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The invention relates generally to speech processing. In particular, the

i nventi orwpeBM0E33 to a noise-stripping device for speechPpTEGos81128).
Background The use of noise-stripping techniques for inproving speech
intelligibility is wwdely known and practiced in the field of speech
processing. Typically, conventi onal noilse- stripping techni ques involve
gain nodi fication of different spectral regions of speech signals

representative of articul at <) ee of gain nodification
applied to any spectral reg&8§ﬁ§%%gﬁgggﬂﬂgﬂ§ﬁgi€kdepends on the

signal -to-noise ratio (SNR) of that spectral region. A nunber of
conventional noise-stripping techniques are disclosed in patents. Each of
t hese t edfipld@EEvgntianappl i ed to speech processing to a linited degree
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noi se-stripping techniques is the proper identification of speech and
backgr ourBadkgrénd N speech captured or recorded in a noisy environnent. In
such situations, speech is captured qr recorded t_oget her. and . m xed with
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identified in su nolI se- cont am hat ed spee gnal’s, the tas
per f or m regrijgng tecdijhésdatolon giih emcelification of dfekrat sprgtrahegonant speedd speech

signals is usually mninmall uccessful . A nunber .of. US patents teach or
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Pat ent 48114 mur e at ent 6001131 by Ranman, and US Patents
4628529 thaicspd@B0 8o yA Bombhr eff coaventional noise-stripping techniques are disclosed

in patents. Each of these techniques when applied to speech processing to a limited

degree reduces noise in noise-contaminated speech signals, but does so usually at the
expense of speech quality. The effectiveness of such techniques also lessens with

increasing noise levels in the noise-contaminated speech signals.

A common problem that exists amongst the conventional noise-stripping techniques is
the proper identiﬁcqtion of speech and background noise in speech captured or recorded
in a noisy environment. In such situations, speech is captured or recorded together and
mixed with the background noise, therefore resulting in noise-contaminated speech
signals. Since speech and background noise have not been properly identified in such
noise-contaminated speech signals, the task of performing gain modification thereon for

isolating uncontaminated speech signals is usually minimally successful.

A number of US patents teach or disclose noise-stripping techniques, but such teachings
or disclosures have not been applied with satisfactory results. These patents include US

Patent 4811404 by Vilmur et al, US Patent 6001131 by Raman, and US Patents 4628529
and 4630305 by Borth et al.



WO 03/001173 PCT/ SGEO1/ 00128 2 Vilnur et al, incorporating Borth et al
(4628529), discloses a noise-stripping technique that applies spectral
subt ract iwp,0300113pectral gain nodification, for enhanci ngPspseovooigsial ity
in which gain nodification is perfornmed on noi se-contam nated speech
signals by limting gain in particular spectral regions or channels of a
noi se- cont ani nat ed speech signal that2do not reach a specified SNR
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identifying anbi ent. noi se_in noise- contam nated speech signals follow ng a
pr edet er AEe! g wiing thesiNR e obiinipg 4 spgespending yaioe gnatide vaBe Bemcancel | ati on
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t eaches echnique which 1 nvolves splitting nolse-contam nate speech
si gnal s ipp¢sencihahaelanelrtd cosipaging suchid valid with e pagdetrmgeidniiesiodd valne.f or

controlling channel gain depending. on the SNR. of each annel . annel
gain is selOiEdneEse FOE&EPWW%W%&‘GH%%]P ofmg igyR %W@af@g%ﬁ%e to
channel  RyEBQLoro IR valilRrel AR toWEEBhhe PARK GhRUARI RIS, h@US Oof the
channel . There 1s therefore clearly a need for a background noi se-stri pping
devi ce anttteamineogairefyotonsifon gamendbficdtion to thendhafindlng speech and backgr ound
noi se i n noise- contam nated speech, thereafter processing the sane for
retrieving the speech. Sunmmary In accordance with a first aspect of the

i nvent i OrRanfarn@5d168Es b ¥chatgub B RAicbask ktng afiPiefitndi@RBRB: from a
noi se-cont am nat ed speech signal is provided, the method )
contaminated speech signals following a predetermined duration of speech signals as a

basis for noise cancellation by using a speech/noise distinguishing threshold.

Borth et al (4630305) teaches a technique which involves splitting noise-contaminated
speech signals into channels and using an automatic channel gain selector for controlling
channel gain depending on the SNR of each channel. Channel gain is selected
automatically from a preset gain table by reference to channel number, channel SNR, and

overall background noise level of the channel.

There is therefore clearly a need for a background noise-stripping device and a
corresponding method for identifying speech and background noise in noise-

contaminated speech, thereafter processing the same for retrieving the speech.

Summary
In accordance with a first aspect of the invention, a method for stripping background
noise component from a noise-contaminated speech signal is provided, the method
comprising the steps of:

digitising the noise-contaminated speech signal to form samples grouped into

frames;



conprising the steps of: digitising the noise-contam nated speech signal to
form sanples grouped into franmes; WO 03/001173 PCT/ SG01/00128 3 dividing
in the freguwamem7dlomai n the digitised signal into a pluralPCrgGoi/odiegquency
bins; storing a plurality of franes of digitised signal equivalent to a
preset length of digitised signal in a buffer; estimating the spectrum

| evel of a current frame of digitised sf’gnal during a preset period;
conparing the spading imthedteqnettcy domairhihe digitisadtsignahinto opludilyy of Seqhestynal
with a sgec;rum estimate representative of an earlier frame of digitised
signal and™electing the lower of the two spectrum estinates during the
preset period; s&tagiaplurhis oFetagich 98 dighived sipReCdquitiles td Apilesetildhgtihef buf f er
during the_ preset eriod; assigning the stored and sel ected | ower spectrum
esti mate digitissgsimahinghiufierof the current frame of digitised signal; and
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stored inpth@l;buffer. In accordance with a second aspect of the invention,
a device for stripping background noise conponent from.a

noi se- cont am n&PBRAEFIBE BPesTyALgstimateidhe enpent figmepd digttisedsigngl vithag: neans
for digiti .H?mt Y= 1 : Mol SRR,
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period;

D)

assigning the stored and selected lower spectrum estimate as representative of the
current frame of digitised signal; and
setting as background noise spectrum estimate the minimum value of the stored

and selected lower spectrum estimates of the plurality of frames stored in the buffer.

In accordance with a second aspect of the invention, a device for stripping background
noise component from a noise-contaminated speech signal is provided, the device
comprising:

means for digitising the noise-contaminated speech signal to form samples
grouped into frames;

means for dividing in the frequency domain the digitised signal into a plurality of
frequency bins;

means for storing a plurality of frames of digitised signal equivalent to a preset
length of digitised signal in a buffer;

means for estimating the spectrum level of a current frame of digitised signal
during a preset period;

means for comparing the spectrum estimate of the current frame of digitised
signal with a spectrum estimate representative of an earlier frame of digitised signal and
selecting the lower of the two spectrum estimates during the preset period,;

means for storing the selected lower spectrum estimate in the buffer during the

preset period;



| ength of digitised signal in a buffer; neans for estimating the spectrum

| evel of a current frame of digitised signal during a preset period; neans
for conpawpDrg/oone3 spect rum esti mate of the current frame ®CTHEGY1/HI138d
signal with a spectrumestinmate representative of an earlier frame of
digitised signal and selecting the |ower of the two spectrum esti mates
during the preset period; neans for stoti ng the selected | ower spectrum
estimate in t hmehusbeassigmingthe stoeed apdeslettegd dowardpeadng 8ytidmiid 73

PCT/ SGO1/ 00128 . 4 ne for i gni.ng.the. stored and sel ected | ower
spect rum Eemsﬁgf‘tévea%ﬁﬂ?‘é‘ﬂﬁé’égrﬁﬁllﬁgﬁ?bﬁtésregtsfém'ﬁP ent ffarre of digitised

signal ; and neaRgnd f sl AdWhcREroRAE KEEOsREriAicSEmBEIR AR MmitihRsd vaIed 6f t he
m ni nrum val ue of the stored and sel ected | ower spectrum estinates of the
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Dr awi ngs g}rﬁigec%di ments of the invention are described in detail hereafter
wth reference to the drawi ngs, in which: Figure 1 provides a bl ock

di agram showi ng nodul es in a noise-stripping device according to a first
enbodi ment of the_ invention_inplenmented using a fixed-point processor;

Fi gure 2 BrigtDgscyintion QEFheDIgPimesshowi ng nodul es in a noi se-stri pping

device agfR6iMd O AT eMthCHROMERAN B (P MR VAR fefpLRIRAIEd LS ng
a floating-point processor; IH gure provi des a bl ock di agram show ng

cal cul at i drwitgpm wiich:est i mati on of spectrum relating to background noi se;
Figure 4 provides a bl ock, diagram showi ng steps perfornmed in a gain

nodi fication process in respective nodules in a gain vector nodification

modul e i np{hes { hRATdI BRIk Miagram showing modules in a noise-stripping device
according to a first embodiment of the invention implemented using a fixed-point

Processor,

Figure 2 provides a block diagram showing modules in a noise-stripping device
according to a second embodiment of the invention implemented using a floating-point

Processor,

Figure 3 provides a block diagram showing calculation steps for estimation of spectrum

relating to background noise;

Figure 4 provides a block diagram showing steps performed in a gain modification
process in respective modules in a gain vector modification module in the floating-point

device of Figure 2; and

Figure 5 provides a block diagram showing a gain modification process for the fixed-

point device of Figure 1.

Detailed Description
In applying improved noise-stripping techniques involving spectral subtraction described
hereinafter, noise-stripping devices according to embodiments of the invention afford the

advantage of enhancing speech intelligibility in the presence of background noise. An



device of Figure 2; and Figure 5 provides a bl ock diagram show ng a gain
nodi fi cation process for the fixed- point device of Figure 1. Detailed
Descri pt iwo oBoappl yi ng i nproved noi se-stri ppi ng techni queSTISGdODMRSQ
spectral subtraction described hereinafter, noise-stripping devices
according to enbodi nents of the invention afford the advantage of
enhanci ng speech intelligibility in the presence of background noise. An WD
03/ 00117 appiTatBEOL/s0d128eviss iappthedild ofenbancng spegchidatitydor perfaiminge: fiel d of
enhancinqﬂg eqph cIarLf .for performing automatic voice sw tching.
Convent i offat At a1 DPINg t echniques are limited in the ability to
properly identify speech and background noi se conponents of signals
representing speech contam nated w th background-noise mhenﬁigg tantially
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accor di N Grb0eseitRE IIFMES BlnrdlRts itRURE! hifach! ARRGHRUARLE. On L he

i dentificatlon nol se conponents. uman speech patterns show t hat
every 0.5 to 1 second of articulated speech is typically interspersed wth
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accordingly adjust gain vectors for “elimnating the background noise wth
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with at least one non-voice pause, during which background noise may be isolated, while

most noise patterns do not show such periodic behaviour. The devices identify
background noise during pauses in speech and accordingly adjust gain vectors for

eliminating the background noise with minimum distortion of speech.

Algorithms are also applied in the noise-stripping devices for the characterization of
background noise and for gain adjustment of background noise and speech components

of a captured or recorded noise-contaminated speech signal.

In the noise-stripping devices of which processing modules are shown in Figures 1 and 2,
a noise-contaminated speech signal is preferably sampled and digitised at 16kHz into
samples of the noise-contaminated speech signal with 128 samples constituting a frame,
so that digital signal processing may be applied. Any type of digital signal processors,
combination of digital signal processing elements, or computer-aided processors or
processing elements capable of processing digital signals, performing digital signal
processing, or in general carrying out computations or calculations in accordance with
formulas or equations, may be used in the device. Processing steps, calculations,
procedures, and generally processes may be performed in modules or the like

components that may be independent processing elements or parts of a processor, so that



In the noise-stripping devices of which processing nodul es are shown in
Figures 1 and 2, a noise-contam nated speech signal is preferably sanpled
and di gi tweed/oex1736kHz i nto sanpl es of the noi se-cont am RETSGIEpERE h
signal with 128 sanples constituting a frame, so that digital signa
processing may be applied. Any type of digital signal processors,

conbi nation of digital signal processi el enents, or conputer-aided

pr ocessorthessiprogessing skeinsytsehasnkmineplengued by wity pf bardweienspitwaye.ifmvedrgnal s,
performng digital s n%l processing, or in general carrying out

conput at i ﬁgm%mé%WS%ggilons in accordance with formulas or equations, may
be used in the device. Processing steps, calculations, procedures, and
general ly processes may be performed _ in nodules or the |ike = conponents
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each FFT topdificatiqn; teatigitibad Sgalst are pfGiblyipnocsssidinddpendemtlynn didferegpdi n

nodi fication, .the digjitised signals ar referahly. processed i ndependently
"o 11 orionttalepgety BhvhEg ahed ABte Rl Hhr Bl el sbhRGREF B, "Spoci 1 od
that includgsdis, Rabgeqichdy 00H0)4000HS) dddatbieReudnbs O40HOPR AR
high-fredﬁgncy >4000F%) s%gctral rgéionsg@fhg opg?gtionar%%spects of the
noi se- st riegPindg devi ces are described hereinafter in greater detail wth
reference to Figures 1 and 2. During operation the noise-stripping devices
digitise a noise-contam nated signal froma mcrophone or the |Iike pick-up
t r ansduceThe @jechtidholVdspéecté BEthe ingistsaR@irg dRites i@ desdibgl hateirsifignal grpatacessor
in which the background noise conponent is substantially renpved or
reduced. dakal \gﬁbé@fﬁm@m@rﬁwegﬂ@ﬁ@ . iDairing operation the noise-stripping devices

digitise a noise-contaminated signal from a microphone or the like pick-up transducer

and provide the digitised signal to a digital signal processor in which the background
noise component is substantially removed or reduced. The speech-enhanced signal is

then converted to an analog output.

Fixed- and floating-point processors are used respectively in noise-stripping devices
shown in Figures 1 and 2, with a number of processing modules differing as shown
therein. Fixed-point processors have lower power consumption and are favoured for
many portable applications. However, a number of processing steps described
hereinafter in relation to the floating-point implementation are not included in the fixed-
point implementation due to a possibility of overflow that affects the dynamic range in
the fixed-point processor in respect of FFT processing. Floating-point processors are
therefore more powerful and provide better noise reduction and speech quality in respect
of the current intents and purposes. For example, the process of windowing alone used
in the fixed-point implementation reduces aliasing distortion, albeit not as effectively as
the combined processes of windowing and gain vector rotation and truncation used in the

floating-point implementation.



then converted to an anal og out put. Fi xed- and fl oating-point processors
are used respectively in noise-stripping devices shown in Figures 1 and 2,
wi th a nuwbeaes/oafi7pr ocessi ng nodul es differing as shown tRETSIGAL/00128

Fi xed- poi nt processors have | ower power consunption and are favoured for
many portable applications. However, a _nunber of processing steps described
hereinafter in relation to the floati ng}-poi nt inplenentation are not
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WO 03/001173 PCT/ SGO1/ 00128 7 As shown in Figures 1 and 2, a
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i nput to and
Anal og-t ol LIt Bpp %SlSF ¢3) 1408 ihe fiked-paipt 4%‘“(566%‘;‘@? QHHY"H'E% 4 ythgiftogting-sj gnal
consi sti Qf ﬁ@{ﬂ?
Fi gure 1%1)1 FQG(I{A?%F%&%& &%?r%{'%&%i@ap{%&ﬁgldgﬂxﬁf»d é?gﬁa ﬁtgﬁ?}l&% htﬂasi S
Fil ter ldcobsiftifig ofStvodiratees, i.&laRuficht &arjle&miaprdems ifragehisgiveflapggdand y

Geerea. orP eSSy BB uRRTRRE 0o RoRTBARG: ik Bk Bl es Popun
to a Fr a%n@éﬁﬁé G256 < W@@&%M%@&@Fwoﬁmm 1R drofidding SPih%h%t' ng of two

frames, i.e. a current frane and a previous frame, is overl apped and
pr ocessedblog, mgtlbthwatdgwl of theunoen @pefrﬁmneé imim Quedap vieimenodwle ek of
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both the current and previous frames alt h]cj)bt% the current frame remains

t he framecustent fipme.csempinsrin Hip pradowekene fomohe Merdavwesrouaient biteck adr i eve t he
samples in a current frame from a windowed previous block are added to form the output

of the Overlap yfraim module 40. This is possible because by applying the preferred
Hanning windowing technique in the Frame Overlap & Window module 16, in which
windowed blocks are symmetrical about central points, the addition of the current and

previous blocks in Overlap yfraim module 40 yields the current frame.

However for purposes of simplicity and brevity, when any reference is hereinafter made
to the current frame of sample until the retrieval of the current frame in the Overlap
yfraim module 40, such reference is made to the current block of samples, which for all

intents and purposes, includes the current frame of samples.

The output of the Frame Overlap & Window module 16 is provided as input to an FFT
module 18 for conversion to the frequency domain for further processing. The current
frame of samples afier conversion to the frequency is defined as an output Xffts, in

which the first 129 bins are used as a calculation frame in frequency domain.

The magnitude or power spectrum S relating to the current calculation frame of the input

noise-contaminated speech signal, which consists of both speech and background noise



current frame, sanples in the previous frame fromthe w ndowed current
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noi se- cont am nat ed speech signal, which consists of both speech and
background noi se WO 03/001173 PCT/ SGO1/ 00128 8 conponents, is calcul ated
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Firstly:
k
D(@) =Y 8G, j); k=3~5,i=0,...N;
J=1

where S is the power spectrum relating to a calculation frame of input noise-
contaminated speech signal consisting of both speech and background noise components
processed in the floating-point implementation in Figure 2, or the magnitude spectrum
relating to the calculation frame of noise-contaminated input signal processed in the
fixed-point implementation Figure 1; i is the FFT bin number; N is the maximum order

of a calculation frame; and D(i) is the value of S(i) averaged over k frames.

Then;

nay

Se(b) = L ZD(i); fori=b,.,b+nav,0<b<N, (D

nav i3



spectrum S over three to five calculation franes of the input

noi se- cont am nat ed speech signal, then cal culates the estimation of the
spect rum8o osebEring to the input noise- contam nated spe®Ch/SSoynaRS usi ng
equation (1) Firstly: k D(i) =1 S(i, j); k=3-5,i=0.. N, ;_1 where Sis
t he power spectrumrelating to a cal cul ation frane of |nput noi se-

cont am nat ed speech signal consisting 8f bot h speech and background noi se

conponent.s r.ocess@®doi fi(h){1€00Hpat i n oi nt t|o |n Figure 2, or
thremmalgml{l chslﬁ?é’:t{ O/BIZJrg‘b 9166()1%12 chﬂ&eﬂ&) °

noi se- cont am nat ed ¥ nput processed in the fi xed p0| nt

i mpl ementwkdyen Figure 1; i is the FFT bin nunber; N is the nmaxi mum order
of a calculation frame; and D(i) is the value of S(i) averaged over k
franmes. Then: 1 nav Sc(b) _ Y D(i); for i =Db,..., b+nav0< b<_ N, (1)

nav 1=1 WD 03/ 01173 PCT/ S 0012 9.0 for.f. 000 i ch nav=
o b o B R e P S R b ! SR E e

estimati opecth sigiwl;spectrumrelating to the input noise- cont am nated speech
signal; b, i is the FET bin nunber; f(b) is the frequency of FFT bin b; B
1is the widtH.fs thpEFEbm ppmber;

f(b) is the frequency of FFT bin b;
Bl is the width of the FFT bin;

and preferably

BW=150Hz for 1000Hz<=f(b)<1500Hz;
BW=250Hz for 1500Hz<=f{b)<2000Hz;
BW=350Hz for 2000Hz<=f(b)<3000Hz;
BW=500Hz for 3000Hz<=£(b)<4000Hz;
BW=1000 Hz for 4000Hz<=f(b)<6000Hz; and
BW=2000 Hz for 6000Hz<=f(b)<8000Hz.

Also, an estimation of the spectrum Ny, relating to background noise is performed in a
background noise spectrum estimation module 24 by using the magnitude or power
spectrum S, in which the steps for the estimation of the spectrum N, relating to
background noise include a number of calculation steps as represented in a block

diagram shown in Figure 3.

Firstly in a leak-frequency calculation module 302, a value Leakfrequency E1 according
to known techniques is calculated from the magnitude or power spectrum S so that the
frequency of each FFT bin leaks or spreads to a preset number, preferably two, of
neighbouring FFT bins where E1 is the maximum magnitude or power spectrum S value

within this range.



and preferably BW150 Hz for | 000Hz<=f (b) <l 500Hz; BW-250 Hz for

| 500Hz<=f (b) <2000Hz; BW:350 Hz for 2000Hz<=f(b)<3000Hz; BW-500 Hz for
3000Hz <=fWD)s4@0QHz; BWE1000 Hz for 4000Hz<=f (b)<6000Hz; PERGGOBV¥H2©00 Hz
for 6000Hz<=f (b) <8000Hz. Also, an estimation of the spectrumNL relating to
background noise is performed in a bamg?round noi se spectrum estimation

nodul e 24 by using the magni tude or spectrumsS, in which the steps
for the edh¢resultdd ﬁ:cfmtthvele@l@&cquemy InLoduI@Bé)fzuﬁt;bwn@sedola@kﬁgpmumcai@ﬂg@n ncl ude

a nunber of l.at i, o te ese d i.n.a bl.oc r.am shown in
i gure s, TeaFR Y iRinidh B B8 e Shp et SRR A R RudiRao B 2 e
Leakf requemymEg ug;iﬁg:éq@hag(z)gwhi@ﬁqym technl ques is calculated fromthe
magni t ude or power spectrum S so that the frequency of each FFT bin | eaks
or spreads to a preset nunber, preferably two, of neighbouring FFT bins
where El is the naxinyn1nagnitude or power spectrum S value wthin this
range. WO 03/ OGAFB= RZk[ HGYL/fO0EBS . . hlihavloe< besMl t E1 f(Dm t he

| eak-frequency nodul €302 is then used in a Fregnmax cal cul ati on nodul e 304
in which the estimation of the spectrumrelating to background noi se
continues using equation (2), which is: nav E2(b) = max[El (i)], for

i =b, ..., b+nay, bfor f(A®O0Hz10 for f ) (10 n_which nav= BWBI f or
f (b) 10%W°5%VTE£QWB1%#}U))’> 1fO%H%>Nalg<?vmélr(g‘8£@e)of°r §Nt he out put of

the Freqmax nodul e

where:
E2(b) is the output of the Freqmax module 304;
b, i is the FFT bin number;
f(b) is the frequency of FFT bin b;
B1 is the width of the FFT bin;
and preferably

BW=150Hz for 1000Hz<=f(b)<1500Hz;
BW=250 Hz for 1500Hz<=f(b)<2000Hz;
BW=350Hz for 2000Hz<=f(b)<3000Hz;
BW=500 Hz for 3000Hz<=f(b)<4000Hz;
BW=1000 Hz for 4000Hz<=f(b)<6000Hz; and
BW=2000 Hz for 6000Hz<=f(b)<8000Hz.

The next step is to find a value RunningMin in a RunningMin calculation module 306, or
a local minimum value of the output of the Freqmax module 304. This is done by
comparing and selecting the smaller of the output of the Freqmax module 304 obtained
in the current calculation frame and the output of the Freqmax module 304 selected in
the previous calculation frame, or the smaller of the output of the Freqmax module 304
obtained in the current calculation frame and the maximum value of the output of the

Freqmax module 304 obtained during a reference period of m frames known as a phase



b, i is the FFT bin nunber; f(b) is the frequency of FFT bin b; Bl is the
width of the FFT bin; and preferably BW150 Hz for | 000Hz<=f (b) <l 500Hz;
BWE250 HzWD@s/00B0DHz <=f ( b) <2000Hz; BW-350 Hz for 2000Hz<2CIISGaB0O0$z;
BW=500 Hz for 3000Hz<=f (b)<4000Hz; BW-1000 Hz for 4000Hz<=f (b)<6000Hz; and
BW=2000 Hz for 6000Hz<=f (b)<8000Hz. The,1 next step is to find a val ue
RunningM n in a RunningM n cal cul ation r](DduI e 306, or a |local m ninum

val ue of alegk. olhismaxsnumhealuerie gredscabhy digniteddoshe Piicenyassign gige bftheddBpar i ng

" the corvRtty TR Rime e AR i AR S TOT R R, e T 500

sel ect ed dcoordidyopr evi ous cal cul ation frame, or the smaller of the output
of the Freqmax nodul e 304 obtained in the current cal culation frame and

t he maxi num val ue of the output of the Freqgmax nodul e 304 obtai ned during
a reference period of 1 hase WD 03/001173 PCT/ SGO1/ 00128
11 cl ock. Thi EBW#@%H%?@’?%?%e?E@%JPI imted by @he bit-conversion
size of the A/D Conv8HREF2(a.2) niEevafielqtnbrsadoake E3 according to equation
(3) is therefore selected according to: mn[E2(b, j), E2(b, j - |)]others
E3 (bj)={ mn[E2(b, j), max val ue]at phase clock (3) The output E3 from
t he Runni TN ip U @in 3RER insnih NITH $BUEE 3DQisthéh §ALE W aPicaRufatisiMrameengt h
First-In-First-Qut (FIFO buffer in a FIFO Buffer store nodule 308 at the
begi nni ngeegth s tDWKIFQ)rbuifer ihe MG Bpiferf sorg imngduies3 GRoat Bz

cor eopondl g detRole o il S UBkRRanIPE 9% bhiobhiife of 155 5 FO

256 ms of samples. During this time, the FIFO Buffer module 308 saves preferably 0.5

=(D

to 1 sec of data relating to the minimum value E3 to the P calculation frame length FIFO
buffer, where P refers to the number of m calculation frames. The preferred P size is 4
so that the P frame length FIFO buffer stores up to 0.5 sec of data in the case when m =

16 calculation frames, and 1 sec of data in the case when m = 32.

During every phase clock or every reference period of m frames, the “best” estimate of
the spectrum relating to background noise is obtained from the P calculation frame
length FIFO buffer in a MIN of P Calculation Frame select module 310 using the

following equation:
P
N (6) = min[E3(b, nm)]

where Ny (b) is the estimation of the spectrum relating to background noise as shown in

Figure 9; and nm is the order of the calculation frame saved to the FIFO buffer.

After estimation of the spectrums relating to the input noise-contaminated speech signal
(Sc) and the background noise (Ny(b)) in modules 22 and 24 respectively, a gain vector g
is generated in a gain vector calculation module 26 by calculation according to the

following equation:



to 1 sec of data relating to the mninumvalue E3 to the P cal cul ation
frame length FIFO buffer, where P refers to the nunber of mcal culation
franes. TWeopoefiggred P size is 4 so that the P frane | emgTlsGoL/B@2®Uf f er
stores up to 0.5 sec of data in the case when m= 16 cal cul ati on franes,
and 1 sec of data in the case when m :1§2. During every phase cl ock or
every reference period of mfranmes, the™best" estimate of the spectrum
relating to back(. r_o{th:lf(il)eilééNLﬁi)bg;éi n_ebd fromthe P calculation frane

| ength FI FO buf lgr“ in a M4ypof P Cal etilaton Frame select nodul e 310 using
the follow ng equation: P KIL (b) = mn[E3(b, nmM] nnrl where NL(b) is the
estimation of the spectrumrelating to background noi se as shown in Figure
9; and urn is_the order of the calculation frane saved to the F|FO buffer.

After estVhaekbis afonsiaat faplet prefiebly sstdeiwgnil torve apdpat fafdPedPeBNt ani nat ed
speech si gAmerdeRtohn A1l HAGKIRAUNGRLLIS: khbibAblalith MDAbkes 22 and 24
respectivel'y, a galn vettor g i's genera I'n"a galn vector calcul ation
nmodul e 26Ghiy neadificdtiahiof theaopwmbisegrohtantitveed $pekdhosizmad ireq gainivector WO 03/ 001173
PCT/ SGO1/ 001.28 .12 (i Sc(i) - kf * NL (i 1 SC(j). wher f is a
constant PEGEGH B apdHE SR yS8E o s eh s st et calblaion MG eq” poi n

| mpl ement aLb198s fildt eI BHidatRADF ﬁr‘e%afﬁecfdr%?%ﬁeﬁ%iﬂ@'tﬁﬁ sa!rﬂB%‘%ﬁEﬁﬁﬁl?ftth@n In
Figure 2. Gain nodification of the input "nhoise-contam nated spéech signal
i n a gai ninpeiotopse-comtraiihated spasoh sigoiallie tiRgrequemy donmimdenved fodm thedFRJai n

vector ocHHURTh S N0 B FRpde Sl IR B0 ROl 25 "
speech siEMBprocBsstii ehef JaSSIHEME YloSMEBHSInCRFvicdé&Hoh ONF FHllend¥Déigfefond 8 i n

the case of the fixed-point device shown in Figure I, or from an
al t er nat i gasn modification processes are appropriately implemented for the different fixed- and

floating-point processors, which are described separately hereinafter. Both processes are

intended to reduce artifacts and aliasing distortion in the noise-stripped speech signal.

With reference to Figure 4, the floating-point implementation in relation to the gain
modification process performed in the gain vector modification module 28 for the
floating-point device shown in Figure 1 is described first. Floating-point processors have
adequate dynamic range to carry out gain modification processes with very low
distortion. The gain vector is transferred back to the time domain by an inverse FFT
module, processed using rotating and truncating, then transferred again to the frequency
domain by an FFT module. The steps performed in the gain modification process in the

respective modules in the gain vector modification module 28 are shown in Figure 4.

A Gmod module 402 is described for setting a minimum gain vector Gmod, which
includes minimum gain values for the bass, mid-frequency, and high frequency spectral
regions. For any minimum gain value Gbassmod, Gmidmod, or Ghighmod where the
gain vector g is less than a corresponding preset minimum gain value Gbassmin,
Gmidmin, or Ghighmin, the respective minimum gain value is set to the predetermined
minimum gain value. Preferably, the preset value for Gbassmin is 0.15, Gmidmin is 0.2,
and Ghighmin is 0.15. Otherwise, the minimum gain value follows the gain vector g

accordingly:



FFT process in the case of the floating-point device shown in Figure 2.
Hence, different gain nodification processes are appropriately inplenented
for the dwbfesmwentsfi xed- and floating-point processors, WRATSGOHNE2S8

descri bed separately hereinafter. Both processes are intended to reduce
artifacts and aliasing distortion in the noi se-stripped speech signal.

Wth reference to Figure 4, the floating-point inplenentation in relation
to the gain rrg,gl fi cat | on| (Prasemes gig Kf(@raweain n t he gai ? v.g&t or,.nodi fication
modul e 28 for VAESMINAT ngspeipt device shown in Fi guf® 10 s2fescri bed
first. Floating-point pro eégors have adequate dynam c range to carry out
gain nodi fication process f di stortion. The gain vector is
transferred badknidmddid ﬁf@n’gm(fg{r?é%lﬁj%f@gninﬂverse FFT foradl,e,,64r ocessed
using rotating and trunca.g@ﬂfﬂ“$hen transferred again to the frequency
domai n by an FFT nodul e. The. steps %erprned in the gain nodification
process in the 8&(5'j¥ aMBL (ONCREBTYRI n vect or qigd catl'ﬁé)n nmodul e
28 are shown in gure 4. |ji3rhelsnodul e 402 is describe for 'setting a

m ni mum gai n vector Gwwd, which includes m ninmumgain values for the bass,
m d- f r equency, Gamitl=iGY#ssiod §ireidmod<feghmed]| regi ons. For any m ni nrum gain
val ue Gbassnod, Gm dnod, or CGhighnod where the gain vector g is |ess than
a correspondi ng preset mninmum gain value Ghassnin, Gmdmn, or Ghighmn,

the respealy FETHalH AHIR1830 théd | peBods Gfthe finfnfn @ﬁi%quét?g @n&[&fconﬁ'st’i‘lhg’m m gai n

value. Preferably, the preset value for Gbhassmn’is 0.15, idmn is 0.2,
and Ghi ghef minigwgn gn vauesfoniheghreespeatiahiagions can N+1 admplek ghluglsversee gai n

vector g rdi ngl y. 03/,001173 PCT/ SGOL/ Q0128 3 ss mn, g(i) <
Coase m nTeBishoth ield SR A AR b mgomat sgrsedifa SRRS | " < o i n
Gnd nod(i) = g(i)others for i=21,...,64 {Chil? min, g(i)(Gigh mn Chigh
nod(,) = g(i)others for i=64,...,128

where hraw=IFFT[Gmod]

In a Rotate and Truncate module 406, the processes of rotation and truncation, or circular
convolution, is performed on hraw by the rotating and truncating hraw, which is the
minimum gain vector Gmod in the time domain, and saving the rotated and truncated

hraw as hrot using

hraw(i+2*N—N/2),i=0,..,N/2-1

hrot(i) =
o) {hmw(i—N /2),i=N/2,.,N-1

Next in a Window module 408, the rotated and truncated gain vector hrot is processed
using a windowing technique, preferably the Hanning windowing technique, to obtain

hwout via
hwout (i) = hrot (i) * w(i),i =1,...,N ,
where w(i) is a windowing function.

After the windowing operation, an FFT Gain module 410 expands the hwout to 2N

points as



Grod=[ Gbassnod Gm dnod Ghi ghnod] An | FFT gain nodul e 404 then perforns on
the m ni num gain vector Grod consisting of mnimmgain values for the

t hree spewoOroaloorieyyi ons, an N+1 conpl ex val ue I nverse FFTPCOsGo/001280 yiel d
2N real values in the time domain represented by hraw, where

hraw=l FFT[ Grod] In a Rotate and Truncate nodul e 406, the processes of
rotation and truncation, or circular dénvol uti on, is performed on hraw by
the rotating and truncating hraw, which is the mninumgain vector Grod in
the tinme domai - a€dosav']ng the rotated and truncated hraw as hrot using
hrot (i) _ hrav@{qw?ﬂ Ndsw?l =0,...,N2-1 hrawmi - NI2), i = N12,..., N-1
Next in a Wndow nodule 408, the rotated and truncated gain vector hrot is
processed using a wi ndow ng technique, preferably the Hanni ng wi ndow ng
technique, to obtain hwout via hwout(i) = hrot(i) * wi), i =1,..., N,

G - it Gt B R o] e £ AR OGP BRI 2 T
PCT/ SGOL/&@28 14 [hwout, O~., ], N then passes on a 2N real val ue

FFT[ hwout] which is a conversion to the frequency donmain. The gain
nodi fication of the input noise-contam nated speech signal is perforned

through nTﬂetgalﬂ{ mbaifc@oPbt &Q%ﬁﬁ?ﬁbi&é—@&t%ﬁ&teﬁ%ﬁ&é&h SF&E[ ﬁ‘éﬁ%ﬁné’& th the
i nput noi se-" contam nated speech signal processed by an FFT nodule 412. The
process phroughmedtiplication ef e hovbiled gaid Y& tarFRTbwont) withibe swuteisan nat ed
speech si c%rr]x?a!'rnihéstecg gpse%crzlll ls:ll(;:".,,rrqallprr]ocessed by an FFT module 412. The process performed in

the FFT module 412 on the input noise-contaminated speech signal is described in

greater detail with reference to Figure 2, in which the input noise-contaminated speech

signal first passes through a Z™ module 30 for introducing a one-frame delay. In an

Expand to 2N module 32, N samples of the delayed frame form a frame as Xin, and

expands the same to 2N as

[Xin, 0,..., 0],
N

on which an FFT(2) module 34 processes for conversion to the frequency domain as Xfft

as follows:

X{ft=FFT[(Xin, Q,..., 0)]

N
where Xin is N point of input noise-contaminated speech signal.

Then, the Xfft is multiplied by the modified gain vector FFT[hwout] to produce a noise-

stripped speech signal in the frequency domain in a multiplier module 36 as follows:

Y=X{ft*FFT[hwout]



greater detail with reference to Figure 2, in which the input
noi se- cont am nat ed speech signal first passes through a Z"N nodule 30 for
i ntroduciwgoa/oenes franme delay. In an Expand to 2N nodul e PBZ/SG8/8@ERpl es of
the delayed frane forma franme as Xin, and expands the same to 2N as [Xin,
O,..., ], N on which an FFT(2) rmdul e, 34 processes for conversion to the
frequency domain as Xfft as fol]lows: XX t =FFT[(Xin, )] N where Xinis N
poi nt of  iftefaenosdo Eigwre fi the gait regsbestion ipreress for fsr{ixedinointf ft i s
multiplie ain.v F

P an@g th%tl % ({e rﬂ}ﬁ A hQhil ‘gﬁ%géﬁﬁ?ﬁcldlﬁ&u%f@? Lﬁ%gs 1%0198 cful e 36 as

stripped s cnsi naI re uenc

fol | ows: méapicatiod6f, getiﬂvwcttbr g/\@l@ﬁb@l@ilét?&l dTCHé m&&ﬁﬁa&ateﬂsnwttsignalef erence
to Figure 5, the gain nodificatiaon tg@ocess for the fixed-point

i mpl enent EPTeEANEd InjEequenge domangyiduihe gaigstesior & Hosveyss m %%afl% af then
process i f aid QN of the
noi se- cong%#%ggtt%{aggﬁﬁ} 1&%1‘&?%& ot n% ﬂrlg%?rgrsn\gﬁﬁggﬁfeﬁh%%éﬁquehg/ﬂ g)ae marn with the
gain vectnﬁrrgting—tbrﬂmmmdrgajnmﬁaﬁuodmpﬁmﬂshe gain vector g only includes
setting the mnimumfor the three bands, followed by mrroring the

nodi fied gain vector to 2N points. In a Mdification of gain vector nodule

502, the  AMBESSELA of 8hiHSRctbPmoliiiE 5H rtﬁ@mlﬁ%ﬁ% %ﬁﬁ%ﬁl@& f(ﬁ*%@t'hf&!enw y:

[Gbass mn, g(i) < GhasS mn Gbassm)d(l = g(1) ers for i=0,...,20 Gmnd
mn, g(i )baIIdStWQjSQtaWO@lmglyrmd(l ) g(i)ot hers for i=21,...,64
: _ 5 :
Gbass mod(i) = Gb.ass min, g(f) < Gbassmin for i=0,...,20
g(D)others
i, o(i i mi
Grmid mod(i) = {04 M- g () < Gmid min for i=21,...,64
g(D)others
highmin, g(i){Ghighmi
Ghighmod(i) = Ghighmin, g(()Ghighmin for i=64,...,128
g(i)others

Gmod=[Gbassmod Gmidmod Ghighmod]

Next in a Mirror to 2N module 504, the minimum gain vector Gmod is mirrored to 2N

points as follows:

Gmod(i)=Gmod(i) , for i=0,...,N; Gmod(2N-i)=Gmod(i), i=1,...,N-1.

The result of mirroring the minimum gain vector Gmod is then used to modify the Xffts
overlapped FFT of the input noise-contaminated speech signal, in which the Xffts is
multiplied with the minimum gain vector Gmod in the multiplier module 36 to produce a

noise-stripped speech signal as follows:
Y=Xffts*Gmod

In an Inverse Fast Fourier Transform (IFFT) module 38, the treatment of the noise
stripped speech signal for both fixed- and floating-point devices proceeds with a 2N

inverse FFT to convert the noise-stripped signal to the time domain, in which:



{Ghi hm n(Q(Ghi hm n  Ghighnod(i) = g(i)others for i=64,...,128
Ghod=[ Ghassnod Gm dnod Ghi ghnod] Next in a Mrror to 2N nodul e 504, the
m ni nrum gaor3ventdr Grod is mrrored to 2N points as fol PORSG01/00128

Grod(i )=Gmwd(i), for i=0,...,N Gmod(2Ni)=Gmwd(i), i=1,...,N1. The result
of mrroring the m nimum gain vector is then used to nodify the Xffts
over | apped FFT of the input noise-contani nated speech signal, in which the

Xffts is nmultiplied with the m ninumgain vector Grod in the multiplier
nodule 36 to p ngﬁ noi se-stri pped speech signal as follows:
Y=Xffts*Grod &ﬁaa ]I:?Dgfse Fast Fourier Transform (I FFT) nodul e 38, the
treatnent of the noise stripped speech signal for both fixed- and

fl oati ng-poi nt_ devi ces proceeds with a 2N inverse FFT to convert the
noi se- st r "HEEsIY 45 B apisestrinped speseh sighaliakier g3in wndaicatigpimBegisnqy; domain,

PCT/ SGOL/ Q04 g8y it he F?‘?}g é@ﬁlh@ge%&@n&s&&ﬁﬁ@d@%ﬁ?' stripped speech

signal after”gain no uency domain, and yraw is the speech
signal stripped of the noise in tine domain. The processing then continues

ith th | frai dul e ¢ i i . hoi se-stri d
\g: gnal i65 g%@%ﬁ%@@%@ﬁ%}nﬁﬁg‘ﬁ'éﬁ b‘%%&‘é%ﬁ%’%?ia?ngﬁ 0 qr‘!q?ﬁ)rg‘geﬁ%mliﬁ, ]s r1I) |,ope
1 =0, ..., NoterfhpbBd 8oROSSIPed bikhalis dehethtdd dc88difgnby 1 n the fixed-point

i npl enentation then processes the overlapped noise-stripped speech signal

yfraim(i,j), in which the filter is a first order IIRfilter. A

Digital -to-Anal gg. verter.44 pr. sses . th oi se-stri pped speech signal
for conversio %%%C(EJtXrag'g]all)waﬁg}%@i’%hﬁfle"S'aﬁ'rslequent speech processing
applications. In the foregoing manner, noise-stripping devices according

to enbodi nents of the . ) o .
A De-emphasis filter 42 utilized only in the fixed-point implementation then processes

the overlapped noise-stripped speech signal yfraim(i,j), in which the filter is a first order
IIR filter.

A Digital-to-Analog Converter 44 processes the noise-stripped speech signal for

conversion back to analog domain for subsequent speech processing applications.

In the foregoing manner, noise-stripping devices according to embodiments of the
invention for addressing the foregoing disadvantages of conventional noise-stripping
techniques solutions are described. Although only a number of embodiments of the
invention are disclosed, it will be apparent to one skilled in the art in view of this
disclosure that numerous changes and/or modification can be made without departing

from the scope and spirit of the invention.



invention for addressing the foregoing di sadvant ages of conventi onal

noi se-stripping techniques solutions are described. Al though only a nunber
of enbodiwerB®owf3the invention are disclosed, it will b@capmsat/enksto one
skilled in the art in view of this disclosure that nunmerous changes and/ or
nodi fication can be nmade wi thout departing fromthe scope and spirit of
the invention. WO 03/001173 PCT/ SGOL/ 06?28 17 dainms 1. A nethod for

stri ppi ngdClad@kgr ound noi se conponent from a noi se-contamni nated speech

. |t h ST i of - di aitiei _
?lloiggg- con 'Smnﬁétngeghcg%%g (rs:tklﬂs)ﬁ%r? aaPl?%r §ﬁﬁ€°rh§)es%) oggﬁtlgf?dolﬂu géléﬁlgr?to %tan?rrl%?ges;

di vi di ng dpeedbgrfal aheeiRthyddonprising ies dégidfi sed signal into a plurality of
frequency bing; storing.a plurality of Lr ames of digitised signal

equi val ent to Hsisiimgdhe ReipgypentyRmatlGpeclstpnal igrarm seplen gropRed it i mat i ng
the spectgymd.evel of a current frame of digitised signal during a preset
period; conpalfing the spectrumestinmate of the current frane of digitised
signal with a disgérginthe Bequemay domaiprtksdigitmed signadfintara pdaralityeef Faquemcyof
digiti sedlé.‘si_gnal and selecting the |ower of the two spectrum esti mates
during th¥%reset period; storing the selected | ower spectrumestinmate in

the buffer durdfgnd He1upiiRy 6F fraled b gitideBdi sl BGuithentsb ArpRékepRAghRIfect ed
| ower spectrumestinmate as representative of the current franme of

di gi ti seddigitiged$ignalmela buffei; ng as background noi se spectrum estimte the
ol ural Tty of rPAmeEnE P BR TR e gt v SRS Re SRER SR E R,
wherein thgiodt ep of storing the plurality of franes
comparing the spectrum estimate of the current frame of digitised signal with a
spectrum estimate representative of an earlier frame of digitised signal and selecting the
lower of the two spectrum estimates during the preset period;
storing the selected lower spectrum estimate in the buffer during the preset
period;
assigning the stored and selected lower spectrum estimate as representative of the
current frame of digitised signal; and
setting as background noise spectrum estimate the minimum value of the stored

and selected lower spectrum estimates of the plurality of frames stored in the buffer.

2. The method as in claim 1, wherein the stepi of storing the plurality of frames
includes storing the plurality of frames of digitised signal equivalent to a preset length of

at least 0.3 secs of digitised signal in the buffer.

3. The method as in claim 2, wherein the step of storing the plurality of frames
includes storing the plurality of frames of digitised signal equivalent to 0.5 to 1 sec of

digitised signal in the buffer.

4, The method as in claim 1, wherein the step of estimating the spectrum level
includes estimating the spectrum level of the current frame of digitised signal during a

preset period of 128 to 256 msecs.



includes storing the plurality of franmes of digitised signal equivalent to
a preset length of at least 0.3 secs of digitised signal in the buffer. 3.
The net howloag/oin7el aim 2, wherein the step of storing thePgT®sGal/hags of
frames includes storing the plurality of frames of digitised signa
equivalent to 0.5 to 1 sec of digitiseﬂ%signal in the buffer. 4. The
method as in claim1l, wherein the step estimating the spectrum|evel

i ncl udes 8st i nhe mythadeasdpelaim dnwhereisl tho step pé corupararg the spastumfestimgied sed

pct scow o515 coBb AR hesRi P liaR SpE R K oLl e ihdtvigp o
conpar i ngspdierupedinattfepbemBivedf ah Redlietl & aceaifame 0@ dightsed pigabll um esti mat e

of the current frame of digitised signal with a spectrumestinate
representative of an earlier adjacent frame of digitised signal. 6. The

t hod f d bef
met hod asgi n Chfl Petnodfddf; ﬁ@ﬁfmﬁé’ﬂﬂfh‘e?&&?pr?%ﬁ%&fﬁrﬁlge@kfgﬁ@p&% 2t éi@ erore

the stori ng estimating step, t eveI of
t he frequdrmsjzonr@ ostichatinglstgp t the etelp of gdjastmgrthe gleatrinarieted ofitherferqueryy bi n, the

adj ust nent dependent o ne| ourln fre uency bi.ns t the
e emey aivadad s R e in Sl o & Ko hency i Kcad e Hoine (epatdent of

adj usti ngntiBRLARBG TATEAGMShs to'\ﬂﬁbh‘ﬁﬁsfréﬁﬁbﬁb%rtlb I&kéd"e spectrum | evel of the
frequency divided digitised signal inrelation to a frequency bin

exceeding 1 kHz. 8. The nethod as in claim7, wherein the step of adjusting

Al T R R L B R R
accor di ngidcfdaudiEidy) the s;w&{lﬂ 16VdlJof tHeOfke gueﬁby divided Gbitised si\%laltln?ﬂlaﬁbr( 2) 0

forf (b)(1000Hz in whi ch nav= and E1(N)=E1l(i), for i>N; Bl for f (b)
> 1000Hztoa frequency bin exceeding 1 kHz.

8. The method as in claim 7, wherein the step of adjusting the spectrum level
includes finding the maximum spectrum value taken between the frequency bin and a

next nav number of frequency bins according to

E2(b) = n'ifa:x[m(i)], for i=b,...)b+nav,0 <b < N 2)
0 forf (b)(1000H:

in which nav= Jorf (bX ? and E1(N)=E1(i), for i>N;
BW I B for f(b) = 1000Hz

whereby

E2(b) is the maximum spectrum value;

b, i is the frequency bin number;

N is the length of a frame;

f(b) is the frequency of frequency bin b;

B1 is the width of the frequency bin;
BW=150Hz for 1000Hz<=f(b)<1500Hz;
BW=250Hz for 1500Hz<=f(b)<2000Hz;
BW=350Hz for 2000Hz<=f(b)<3000Hz;



whereby E2(b) is the maxi num spectrumvalue; b, i is the frequency bin
nunber; Nis the length of a frame; f(b) is the frequency of frequency bin
b; B 1 iwotheomralt h of the frequency bin; BWI150 Hz for PCT/SG01/00128
1000Hz<=f (b) <1500Hz; BWE250 Hz for |500Hz<=f(b)<2000Hz; BW-350 Hz for
2000Hz<=f ( b) <3000Hz; WO 03/001173 PCT/ /00128 19 BWE500 Hz for
3000Hz<=f (b) <4000Hz; BW1000 Hz for 4 b) <6000Hz; and BW2000 Hz
for 6000Hz<=f ( b) <80BBRES00d1z TH@WH@G—E@%HO Bim1, further conprisi ng

the step of nulti pl%wzqob@%znooﬁoo(g%ﬁ@m i gj[ﬁs%aech signal with a gain

vector. 10. The nethod as in c & step of multiplying the
noi se- cont am nat ed BRe000H gfoab00OHAx={{by<§MIORzvect or i ncl udes: converting
the gain vector fromfrequency to tinme donmain; performng rotation and
truncation operation on the gain vector; and reformng the rotated and

truncat edg gai nrjy, eﬁrﬁtet?i:éd BYid O8I | 'fﬂﬂh@r%{%ﬁnél‘_ﬁg thd ﬁ 5O %ﬂﬁ?ﬁﬁern%?sﬁl tant

gain vector to t equency donai n d as aim9, wherein
t he st ep afmtamihstedkydeal signeal with 8§ gainorctani nat ed speech signal with the gain
vector includes mrroring the gain vector. 12. The nmethod as in claim1,

further conprising the steps of: overlapping the plurality of franes; and

perform ngp.a WROQWHOE a9REEISH ORviRiteih iR QY Mﬁﬁ]ﬂ?ﬁm@é mealbis%;co@ffanﬁﬁaaéaes 13.
A device for stripping backgr ound noi se conponent from a noi se-cont ani nat ed
speech signal with the gain vector includes:
converting the gain vector from frequency to time domain;
performing rotation and truncation operation on the gain vector; and
reforming the rotated and truncated gain vector by inserting zeros and

transforming the resultant gain vector to the frequency domain.

11.  The method as in claim 9, wherein the step of multiplying the noise-contaminated

speech signal with the gain vector includes mirroring the gain vector.

12. The method as in claim 1, further comprising the steps of:
overlapping the plurality of frames; and

performing a windowing operation on the overlapped plurality of frames.

13. A device for stripping background noise component from a noise-contaminated
speech signal, the device comprising:

means for digitising the noise-contaminated speech signal to form samples
grouped into frames;

means for dividing in the frequency domain the digitised signal into a plurality of
frequency bins;

means for storing a plurality of frames of digitised signal equivalent to a preset
length of digitised signal in a buffer;

means for estimating the spectrum level of a current frame of digitised signal

during a preset period;



speech signal, the device conprising: nmeans for digitising the

noi se- cont am nat ed speech signal to form sanples grouped into franes;
means forwoiosioolitny i n the frequency domain the digitised PCHS&HL/DILS a
plurality of frequency bins; neans for storing a plurality of frames of
digitised signal equivalent to a preset, length of digitised signal in a
buffer; means for estimating the spectr%%1level of a current_ frame of

di gi ti sed si gnaleansdfior Fergparing:the epecpumi estimaipOftisy oueny fapevf detised0128 20
means O COIRAR Nehok NG SRASH LM ESHIIRE 8¢ B e FURL 8RN EBIR RN i 01 11 sed
si gnal wi TR 4 spe% rumestinate vepresentative of an ear el ar ame of

di gi ti sedsdédginglthalotier 5£ihe ¢ivb Bpectiim dstinmtes Airihf ehetpises paidd; um est i mat es
during the preset period; peans fqr npans for storing the selegt?d | ower
spect rum est i nHeans f9r prans,ier sleFing therselested Aeverspediuny gstingate ihibg Sutfpr

assi gni ng aﬁﬁg sel ected | ower spectrum estimte as

representgtl giggﬁgﬂgﬂﬁﬁg?ent frame of digitised signal; and neans for
setting as bachgaouiod assignieg thp soredmdestecird lewertspectium sstimatahue of t he

stored and sel ect.ed wer spectrumestimates of .the plurality of franes

st or ed inretpﬁeéemﬁm‘?‘étlrtgei‘ﬂ?e‘gﬁ@“ﬁé\}}dbgé“ sigpab8fm 13, wherein the means for
storing the pl Weahd fo¥ s@ing EPBRReroliRE hoidE SpBRAATsTiRhteThOMiMfubalié b al 1 Ly
of frames of digitised signal equivalent to a preset |ength of at |east

0. 3 secs tife sthirgd andsedectddgnwer spectrive ebtimites of ths pluraliy @é fianes storddringhei m 14,
wherein t eerreans for storing the plurality of frames includes neans for
storing t % ?ﬂurality of franmes of digitised signal equivalent to 0.5 to 1

sec of digitised signal in the buffer. 16. The device as in claim 13,

wherein the neans for estimating the spectrum/evel )
14.  The device as in claim 13; wherein the means for storing the plurality of frames

includes means for storing the plurality of frames of digitised signal equivalent to a

preset length of at least 0.3 secs of digitised signal in the buffer.

15.  The device as in claim 14, wherein the means for storing the plurality of frames
includes means for storing the plurality of frames of digitised signal equivalent to 0.5 to

1 sec of digitised signal in the buffer.

16.  The device as in claim 13, wherein the means for estimating the spectrum level
includes means for estimating the spectrum level of the current frame of digitised signal

during a preset period of 128 to 256 msecs.

17.  The device as in claim 13, wherein the means for comparing the spectrum
estimated includes means for comparing the spectrum estimate of the current frame of
digitised signal with a spectrum estimate representative of an earlier adjacent frame of

digitised signal.

18.  The device as in claim 13, further comprising means for adjusting the spectrum
level of the frequency divided digitised signal in relation to a frequency bin, the
adjustment being dependent on neighbouring frequency bins to which the frequency is
leaked.



i ncl udes neans for estimating the spectrumlevel of the current frane of
digitised signal during a preset period of 128 to 256 cosecs. 17. The

devi ce aswpr3obEiin 13, wherein the means for conparing th@CIpseot/puns
estimated includes neans for conparing the spectrumestinmate of the current
frame of digitised signal with a spectyumestinate representative of an
earlier adjacent frane of itised signal. 18. The device as in claim 13,
further cbhpriBhadpviasaasdn f‘«]@rmgaj WhQrblﬁqhQ meansfor ediusting the spectamelavelf r equency
di vi ded d| tised sign Lnor t n ment
bei ng dep gﬁstmgar’ils ﬁ%sémgltﬁe %mﬁé%(?@o{)t:ilggl%ﬁﬂ&% A ‘ﬁdef\d:fl‘ﬂ%fursg&i%’J1 éi(:ly i's

| eaked. Vﬂ@ﬁ{l&ewﬁe@@ﬁém&e&ﬁ 7 1 RAz19. The device as in claim 18,
wherein the nmeans for adjusting the spectrumlevel includes neans for

adj usting the spectrum | evel of the frequency divided digitised signal in
rel ation a klz,, : L claim19,
wher ei n the rrergllrii ?&%é?gfsatlﬁﬁge\? %@%&%%tru%ﬁ%gegﬁaﬁ}gﬁggwgﬁ%gﬁ% for
findi ng tineludesanpamnfspfinding thevadnimutradpectnioe tvalme takeh defweeg tlenfgqueben and a
next nav nurrb r of frequency.pins ac ording.to nay E2(b) = max[El (i)], for
i=b,..., bhlﬁé‘Q ageyt ngy n ?ﬁgequ@é% g B?C(’%BB%F% in which nav= LBW/BI for
f (b) > 1000Hz E 1(N)=E 1(i), for i>N  whereby E2(b) is the maxi mum
spectrumvalue; b, i is the frequency bin nunber; Nis the length of a

frame; E2(b) = n'gx[El(i)] , for i=b,...,b+nav,0<b < N 2

0 for f(b){1000Hz
BW | Bl for f(b) 21000Hz

E1(N)=E1(i), for i>N;

in which nav={

whereby

E2(b) is the maximum spectrum value;

b, i is the frequency bin number;

N is the length of a frame;

f(b) is the frequency of frequency bin b;

B1 is the width of the frequency bin;
BW=150Hz for 1000Hz<=f(b)<1500Hz;
BW=250Hz for 1500Hz<=f(b)<2000Hz;
BW=350Hz for 2000Hz<=f(b)<3000Hz;
BW=500Hz for 3000Hz<=f{(b)<4000Hz;
BW=1000Hz for 4000Hz<=f(b)<6000Hz; and
BW=2000 Hz for 6000Hz<=f(b)<8000Hz.

21.  The device as in claim 13, further comprising means for multiplying the noise-

contaminated speech signal with a gain vector.



f(b) is the frequency of frequency bin b; B 1 is the width of the
frequency bin; BW150 Hz for |000Hz<=f (b)<I500Hz; BW250 Hz for

| 500Hz <=fWD)08BOO0Hz; BW-350 Hz for 2000Hz<=f (b) <3000Hz; PBYWSG0D0Q0H28 f Oor
3000Hz<=f (b) <4000Hz; BWE1000 Hz for 4000Hz<=f(b)<6000Hz; and BW-2000 Hz
for 6000Hz<=f(b)<8000Hz. 21. The devi Cf‘% as in claim13, further conprising
means for multiplying the noise- conta Znat ed speech signal with a gain
vect or. \V@3.03/ Blzderdicersin stagn 26 owhgeinthe peanstie mydinlpiag ke naisec| ai m 21,
wherein the, neans .f or [E o] Y t he i ntam nat ed speech si gnal
with the (Qoglitaﬁnl\?}%tggg?eelcﬁgigﬁ}ﬁlgﬁ%Hrr%ﬁ%‘feg%@%}l\l/%gti ng the gain vector from
frequency to tmeensdoneinvertingahs gdin veger fromfraqgenoyttatinendoandn;t r uncat i on
operation on the gain vector; and neans for refarm ng the rotated and
truncated gai ngEEIeF PEorIIRSIOtatiog 2pd fryacaliog OPFW&HQPB%?ﬁg?@nWPéOW%%I t ant
gain vector to R4480 b oy ' | wher ein
the nmeans for rrrrll%}ﬁ%fyl ng ?%ggggﬁgéganggrr‘%tr%%&%%“gﬁ%ﬂ%%‘r?@es‘fﬁg%%%‘t‘dh t he
gai n vect wansforalinglthe ressdtast daor veviarrto therfiequbecyglinminvect or. 24. The devi ce
in claim13, further conprising: neans for overlapping the plurality of
frames; and nmeans for perform ng a wi ndow ng operation on the overl apped

plurality,df Th&#BSce as in claim 21, wherein the means for multiplying the noise-

contaminated speech signal with the gain vector includes means for mirroring the gain

vector.

24,  The device in claim 13, further comprising:
means for overlapping the plurality of frames; and
means for performing a windowing operation on the overlapped plurality of

frames.



