp@adiSey2/®i4s used
in Equation B.1. Thus, each D | abels a correspondi ng band of val ues for
E,1. For 15 example, if Erg is 412, this the band up to Emax= 424, i.e. the
range corresponding to D=13, and accordingly D=13 is used in Equation B.1.
Thus, if Erl continues to stay at a cert&in level, say in the band up to
Emax(D), the weight of the corresponding D value in the histogramwl |
start to build up to becone the maximum It indicates that the current
runni ng average noise 20 level is approxinmately Emax(D). WD 03/036614 17

5151121619315 SIS0 0nAss o Taq T oH Y, A AgeS, B0as FREEEESS 11 0

879161161241¢@8putealdrel fromfthere thenppoaixnaliis werk @bsided.he peak val ues of Pb
and Pbs are labelled pp 5 and pps respectively. pp is reset to be equal to
(pps - 5) if (pps - pp) > 5. Belowis the pseudo-C which uses pp to

estimate Tnlsmril, &l th fact5reiml thBlfirst 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



10 Rpp = Erl1 /(Eri + Np); gamm = sfun(Rpp, 0, 0.8); Ep = ganmma*Ep + (1-
gamma) |; if(En>=Ep) En = 0.7*En + 0.3*Ep;, 15 else if (Er, <= Er old) {
En = 0. 998b%8036610. 0005*Ep; Er old = Eri; 1 20 el se En 2CO/SE9XHHAI +

0. 005*Ep; The Emax values in table | were chosen experinentally based on a
statistical nethod. Sanples (in this case, E 1) were collected under
certain environnents 25 (office, car, super-market, etc) and a histogram
was gener ated based on the WO 03/ 036614 / SG02/ 00149 18 coll ected
sanples. Fromthe histogram a probability density function is conputed
and fromthere the Emax values were decided. Simlarly, all the factors in
the first order recursive filters and the lower, upper 5 Ilimt of the

s-function ahigieates at ah SfADr detfrbey frofN R bboesipt Herebidt. di/ te' sighal
obt ai ned, the two signal detection thresholds Tnl and Ti 2 are established

as fol | ows:originated gronmethg dporegight dipedtign, the time delay ty will have been zero
' ideally.

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) ]



B.5 B.6 8, and 82 are scalar values that are used to select the threshol ds
so as to optimze signal detection and mnimze fal se signal detection. As
shown i n wBlo@034614nl shoul d be above the system noi se | evelCT/S6i02/hn01In2
sufficient to be 15 generally breached by the potential target signal.
These factors may be found by trial and error. In this enbodi nent, 81 =
1.375 and 82 = 1.675 have been found to give good results. In conparison
to the algorithns for setting Tnl, and T&® 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 all environnments, especially noisy environnents (car,
supernmarket, etc.). This neans that the user can use the enbodi nent any
where. 25 Tinme Delay Estimation (Td) *(STEP 528) FIG 6A illustrates a
singl e wave front inpinging on the sensor array. The wave front inpinges
on sensor 10d first (A as shown) and at a later tine inpinges on, 30 sensor
10a (A" as shown), after a tine delay tde This is because the signal WO

03/ 036614 PCT/ SGD2/ 00149 19 ori gi naj es—&t2an. apgl e of 40 degrees fromthe
boresi ght direction. If the signal orjSguiéted fromthe boresight
direction, the tine delay td will have been zero ideally. 5 Tine del ay
estimation of performed using a tapped delay line tine delay estimator
included in the processor 42 which is shown in Fig. 6B. The filter has a
del ay el ement 600, having a delay Z u2, connected to the reference channel
1 Ga

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



and a tapped delay line filter 610 having a filter coefficient Wd
connected to channel 10d. Del ay el enent 600 provides a delay equal to half
of that oWotoh®3chds t apped delay line filter 610. The out putrsTiSGomndihe del ay
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 W d(k&t)=Wd(k)+2, utdSJQd(k)e(k) ....B. 1
(LM5) algorithmis used to adapt the filter coefficient Wd as follows: 15
Wd(k+1l) Wd(k+1) Wd(k+l )= ....... B.2 Wd(k+1)J 1S (k)1 SIGd~)

Siod(k)=l . I ....... B.3 WD 03/036614 PCT/ S&2/00149 20 Od ....B. Od __

| SIGd ) Il SNotmedlzeBCloks CartettionTatintitiet GASTERsZRe factor O<Rtd: 52, | |
denoted the normof a vector, k i1s atineindex, Lo is the filter |ength.

e(k) =d(k)-dr(k) ...... B4 d' ()=wid(k)T SIQd(k) ..... B.5 The i nmpul se
f i ] f dapt at i
S Bhown i DTS noRBR EloS¥eh il bhRlet the lefblthes Ghefingh, d8a e ' O"
most distant channel 10d is calculated as follows:

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:



10 position of the peak or the maxi num val ue of the inpul se response
relative to origin O gives the tinme delay Td between the two sensors which
is al so tWweoangdeet of arrival of the signal. In the case PLO®G02/0H89 peak
lies at the centre indicating that the signal conmes fromthe boresight
direction (Td=0O). The threshold 0 at step 506 is sel ected dependi ng upon
t he assuned possi bl e degree of departure 15 fromthe boresight direction
fromwhich the target signal nmight cone.23n this enbodinent, 0 is V
equivalent to 15. 20 WD 03/036614 PCT/ S@2/00149 21 Nornalized Cross
Correl ation Estimation CY (STEP 528) The nornmalized crosscorrel ation
bet ween the reference channel 10a and the nost distant channel 1 d is
calculated as follows: 5 Sanples of the signals fromthe reference channel
10a and channel 10d are buffered mtoﬁ“m/{rt, regl sters X and Y where X is
of length J sanples and Y is of @t)H 453 where J>K, to formtwo
10 Xr

i ndependent vectors X. and Yr: r r— .o CL X (J)J Yr Yr (2)
Yr =
- X,
X+
Where .. X, = 1 ...C4
L x (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.



C 2 LYr (K)YJ 15 A tine delay between the signals is assuned, and to
capture this Difference, J is nmde greater than K The Difference is
sel ect ed wavgd3i@wm angl e of interest. The nornalized cros®CTGGIRD@AL ON S
then cal culated as foll ows: WD 03/036614 22 PCT/ S@&2/00149 Cx (1) = * Jr
Xt ... C 3 UIrllI*(1.r112 /3 Xr Xr(+1) Wher e. Xrr ... C4
Lxr(K+i-1) Where T represents the transpose of the vector and | | represent
the normof the vector and | is the cor@lation lag. | is selected to span
the delay of interest. 5 For a sanpling frequency of 16kHz and a spacing
bet ween sensors 10a, 10d of 18cm the lag | is selected to be five sanples
for an angl e of |nterest of 15. The threshold Tr, is determ ned
enpirically. Tc = 0.65 is used in thls enbodlnent 10 Bl ock Leak
STEP 526) In the tine del ay
ahpensation formis used. This

is sinply |nﬁlenented by 15
The impulse response of the tapped delay line filter with filter coefficients Wy
5 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:
Wa k)]
W (k)

W-td-(k)=
10

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
15  calculated as follows:

A= MaxW
where —L—Q—A< <Q+A
2 2
B= Max "
20 _ where 0<n <—L2—A L—0+A <n
2 2
po A
A+B

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

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



Wd =aWd (where a=forgetting factor -=0.98) This | eak conpensation form
has the property of adapting faster to the direction of fast changing
sources awo ogfosdeionment . WO 03/ 036614 PCT/ SG02/ 00149 23 FipCTsGoLo@hd i ci ent
Peak Ratio, Pk (STEP 528) The inpul se response of the tapped delay |ine
filter wth filter coefficients Wd 5 at the end of the adaptation with
the present of both signal and interference sources is shown in FIG 7. The
filter coefficient Wd is as follows: W2¢k) Wd (k) 10 wd' (k)= [w (k)
Wth the present of both signal and interference sources, there will be
nore than one peak at the tapped delay line filter coefficient. The Pk
ratio is 15 calculated as follows: A = MaxWd where LO A<n<LO+A 2 2 B =
MaxW d 20 PkAdaptive-Bpatiairiter- 4 (S TEP ©6H327536)

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



2 2 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 eswDha/opisesent of strong interference signals over PChSGoanget si gnal
and a high Pk ratio shows high target signal to interference ratio. WO
03/ 036614 PCT/ SG02/ 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
termed the Sum Channel, is an enhanced target signal having weakened
interference_and noise i.e. signals not fromthe target signal direction.
The second, Th.fie Th%mtnuﬁgfwﬁarﬂiennsnmer?ﬁﬁcﬂ Bi6f faee esuremedaahedummivig ch i n

the four ch O HeesSE arat out rise
interfer encg&gﬁgnt?gé g&ﬂ‘gﬁa h§|%‘r‘:@ ‘@ﬂf@@emﬁw ég’;ynfgtlhe
filter coeffaicthendigider efdndritr7 #to formusk %M@haﬁﬂeﬁéutpﬁﬁs@'ﬁ%ﬁ"ﬂ%"o& Gt
target signal and output it in the Sum Channel e~ sane

el i minate t WEoMafglay slegirnt 7101 taleo cubiaetedsfrgmaltee amdpuist plithe Fierdiem

into the f p e fil nts, in filter 44
acts as I?negfég‘b@aﬁtgé gggakdl% Ict T@%reﬁgét él:eé'ler{t% .{ﬁ‘{)‘?gdl PHipu glqu{'ﬁl ea¢h ¢ he
ref erence chiiffeesnoshetsvent fd”rmlrﬁ@ra)eésﬁecﬂmé' Différer@é@%ﬁ@hnefrt}@tﬂdﬂél alSt ops
adapti ng when 1 he S||gnal is deened to be absent. 20 The filter coe ICI ents

are updat ed WRisA &5 eriSe Hed c?ﬁ‘ﬁh fq & respectvpsiiltare” td,6. Fhamblinction. ofTte
adaptive thrgaholebgheri®ls #PHRE! Sidn hePlifRaNFEmhe Teflhee 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.



25 ii. The peak ratio exceeds a certain threshold; iii. The running Rsd
exceeds a certain threshold; As illustrate in FIG 8, the digitized coupl ed
si gnal Xowbroems@aensor 10a is fed through a digital del ayPerseezno1dd0 of
delay Z"Ls" 12 Digitized coupled signals 30 X1, X2, X3 from sensors 10b,
10c, 10d are fed to respective filter elements WO 03/036614 25

PCT/ S&2/ 00149 712,4,6. The outputs fromelenents 710, 2,4;6 are sunmed at
Summ ng elenment 718, the output fron1th§68unning el enent 718 bei ng divi ded
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 Difference elenents 720, 2,4, the out put
fromeach Difference elenent forfingugy rlespective Difference channel

out put signal, which is also fed ggc to the respective filter 712,4,6.
The function of the delay e}engnt] 24 Jslto tine align the signal E#ﬂn1the
reference channel 10a with the’oytput fromthe filters 712,4,6. 10 e
filter elenents 712,4,6 adapt in %E?Ikgg using the normalized LMS

al gorithmgiven by Equations E. 1. L"E%8‘bel ow, 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 M1

W)
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) M=1 20 S, (k) _ (W,, (k)T X,,, (k) E1 E.2 E.3 Were m
is 0,1,2... M1, the nunber of channels, in this case 0...3 and T denotes
t he transwoga/ade1e vector. WO 03/036614 26 X,,, (k) = WSUPCTKGO2/0@49xLsu, ,

(k) ws",", (k) Wiarn2 (k) PCT/S®02/00149 E. 4 E.5 nr WVNLsu (k) Wiere Xn(k)
and W&" nm(k) are colum vectors of dinmension (Lsu x 1). The weight Xm(k) is
updat ed using the normalized LMS algoritygmas follows: 10a,,,, (k)

=Xo(k)-S(k)E. 6 W, "' (k+1)=WE"(k)+2,u"' Xn, (K)acn, (k) E. 7 Wiere: AUE ~su.8

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:



1511 Xm (k) Il and where Rsu is a user selected convergence factor 0 < Rsu _<
2, 11 11 denoted the normof a vector and k is a tine index. 20 WO

03/ 036614wWBA3HSGIL/ 00149 27 Runni ng Rsdwi t hi n Adaptive SpaCiraiGorbier (STEP
532) To prevent filter coefficients being updated wongly, conditions for
updating a block of N2 sanples is insufficient. Running RSd is conputed
every NN2 5 sanples and it's being used with other conditions to test

whet her that particular sanple should L?r?date or not. Running RSd is

calculated as follows: rsd = E,,,. Em,,, + Eerr 10 Where: A n F.9 Ens,,,,
= 0.98Es + 0.02(abs[(S,, (k +1))2 - S, (k) S, (k + 2)]) F.10 15 Eery =
0.98Eer. + 0.02(abs[(a,,, (k + 1)) 2 - a,,,, (k) a,,,, (k +2]) F.11

Adapt i ve Spaiheh thete & ataptibie barfilteRestfficiriteo W, STePBalkdatod B, katid ke
events of \Mog‘g‘?u at | ngﬁ t he . coeffici ggts_ of the filter could adapt to the
20 wrong di r'é} ovitly g pravious,stored Bex.t I8 is@bove tha BR this neyeset of

coef fici ent Fjter Tokfie8 SHAPSDHE the P IBT LPrHE: ﬁ&ﬁﬁﬁ;@gfg&ﬁﬁg?& It is

detected to be pointing to a wong direction, after a
mechani sns dato issgavddas thesew BP.

5
A second mechanism 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.()

$.= | LLFI

| S.(-1) ]

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

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



25 A set of 'best weight' includes all of the three filter coefficients (W
1 - Ws' 3). They are saved based on the follow ng conditions: WO 03/036614
28 PCT/ SG8D/00036™M When there is an update on filter coeffiPCreSangoddy,, the
calculated Pk2 ratio is 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 weight' and current Pk2 ra,‘f'o is saved as the new BPk. 5 A
second mechanismis used to deci de when e filter coefficients should be
restored with the saved set of 'best weights'. This is done when filter
coefficients are updated and the cal culated Pk2 ratio is bel ow BPk and
threshold TPk. In this enbodinent, the value of TPk is equal to 0.65. 10
Cal cul ation J&N/Ertaegyummrloésmle{ssmmmpodmm 256. performed as fol | ows:

LacI( J( i) jI : WE‘%%J E%)"f i Ctﬁﬁ(s.'?arac‘%’tdj‘”ﬂ knéfy .150' oo 35%%@1%6@&% i“(ﬁ?gﬂébmg

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:
[ 5,0) ]
S, 1)
8. =

15

_Sc (J - 1)_

(0.0 ] [ 2.0 ] [ 2.0 ][ 20 ]

20 a‘—' (1) acl (1) a,_-z (1) 803 (1)

Q>
Il
I
+
-

écl (J——]') é::2(‘]_1) _503 (J—l)__



29 J=N 2, the nunber of sanples, in this enbodi nent 256. Wiere EsuMis the
sum channel energy and EDIF is the difference channel 1 J-2 EsuM=
Z&G 1) &GWP 03/036614F. 3 J-2.;=1 energy. 1 J-2 2 -, ESuM Eorr PCI(S&02P0149

d) ~=d1~df~-1) ..... F.4 5 The energy ratio between the Sum Channel and
D fference Channel (Rsd) nmust not exceed a predeterm ned threshold. In the
four channel case illustrated here the threshold is determ ned to be about

1.5. Calculation of Power Ratio PSd (STE§0548) 10 This is performed as
follows: 15 L& (J-1)J 20 51(0) & (0) aC2(0) 8C3(0) a&(1) 5,10) a~2(1) a
11 (1) &J-1)J Lacl(J-1 k2(J-1)J [&3(J-1)J WD 03/036614 PCT/ S&X02/ 00149 5
30 J = N2, the nunber of sanples, in this enbodi nent 128.

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 2
Pging =_J_ Sc(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 Sy. |

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



Where PsuMis the sum channel power and PDIF is the difference channel
power. 1 J-1" 2 PSUM = JY&i) j=o 10 J-1 PDrF =3(J)Ea(l)z j=0 Pad PSUM
PDr F The wowa/3deat i o between the Sum Channel and Differ eneeTScazn@h nust
not 15 exceed a dynamc threshold, Tprsd. Calculation of Energy Ratio
Factor Rsdf (STEP 548) This Energy Ratio Factor Rsdf is obtained by passing
the Rsd to a non-linear S- 20 shape tran:g@er function as shown in FIG 9.
Certain range of the Rsd value can be booSted up or suppressed by changing
the shape of.the transfer function wusing different sets of threshold
level, SL and SH. Dynanic Noise Power Threshold Updating TPrsd (STEP 550)
25 This dyn c .noi se_power threshold, Tprsd is updated base on the
following ¢ &.Iﬁ'if@rfgferenw ﬁBal'r"&SI@ligﬂﬁt@nefgajriaéeass;ﬂ‘gnaZOQelﬂmrgy is nore than
700 and power ratio is Iess than 0.45 for 64 consecutive processing

bl ocks, 30 Tprsd = al* Tpr sbemy X a2 Md™P(150,)1MaR3PAW614

In this embodiment, oy = 0.67, o, = 0.98 and Max_Prsd = 1.3 have been

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:

eq(k)=3,(k ) S, (k) (1.1)

25

M-1
Where  S,(k)=20.,() and 0, E)=wrE) 1" (1.2)
m=1 .



31 PCT/ SQ02/ 00149 Else if the reference channel signal energy is less than
700, then Tprsd = a2* Tprsd + (1-a2)*Max Prsd In this enbodinent, al =
0.67, a2 wod3@®eand Max Prsd = 1.3 have been found to gi veTgooioriesults. 5
Adaptive Interference Filter 46 (STEPS 554-558) FIG 10 shows a schematic

bl ock di agram of the Adaptive Interference Filter 46. This filter adapts
to interference signal and subtracts it %éomthe Sum 10 Channel so as to
derive an output with reduced interferen noi se. The filter 46 takes
outputs fromthe Sum and D fference Channel %hle filter 44 and feeds

of
the Difference Channel Signals in parallel g“‘ﬁ%ktther set of adaptive
filter elements 750, 2,4 and feed the Sum Ch ﬁneksignal to a 15
correspondi ng del ay el enent 756. The outputis fromthe three filter elenents
750, 2,4 are subtracted fromthe out putY'"( del ay lel ement 756 at Difference
el ement 758 to form and error output ecl, ich is| fed back to the @3)ter
el ements 750, 2,4. The output fromfilter 44 is.al sjo passed to an Adaptive
Signal Multiplexer to mx with filter output fr(( filter 48 and subtract it
fromthe 20 Sum Channel. Again, the Least Aty @quare al gorithm (LMS) is
used to aglapt the filter coefficients Wiq as follows: ecl (k) = sc 2;) -
S (k) (1.1) 25 M1 Vhere S, (KI5 4 K= RIdeh 2000 We (). V' (K (4:#4)

m=1

B (1.5)

lecl l

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



WO 03/036614 32 Yn' (k)= F acln, (k) | ac2,n (k) acLug,n (k) PCT/SQ2/00149 5
Wiq (k+1)=Wq(k)+2,uH Yn' (k)ey, (k) (1.4) M Pno )6no + Illecl Il Y,n 10 and
wher e NugwoD3@3asser sel ect factor 0<flng<2 and where m i sPOTKEGR2/001404 1,

t he nunber of channels, in this case 0..3. Wen only target signal is
present and the Interference filter is updated wongly, the error signal
in equation 1.1 will be very large and t\kj]g normof Y' 15 will be very

smal | . Hence, by including normof error“Signal Iles, Il into weight
updating p calculation (equation 1.5), the ,u will becone very snall
whenever there is a wong updating of Interference filter occur. This step

help to prevent a ,ong updating of weight coefficients of Interference
filter and h@{&%sw@w& efayLclement /66 Toegpipuisdiem| thatthtee filtks eldaents e

Bl ock i agr ane ot R xapegsted Tor ik BURR IS 0, abrifrtrety Y Do o™ ©
filter adaptelement #5&heifoormnand ercorseutpnd esybivhivtt & fed back to the filter
elements 760,2,4. The output from filter 48 also passed to an Adaptive Signal
5  Multiplexer to mix with filter output from filter 46 and subtract it from the Sum
Channel. o

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.



25 it fromthe Sum Channel so as to derive an output with reduced noi se.
The filter 48 takes outputs fromthe Sum and Difference Channels of the
filter Awoanusdeeeds the Difference Channel Signals in paralliseozb@4anot her
set of adaptive filter elenents 760,2,4 and feed the Sum Channel signal to
a WD 03/036614 PCT/ S&2/ 00149 33 correspondi ng del ay el enent 766. The
outputs fromthe three filter elenents % 0,2,4 are subtracted fromthe
output fromdelay elenent 766 at Difference elenment 768 to formand error
output ec2, which is fed back to the filter elenments 760, 2,4. The output
fromfilter 48 also passed to an Adaptive Signal 5 Miltiplexer to mix wth
filter out put fromfllter 4t6land subtract it fromthe Sum Channel. Agai n,

t he Least adapiievianal M so)used to adapt the filter" 10
coefficients WO as foIIovvs e,2{(k) =, (k) - S (k) M1 Were: S (k)”
as,,, (k) and a,,,, (k) W' (k7.Y(k) n,=1 F ad,,, (k)1 15 ac2m (k) Y"' (k)=

20 La anon, FIB.12Vshowska schnmtitblés diagfari. of th&" Ad4gthecSighk) Mittiptexer. "°
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



['n" 11Yr] 25 and where ,8"" is a user select factor 0<Q@', <2 and where m
is 0,1,2....M1, the nunber of channels, in this case 0...3. WO 03/036614
34 Adaptiwe oSioggead Ml ti pl exer (STEP 568) PCT/ SG02/ 00149 PCESGR2/8M0Ns a
schematic bl ock di agram of the Adaptive Signal Miltiplexer. This

mul tipl exer adaptively nmultiplex the output frominterference filter 46 Si
and anbient noise filter 48 S, to produce two interference signals /,,, and
s as follows: 10 le (t)= Wilsi C)+We (t 1. (t)=WwWl S (t)+ Wi2 sn
(t) The weights (Wi, W2) and (W>, W2) can be changed base on different
15 input signal environnment conditions to m nimze signal cancellation or

i nprove unwant ed signal suppression. In this enbodinent, the weights are
det ermi ned d¢ansellalion peokilem iswiedycednlithe cescribéd embpetiment byl usesofithteect ed
and updating, ¢condi tLon.for. filter 48 (552 nd filter. 20 48 (560 re

fal se then V@(ﬁa AVG ém@al:ﬁ 'E‘?bf‘awhigk%?@efﬁgthw‘ff&et1$'eﬂa'5|e§23§? ”ﬂ&? ﬁ‘% get
signal is depgfetattedThatiat iHive@Adiih | QibsOwHerb t #le 4fyrfa?5) riotse tdriée then
Wt = 1.0, We = 1.0, W1 =1.0 and W2 = 1.0. Else if no target signal is
det ect ed andnigstsencgyisceaivinighe soms: targetisignal enq\ssiil) leaks intbdhese avanngielat i ng
conditio% for filter 48 (560) is true then Wt = 0, We = 1.0, 25 W, =1.0
and W2 = 1.0. /c is subtracted fromthe Sum Channel Se so as to derive an
out put es wiTdh furtiestueddca the eargstisighbecdriietiation pldblemoaiid uhwastddSsighapst

interference and . . .
feed through to the output, the other output signal from Adaptive Signal

Multiplexer /s is fed into the Adaptive Non-Linear Interference and Noise
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



noi se free in an ideal situation. However, in a realistic situation, this

cannot be 30 achieved. This will cause signal cancellation that degrades
t he targewolBgs®li4 quality or noise or interference will fregdGobnaugh and
this will lead to degradation of the output signal to noise and

interference ratio. The signal WO 03/036614 PCT/ SG02/ 00149 35 cancel |l ation
problemis reduced in the described enbodi nrent by use of the Adaptive
Spatial Filter 44, which reduces the taré@t signal |eakage into the

D fference Channel. However, in cases where the signal to noise and
interference is very high, sone target signal may still leak into these
channels. 5 To further reduce the target signal cancellation problem and
unwant ed signal feed through e()(,tﬂ? utput, the other output signal from
Adaptive Signal Miltiplexer 1|IS°ls fef into the Adaptive Non-Li near
Interference and Noise Suppr.se So(lodlp Jggessor 50. 10 Adaptive Non:rh_i| g?ar

| nterference and Noi se Suppresisi on Prpcéssor 50 (STEPS 570-590) i
processor processes input signal lelg he frequency domain coupled with 15
t he wel | -known overl ap add bl pr ssing technique. Sc(t), eS(t) and

I S(t) is buffered into a nenory as illustrated in FIG 13. The buffer
consists of NV2 of new sanples and N2 of old sanples fromthe previous
bl ock. 20 A Hanni ng Wndow i s qh@ml)a plied to the N sanples buffered

signals as illustrated in FI G 14 exgressed mathematically as follows: S,
(t+1) L+
I, =, °H, (H.5)
I (t+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)



S, (t +2) H, (H3) Sc (t + N | 25 WO 03/036614 PCT/ SG02/00149 36 Eh =
(H4) es(t+N)] LI, (t + Nj H' (H5) 5 Were (H) is a Hanning W ndow of
di mensi orwl,03MBdsed ng t he di mensi on of the buffer. The "deCT/Sderoiles
poi nt-by-point multiplication of the vectors. Tis a tine index. The
resultant vectors [Sh], [Eh] and [Ih] are transformed into the frequency

domai n using Fast Fourier Transformalgorithmas illustrated in equation
H.6, 10 H 7 and H. 8 below 15 Sf = FFT(¥,) Ef =FFT(EJ) If = FFT(1h ) A
nodi fied spectrumis then calculated, which is illustrated in Equations H. 9

and H 10: 20 PS = IRe(Sf )I + 1Im(Sf )

Where “Re” and “Im” refer to taking the absolute values of the real and
imaginary parts, rs and r; are scalars and F(Sy) and F(ly) 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



(H6) (H7) (H8) +F(Sf)*rs (H9) P, =IRe(If)I+IIn(If)lI+F(If)*r, (H 10) WO
03/ 036614 PCT/ SG&02/ 00149 37 Where "Re" and "Im' refer to taking the

absol ut e waloaesseof the real and inmmginary parts, rs and PCT@Ge2/8@adars and
F(Sf) and F(1f) denotes a function of Sf and If respectively. 5 One
preferred function F using a power function is shown bel ow in equation

H 11 and H 12 where "Conj" denotes the conpl ex conjugate: P. =IRe(Sf)I+ 10
P, =IRe(If) Im(Sf ) +(Sf *conj(Sf))*rs 8. 11) +1Inm(If)L+(If *conj(l f))*r;
(H. 12) A second preferred function F using a multiplication function is
shown below in equations H 13 and H. 14: 15 PS
=IRe(SF)I+IIn(Sf)I+IRe(SF)I*I T m(Sf)l*rs (H 13) P,.

=I Re(1f) 1+ opokffpt theRedaids)ih the séink)fréquench! cbpotenid oy ahospdkd iRep, sl ar s
(rs and r1l) ontroL&, bgﬁrgtradeoff between unwanted signal suppression and

si gnal di st oFt&"dAY4R ¥ aneAtiRnuatian daefoewpiahi is ghogen to be 0.1 in this case.

The Spectra (Ps) and (P;) are warped into (Nb) critical bands using the Bark

5 Frequency Scale [See Lawrence Rabiner ‘and Bing Hwang Juang,
Fundamental of Speech Recognition, Prentice Hall 1993]. The number of Bark
critical 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:
15 3.0
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



(rs and rl1l) are calculated as 1/(2"S) and 1/(2"') where vs and vi are
scalars. In this enbodi nent, vs=vi is chosen as 8 giving rs =rl1 = 1/256.
As vs, viwpados®l4 the amount of suppression will increas@CTAGoEn@EgUENCY
Scan for simlar peak between PS and P1. Pi may contain sone of the
frequency conponents of Ps due to the wong estimation of P1. Therefore,
frequency scanning is applied to both Ps and P; to WD 03/036614

PCT/ SG02/ 00149 38 | ook for the peaks in 3¥he sane frequency conmponents. For
those peaks in P; is then multiplied by an attenuation factor which is
chosen to be 0.1 in this case. The Spectra (PS) and (P;) are warped into
(Nb) critical bands using the Bark 5 Frequency Scale [ See Law ence Rabi ner
and Bi ng Hwang Juang, Fundaneriféinveite ugech Unesciogriizt i on, Prentice Hal

1993]. The nunber of Bark critical bands depends on the sanpling frequency
used. For a sanpling of 16kHz, thqu@ﬁ;k; «Np = 22 critical bands. The
war ped Bark Spectrum of (Ps) and (P;) ‘are’dénoted as (Be) and (B;). 10

Voi ce Un%oiced Detection and Anplification This is used to, detect vojce or
unvoi cedsi gnal fromthe Bark critical bands of sum si gnd®%, 5ﬁ%%8%
reduce the effect of signal cancellation on the unvoiced signal. It is
per f or med adnfibis embodirsems the)valgsof vpiceSband 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 (E:z < nl1)}
o =0.98;
. else
20 a = 0.90;
nl1 =ao*nit + (1 — o) Ey;
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.



LBs(Nb)j 20 L B., (n) i-0 where k is the voice band upper cutoff Nb U = B5
(n) "=r where / is the unvoiced band | ower cutoff 25 Unvoice -Ratio = US"""
Vsu", WO we/B8s@i# PCT/ SG02/ 00149 39 If Unvoice Ratio > BeTEGH200A9
Bs(n)=Bs(n)xA 5 where 1< n<_ Nb In this enbodinent, the value of voice band
upper cutoff k, unvoiced band |ower cutoff 1, unvoiced threshold Unvoice
Th and anplification factor Ais equal 4h° 16, 18, 10 and 8 respectively.
10 A Bark Spectrum of the system noise and environnment noise is simlarly
conputed and is denoted as (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 updated as
follows: 15 if ((Er3 < Tni) Il (loop_cnt <20)) { if (Er3 < nll)} a =

0. 98;
B,=QB,+Q,B, (J.1)

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



else 20 a = 0.90; nil =a*nll + (1 - a)*Erl; Bn = a*Bn + (1 - a)*Bs; } 25
Using (Bs, B; and Bn) a non-linear technique is used to estinate a gain
(Gb) as Wolmoswi4 Fi rst the unwanted signal Bark SpectrumpPC3/Scowhitaed w t h
t he system noise 30 Bark Spectrum by using as appropriate wei ghting
function as illustrate in Equation J.1. WO 03/036614 PCT/ SG2/00149 40 By
= 921B1 + )2B,, C21 and 922 are wei ghts whose can be chosen enpirically so
as to maximze 5 unwanted signals and nti se suppression with mnimzed
signal distortion. In this enbodinent, S21 = 1.0 and 922 = 0.25. Foll ow ng
that a post signal to noise ratio is cal culated using Equation J.2 and J.3
below. 10 _ Bs RPo By RPP = RPo - | Nbxl The division in equation J.2
means el enent - by- el enent divi si 1] and not 15 vector division. Rpo and RPp
are colum vectors of dinension g b x1), Nb being the dinmension of the Bark
Scale Critical Frequency Band a I Nbxl is a colum unity vector %16)

di mension (Nb x 1) as shown "Bkl ¢i

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 = (l_ﬂi)*‘Rpp +,Bi * (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



RPo = rPo (Nb) 20 RPP = rPP (Nb)j WD 03/036614 PCT/ SG02/ 00149 41 | Nbxl =1
1 11f any of the rPP elenents of Rpp are |ess than zero, they are set
equal to weros/3@i1dsi ng t he Deci sion Direct Approach [see YCTEaoe/aéay and D.
Mal ah: Speech Enhancenent Using Optinmal Non-Linear Spectrum Anplitude
Estimation; Proc. |EEE International Conference Acoustics Speech and

Si gnal Processing (Boston) 1983, ppll118-1121.], the a-priori signal to
noise ratio Ror is calculated as follow# 10 Rpr=(1-fl,)*RPP+A * Bo By
The division in Equation J.7 neans el enent-by-elenent division. Bo is a

col um vector of dinension (Nb x 1) and denotes the output signal Bark
Scale 15 Bark Spectrumfromthe previous block Bo = Gb x BS (See Equati on

J. 15) (Bo iNj2sa@hplesiprocessed ampstayatd witil #he Signanisustt (e iodill Starerdhen (Nb
x 1). The value  of X31 is given in Table 2 below 12345
Pi 0. 016250. 1> ag8inaidbe ngyt gignal onset and the B; is taken accordingly.

Instead of B; being constant, in this embodiment B; is made variable and starts
5 at a small value at the onset of the signal to prevent 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@

|1y (J.10)

L (ND)_



Table 2 20 The value i is set equal to 1 on the onset.of a signal and [3i
value is therefore equal to 0.01625. Then the i value wll count from1l to
5 on eachwoesobiéock of WO 03/ 036614 PCT/ SG02/ 00149 42 N PCT®G0L/ew49
processed and stay at 5 until the signal is off. The i will start from 1
again at the next signal onset and the Pi is taken accordingly. Instead of
Pi being constant, in this enbodinent Pi s nmade variable and starts 5 at
a small value at the onset of the si gnal43to prevent suppression of the
target signal and increases, preferably exponentially, to snmooth Rpr. From
this, Rr is calculated as follows: 10 R RpR, = I Noxl +Rpr The division in
Equation J.8 is again elenent-by-elenent. Rrr is a colum vector of

di nensi on ( Movectay L, abdiftensiarh(MNh xUUXis theredefinedtasd: Lx = Rrr RpO The val ue
LX of is limted to Pi (Pe3.14). The nmultiplication is Equation J.9 20
means el enent-by-elenent nmultiplication. LX is a colum vector of dinension

(Nb x 1) as shown bel ow Lx ::-l(al). ) Ix (nb) Ix (Nb)J WO 03/036614
PCT/ SQ02/ 00149 Y
1,2)
L= J.11
Y |1 (nb) (1)
1))
5 Where nb=1,2...Nb. Then Ly is given as:
I,(nb) = exp( E(;b)) 4 (J.12)
and
2 3 4
10 E(nb)=—0.57722—log(lx(nb))+lx(nb)—(l"(zb)) +(Zx(’;b)) —(lx(;’é’))

(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:



43 A vector Ly of dimension (No x 1) is then defined as: Ly =1y, (1)
ly,(2) | vy, (nb) (J.11) LIy (Nb)j 5 Wwere nb = 1,2... Nb. Then Ly is given
as: |y (rwpos/ossept E(nb) (J. 12) 2 and 10 E(nb) = -0.57722CTbeyihua4g nb)) +
Ix (nb) - (Ix (nb))2 + (Ix (nb))3 - (Ix (nb))4 4 8 96 (J. 13) E(nb) is
truncated to the desired accuracy. Ly can be obtained using a |ook-up

t abl e approach to reduce conputati onal I%%d. 15 Finally, the Gain G is
calculated as follows: Gb = Rrr Ly, (J.T4) 20 The "dot" again inplies

el enent-by-elenent multiplication. Gb is a colum vector of dinmension (Nb
x 1) as shown: WO 03/036614 PCT/ SG02/00149 44 CGb= g(1)

[g()
g(2)

' J.15
g(nb) (.19)

| 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



g(2) g(nb) (J.15) Lg(Nb) J As Gb is still in the Bark Frequency Scal e, i
I s then unw apped back to the normal |inear frequency scale of N

di mensi orwoO 03losseunhwr apped Gb is denoted 5 as G The out pRCTSGOZD0YM W t
unwant ed signal suppression is given as: 10 Sf = (1- Rsdf ).G S f +
Rsdf .E f (J. 16) The "" again inplies el ement-by-elenment nultiplication.
egn J. 16 if Rsdf is high (inplying high signal energy to interference

t
h

In

energy) the output signal spectrumis v ghted nmore from Ef than the Noi se

suppression part (GSf) to prevent signal cancellation caused by the noi
suppression part. 15 The recovered tinme domain signal is given by: S =

se

Re(IFFT (S f )) (J.17) 20 IFFT denotes an Inverse Fast Fourier Transform

with only the Real part of t‘Ige&lj nvgr ghgan orm bei ng taken. Finally,
out put tine domain signal is|abtaindd Z)’/ ver| ap add with the previous
bl ock of output signal: 2§ W O@/)OSGQ_ . ECT/ 9602/ 00149 45 7, (1) (JZ“FB)( 2)
S,(N2)J Lz, (N2)1 N :

|S,(N/2)| Z,(N/2)

'S _(1+N/2)

S_(2+N/2)

Where: Z = (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

t he



Where: Z, S, _,(1+N12) 51 1(2+N2) LSI-1 (N (J. 18) (J.19) The enbodi nent
described is not to be construed as limtative. For exanple, 5 there can
be any nuwbas/adéi£hannel s fromtwo upwards. Furthernore, &E£T®dR/0089
apparent to one skilled in the art, many steps of the nethod enpl oyed 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 exanple,
the adaptive filtering and the frequen domai n processing may be
performed 10 i ndependently of each other and the frequency domain
processing steps such as the use of the nodified spectrum warping into
the Bark scale and use of the scaling factor pi can be viewed as a series
of i ndependguwarcsdwcenwhith ispart ofdheahbbilmunﬂ@@ tTd@ecHrmgmglﬁnﬂ'gmha'rge; now

to Figs. nd 17, an enb nt on _is shown which is a
headsgt systsﬁpo)&f?@%m‘é’g&?e ’Iqeyneiljz i@y”ﬂ%%r tem has two
units, nanely a base station 71 and a nobile un|t 72. The base unit

provi des connection to any host system 73 (such as a PC) 20 through a USB
(uni ver sal skhe daspugnit 71 iacludessah leastt enefaendt éanfangtvenrsliay wiretessat i on

bet bi | n for th acradle
(notshogny STy ERENGT IR At RasT Brgerit 7ot Tne teble 4 Tl ler e

pr ef er abl y RirMihdladeyiat [Badssdtked 789 sHOWN pHysRRRY @bhﬁ@cté/uttb tFr’e Fr%ﬂ’!éﬁﬂﬁtam e
WO 03/ 036614 PCT/ SGD2/ 00149 46 power source which is part of the nobile

unit 72. The'Zhwuagiiig, thaughareyelained below, this is not necessary), and at least
two microphones (audio sensors) 77. The wireless link between mobile unit

72 and base station 71 is a highly secure RF Bluetooth link.
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



t he 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

conmuni cawioaa/0deth at | east one aerial 75 of the nobile umca/sSGA2/o0iae nobil e
unit includes a | oadspeaker 76 (shown physically connected to the nobile
unit 72 by a wire, though as explained below, this is not necessary), and
at least two m crophones (audio sensors) 77. The wireless |ink between
nobile unit 72 and base station 71 is 7highly secure RF Bluetooth Iink.
10 Fig. 17 shows the nobile unit 72 in nore detail. It has a structure
defining an open loop 78 to be placed around the head or neck of a user,
for exanple so as to be supported on the user's shoulders. At the two ends
o:‘ t hg | oop naicmphmlets}m.esmgw opfaﬂrm‘Sthé?cEm?tryrEddnybé withid the diatuithy 80t o be
placed in proxjimty of 15 the yser's nout or receiving voice input. One
of nore batﬁ%@ﬁ@@”é@”ﬁﬂ?gﬁ§eUﬂﬁgaided near the nicrophones 76. In this case
there are two antennas 75 enbedded in the structure. Anay fromthe
antennas, the loop 78 is covered wth RF absorbing material. A rear
portion 80 diigures 18fapand 18(H) shxowitwouvays imowhizhra ngedcan wadar shemadbile

i i, itry. 20, Th temfyrt i,nclud k
(ot - shotn) dgre-rrvngithe shaps distaisd et Bon!: b ToR: 1563 15 SeBrpBRERE ( not
shown) pr ovirdgstietiinit 12 ré®id 8n whd top c?f%ismgdli/]?iﬁf tmr&%&%&%low%hw in

one of his ears, and it all'ows audio output fromthe host system 73. This

enabl es t wo-meythc bnfrign &(&) thauser bapthesan tneeasiehmabile inéresunpsirgdhony
o CAeL, SRR SRR B BRIl 880 oEbEE BERTAr R bhSb
audi o si gnalth greahitesbiivhed Hiesatd hisoheuO 03/ 036614 PCT/ SG02/ 00149
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.



47 m crophones 76. Sone or all 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
whi ch a uwerospadsisear the nobile 5 unit 72 having the shapa/Sdokoeuy ated in
Fig. 17. In Fig. 18(a) the user wears the nobile unit 72 resting on the top
of his head with the m crophones close to his nouth. In Fig.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 k, again wth the m crophone
close to his nouth. 10 Use of first, second etc. in the clains should only
be construed as a neans of identification of the integers of the clains,
not of process step order. Any novel feature or conbination of features

di scl osed i SCkimbe taken as form ng an independent invention whether or
not specifically claimed in the appendant 15 clainms of this application as
initially filed. WO 03/036614 PCT/ SG02/00149 48 Clainms 1. A headset system

i ncluding a pase N%%d@@psﬁté}ﬁ%galn?rﬁ Baéé)uﬁi?a‘ggranheéﬁée@uHE% beRgbriavi ng a

plurality of mcrophones, °the unit and unit belng I n nutual
wi rel ess coruaiusat aod haxing aplurality of onerophona:e thadweadrét uniband bhee headset

uni t havi ng di.gi t.al .signal cessi n s arr dto orm5| al
proceSS| ?h%'ngl"}r\g%g ﬂla‘p'ﬁg%ﬁs 58 u@? A 9"5(—?& %ﬁté)&‘eb‘? ¢ pgse uni i

mi crophones andhedh@idsalt uﬁltmlngpdlgﬁﬁ%‘igﬁw p'ﬁ@@éé%lﬂd‘ﬁleﬁﬁb%@ra@\beh%s'f one
adaptive filter to enhance a wanted signhal in the audio signals and at

| east 10 oneP&itRipt sigaak processing in thtulivedomainom auieisignals genemtedbivi o
signals. 2. tﬁ‘et}ﬁ%g&peﬁon%\és h%”&i.ﬂ&&loéua'ﬁé]%rBSes%Lr?d meléms inclu &%B att ISast3ne uni t

i ncl udes
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



a cradle for holding the headset unit. 15 3. A headset system according to
claim1 or claim2 in which the headset unit is associated with a

| oudspeakwo odpaivabl e by t he headset unit for generating aaISGogd@aal s to
the user. 4. A headset systemaccording to claim1l in which the digital
signal 20 processing neans 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 e#®h 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 noi se signals. 5. A headset system according to claim4 which the

di gi tal proditess, epnverdothe fequemtyedorhaincaitdpedorinh uriherprdcesting ineheecond
and third adapti ve WO 03/ 036614 PCT/ SG02/ 00149 49 filters, convert to the
frequency doVREUENSKEOR@M-or m further processing in the frequency domain.

6. A headset system according to claim5 in which an output Si(t) of the 5
second filter and an output Sn(t) of the third filter are linearly conbi ned
usi ng wei ghti.ng fAabeadsettsystien aceording fontlaind Srie mbéicsagwatput K(tY ofrthe of t he
interference signals I¢ being s racted.fr t he output of. the first
filter, &nd sgcond ofte’ B@Saf‘t?é“l?%@é&? @Pﬁ&"@ifg@&a@ lige ?@{“L@ﬁgéﬁ%‘i nt o
the frequencyeigeiry factdrS 16 defivB AR HREENHRMBIGTAS! &HRY of th ims 4
to 6 in which ?he second and third filter arlg&gq't e{ﬁ%& efi{ﬁ?’erfgtrelﬁéé‘

det ermi ned tsignalsi/a beiggtsubtrgatad fram the estput of the firshilkers and sysacamdaafc or di ng

to any 9f Cltﬁé rimeﬂ’ege%cé s'ig:?na%’l\'a'[‘:I s Qeitngeconverted 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



15 second filter is not updated if it is determned that an interference
signal is not present. 9. A headset system according to claim7 or claim38
further cwopsiosiényg the step of at intervals determ ning ®Cyrssio2/ennay gy, and
deriving at |east one 20 noise threshold froma plurality of values of the
signal energy, said determ nation including determ ning whether a further
signal energy is above the noise threshold. 10. A headset system according
to claim9 in which the derivation of sa?¥ 25 noise threshol d incl udes
using the plurality of signal energy to derive a histogramrepresenting the
statistical frequencies of signal energy values in each of a nunber of
bands, and deriving the noise threshold froma signal energy val ue Enmax
associ ated with tAdepdaet syustémaccheding gheany ofickaimg deto 10vial witich 36k Wgital

03/ 036614 50_.PCT/ SG02/ 00149 11. A headsef system according to any of clains
4 to 10 in wHPRH RIRECIHTYY fréﬂanssqoé'?ﬁfseﬁr%&é’é%‘i @F&W&rfgteéfﬁﬁﬂqt%r&'nwgffbﬁrth

adaptive fildifsctiolof GefivdlBf Mdtrgdesighair ection of arrival of the target
signal. 5 12. A headset system accor%i ng to claim11l in which the weights

of the fourth adaptive filter are updated including repeatedly performng
an updat procesg whi,ch attenuates.each existi.ng wei ght val ue a
forgetti %g f;[;\%t or'&g.eaﬁ%et %Y#%H&&&Pfdé%f%ﬁha%iér'ai ch glecyvggﬁ?smp%ye 12, in
whi ch t he difgutthladbPtive GREF ardy @RRASH HEITHAG Sepsatdd gie% L a
ratio Pk indicati r%@t he ratio 'of the hi gﬁ%ﬁﬂcent? I vvéi gﬁjﬁ!@gp%{éﬁ of the
fourt h adaptRreeess Whigh attenusdeseashhexisfingmeighieatiegby atforgettinshactdr anei ght
value B, the digital signal processing

13. A headset system according to claim 11 or 12, in which the digital

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



means only adapting the first filter if the ratio Pk is above a given val ue
TPkl . 15 14. A headset system according to claim 13 in which, follow ng an
adapt at i owooB/osdses4 first filter, the digital signal proces®CAEGIRaNIS9

cal culates a new value Pk2 of the ratio, determ nes whether the value of
Pk2 is below the previous maxi num val ue of Pk2 and bel ow a threshold TPk,
and if so restores at |east one of the {]irst, second and third filters to
its previous state. 20 15. A headset syg’ em according to claim13 or claim
14 when dependent on claim@8 in which the determ nation that an
interference signal is not present includes a determnation that the val ue
of said ratio is below a threshold TPk2. 25 16. A headset system according
to any of cBafndan interfesenge signahls t Breandvkigemiransiormad intedesRestivet er are

output eo. Rl eetBfiEP M B2 e hrodlfid Shedt® aSSvalbE iRl bbb, o 15
in which theagiospedtrdBsizgdaBis 30 are transfornmed into two frequency domain

signals which are a desired signal WO 03/036614 PCT/ S@2/00149 51 Sf and an
interference signal If , Sf and If are transformed into respective

nodi fi edz spggtra | i Pwh I pective
Bar k spe%t rgng é@ﬁ%@t gﬂ/sltghhicé;ﬂgg@gé[ts %@@Fm acc%ﬁdpﬂgpﬁgséﬁg%@ i‘i@ in

whi ch, pri ofretjaesey slcavating igappliedelquea eyodifiedspecira Bs apgl Piednd pebke

nodi fied spectra Ps_and Pi, and’peak whi ch are found to be conmmon to both
are att enuab"é‘é‘:h ijtio.unj%é‘? bg Qﬂa‘%’l‘g@toz&’%’? 8iR aticuaied Eb claim17 or claim
18 in which aratiois 10 derived of the sumof the values of BS over the
Bark critical bands up to the voice band upper cutoff, and the sumof the
val ues of B%9%oveA héedsBhsistem acoatinglterakainal 7 andlai chBeintwhicliavatiodsl bank

| over C% of fd'erived 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,



20. A headset system according to claim 16 in which the ratio is above a
15 given threshold, the values of BS above the unvoi ced band | ower

t hr eshol dwearog/o3@mpl i fi ed. 21. A headset system accordi ng PPeT&Gp2/pr@zedi ng
claimfurther including a speech recognition engine receiving the out put
of the digital signal 20 processing neans. 22. A headset system accordi ng
to claim18 in which the speech recognition engine receives fromthe
digital signal processing neans inforn®ion indicating any one or nore of:
25 a) a direction of a target signal Td, b) a signal Energy Erl, c) a

noi se threshold used by the digital signal processing neans, d) an
estimated SINR (target signal to interference ratio) and SNR (target

signal to noise 2@93 ctrud® of prozessad 8pedth sigac8biitng t he presence of target
speech, WO 03/036614 PCT/ SG02/00149 52 f) a spectrum of processed speech

signal Sout, g)9hpetentirkireasaatart andandainnandoi nts, and h) an
interference si glq)alcm ﬁﬂgﬁégewg}e ﬁﬁéﬂ%(l%b\%ﬁr@ﬁorégépﬁ%ﬁA headset system

according to any precedi ng cla set unit conprises two
arns for |ocation proxinmate the nouth of the user and for positioning to

either side_of t user's head. 24. A headset system according to claim23
i whi o § h&SheaBdIEAdRet SIS BACREAIED O A EerRaaig REBUpPEIGIdEDy { ho
user’s ShOUHél&ds%twnﬁtfboﬁﬁ&i%rmo &ﬁgsir%? E%tighwﬁﬁfété tHEeRIbuth éPthe/uiddpadset

system according to claim or c Ich at | east
and for positioning to either side of the user's head.

24. A headset system according to claim 23 in which the headset is
10  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.

16
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
20 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
25 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
30 to claim 27.



one m crophone is provided on a free end of each of the arns. 15 26. A
headset unit for use in the headset system of any preceding claim 27. A
met hod ofwprieose®ss ng signals received froman array of seRE€BISS02/6@Apri si ng
the steps of sanpling and digitising the received signals and 20
processing the digitally converted signals, the processing including:
filtering the digital signals using a'g rst adaptive filter arranged to
enhance a target signal in the digital éignals, transmtting 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 25 unwanted
interference signals, and the third filter being arranged to suppress

noi se si gndgs; @nrhicophone hgadset camprising fifstand seseod dNIGFAPNORERd filters.

28. Signal processing apparatys arranged to I PEHE di ng

30 to claim 27. %%ﬂ%ﬁ@iﬂeégeﬁﬁ%&?mjgté%.saﬁfg?n&gro honeoqﬁgg%lset
compri sing i1 Sty 8 b HeeRisphead dfiasikesed at respect i ve ends of a
support, the support being adapted to be worn around the neck or head of a

user.



