WO 03/001173 PCT/ SG /00128 2 March 2005 1 A NO SE- STRI PPI NG DEVI CE
*166166* Field O Invention The invention relates generally to speech
processi 4@ odigpiparticular, the invention relates to a noPEBSEIVINIEE ng
device for speech processing. Background The use of noisggstripping

techni ques for inproving speech intelligibility is wdely nown and
practiced in the field of speech proce$sing. Typically, conventional nojse-

stripping techniques involve gain nodification of different ﬁﬂﬁ%\um\‘m \n‘\
regi ons of speech signals representatiyv f Lqul ated spe

degree of gain nodificatiom S%@ngpﬁ“§@t¢ﬁal regi on of spesed
signal s depends on the signal-to-noise ratio (SNR) of that spectral

regi on. A nunber of conventional noise-stripping techniques are disclosed

I n pat entrgeld ¥ Rventiérese t echni ques when applied to speech processing to a
limted degree reduces noise in nojse-contandnated speeeh si. but
does so (Fbeanveptigm relates genepadlyda spgec ﬁ%@?ﬁ%zri[ﬂ“iw}wﬁ’etggfrfmgal%?}]aggss of
such techni 3 | ILR&LR@Si Ng noi se levels in the

noi se- coft S%Hf?gtsgl@%grlpéecgeﬁC%sr}?B#g}?@plj,g coﬁ%on probl em that exists anongst the
conventional noise-stripping techniques is the proper identification of
speech ﬁyﬁcﬁachnd noi se in speech captured or recorded in a noisy

envi ron EY uch situations, speech is captured or recorded together
and i xegheWwist bf hbise-Biriplkinpaeiniques e imptoving speech intalligibiligy isvidely

noi se- cont am nat ed speech signals. Since speegh.a backaroun i se have
not been kpp¥peandprachsed P‘ftilége%rf’afj§aﬁq? pﬁ?ﬁe§%g%§ﬁ¥p&ﬁqqﬁ'af%n§'eg lgrg% ﬂoglggnal s,
the task Qﬁrﬂg i inf d ¢8R of BRTREH spé¥iral feBindlof Bgkech
uncont amsﬁiaquﬁé fsepee E&sl?gdr%g? gﬁﬁs usualll yorri ni mal I{j/ s.uccegs.sf ul . A punber of
US pat entsigriataepresentativeaifasticutatedsspesth; apdheglegrseotofigginasodifcationprliekachi ngs
or disclosures have not heen appligd with satisfa Ly These
patents itA@nYarectial reﬁ%’&%ﬁpﬁgf&?ﬁﬁm?ﬂ‘{g r‘?ﬂﬁﬁeé?g%(i'ftgﬂésf’g@égn 01131 by
Raman,  anf,{45eEak $iicn. 4R 28ntber o fethvERRNEOR0is sthgpig téhnidues 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 identification of speech and background noise in speech captured or recorded
in a noisy enviromnént. 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.
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WO 03/001173 PCT/ SGO1/00128 2 March 2005 2 Vilmur et al, incorporating
Borth et al (4628529), discloses a noise-stripping technique that applies
Spect r al VP13 on, or spectral gain nodification, for EREE&EIPY2&peech
quality in which gain nodification is performed on noi se-t¥nelaii®at ed
speech signals by limting gain in pa&t I cul ar spectral regions or channels
of a noi se-contam nated speech si that do not reach a specified SNR

t hr eshol Hllnmr\cbabmcnmomtmg&nrﬂmtal 2§52ﬂ)4 diseloseranoiRecstipRIAE KENRIGHS - | | ke

characte r and usi ng
the SNR P’@f Wg{eﬁfﬂ‘?cﬁrﬁf%{l }o&é %%%%i é?g}?%:éﬁﬂ% i é%r %ﬂﬁﬁn?ﬁ%%yg%preset

tabl e. ThealitQ i€ hivht iﬁmbﬁﬂﬂé@tldrﬁlstphﬁ‘ﬁnnaﬁdl ficiscedrgaminatedispedchsiggalsind noi se
is present 1n the channel nparing_ su %a val.ue with, a redeherm ned

t hr eshol limitigg,gain m&tlv@%@emlrm&w%?ré@m ofA BYSHERUARIIALS SPEEY engt h of
time int bet u to the
channel , S‘Q@ ﬁ?t @O%ng%cgﬁ%gécﬁﬁed mﬁﬂﬁlge?‘ &%&néaggﬁgﬁﬁg%ﬁ?}rghg ggrg gai n
modi f i catieasirb@eits of obieslike chﬁacrtwnstﬂl:s ot h okamebby mehnurigg¢he SR oféhe es on

i dentifying anbi ent noise_in noi se- contam nated speech si s following a
pr edet er fhanagl m\ms)ﬁheMB:s@éWI@%ﬁapge%ngingH&l& q%a? V?l‘ﬁ? ggn’c%mcel | ation
by using h [ §30305)

t eaches gﬁi é&%ﬁlﬁq@g\xgﬁgﬁﬁéﬁégﬁgﬁg{g&ﬁétep |tﬁggﬁgﬁlgg%arﬁ?g%hﬁ§? glgé speech

si gnal s ippdsentdh alieHaanelrby mmpagngmmﬁmimwuh@mmmmgmdrth@eh@dwwef or

controlling channel a| n depe R.of e ch annel nel
gainis él‘@Féf@tCédnetﬁﬁf ﬁ‘&li“?%ésf’@ %eaﬂ’ﬁﬂ%éﬁl%ﬂm o W?e&u@r (E:'e to
channel S?EP&{ ovld lyafldRrel to%@él?ﬁnhelbﬁﬁﬁgﬁfwxﬂﬂu&%éi ledab of the
channel . ereist eref ore clearly a need for a background noi se-stri pping
devi ce arddteamxrecganeﬁlpmmfomgamnm&a‘twntod@mham ng speech and background
noi se i n noise- contam nated speech, thereafter processing the sane for
retrieving the speech. Summary |n accordance with a first aspect of the

i nvent i ORandn'MidIees fa@échﬁiqhblﬁmt&glebaﬁ Wnﬁgﬂdg mﬁbieﬁﬁn@immet froma

noi se-cont am nat ed speech si %mﬂl s provided, the method gBrl sing the

st eps of :coufagiinited speechhsignals g amﬁa@m@éé&@&og g Pﬁﬂech 8ignYs &% anpl es

grouped Ibggls 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;



frames; WD 03/001173 PCT/ S&1/00128 2 March 2005 3 dividing in the
frequency domain the digitised signal into a plurality of frequency bins;
storing ¥gdoalisty of frames of digitised signal equival BREAF/SEH/MIH eset

|l ength of digitised signal in a buffer; estimating the speaichaonsl evel of a
current frame of digitised signal during a preset period; conparing the
spectrum estimate of the current frame dof di gitised signal with a spectrum
esti mate repr egemimtin\the ftqRcedombiarthé digitised sigaplghtol aplaralitypifreaysac
selecting the |ower of the two spectrumestimates during the preset
period; sun%ing the selected | ower spectrumestimate in the buffer during

t he preset perj.od: WDl 2 givhReAt loavymeses peagthr efim
estimate as re%?%%%ﬁ%%g\%eg?%ﬁseaf%l rrg%?g?zrﬁghne of digitised signal; and
setting a(ﬁéimsd(ggﬁamﬁiammfﬁﬂ spectrum esti mate the mni mum val ue of the
stored and selected | ower spectr esti es of, £ h | b | mes
stored in the ¢stinfasing W%SP&E‘E'BPS%\WEE}Wﬁeﬁmﬁgl%g%e@c#é@h %goé R%éﬁt i on,
a devi cenéeg_fodstri ppi ng background noise conponent from a

noi se-co m hat ed speech signal is provided, the device .conprisjng: neans
for digitisingcérhparing the spoirnavastinatecofsheeurrent frgmof@tgm%ﬁdrﬂ@&iﬁfﬂ‘b@

grouped into frangs; nmeans faqr di.viding j : \eQti

di gi ti sedSREFEHREY st E?rgpﬁﬁﬂ‘rté Viet%faﬁf’arh?f gg‘&éﬁl’g?{ %%E%%%%Eﬁ?})e?t% glre ing a
plurality)Qferlf o%pedtith bitiRslesdiaing theftesstaletiod; to a preset length of
digitised signal in a buffer; means for estinmating _the spe trum%evel of a
current frame stbridg dfie sedrsteddpyamspectaum epigmate pp 8@&“&9&&%&} € prese

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.

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;




means for conparing the spectrumestinmate of the current frame of digitised
signal with a spectrumestimate representative of an earlier frane of

di gi ti sedveiogMal17and selecting the | ower of the two spectRUIMSGEHI00IR8t es
during the preset period; neans for storing the sel ected |20t ¥ectrum
estimate in the buffer during the preset period; WO 03/00 1 1 73

PCT/ SGOL/ 00128 2 March 2005 4 neans fdr assi gning the stored and sel ected
| ower spect r unmeaus fonassigning thp stoserhansk selestedflowerspeeirymne gstihatg@e of digiti sed
signal; and nmeans for,setting as kgr gund noi se spectrum estinmate the

mi ni mum VaPIR&e ?twet‘?fréhgf'brf%%gﬂ’c? @?ﬁ%ﬁf@ lgng\??/eapaspect rum esti mates of the
plurality of fmm&&aﬁﬁ‘%a\tj BackBound Wbise specBuimadstiPacthe plihiguniivafio of

Drawi ngs Enbodi ments of the invention are described in detail hereafter
with ref ethestosed and selectedrlawerspsctrum esfimates ofthgplurality of Siames stosedyngag

di agram sm ng nodul es in a noise-stripping device according to a first
enbodi nent 0t "the invention inplenented using a fixed-point processor;
Figure 2 provides a bl ock diagram showi ng nodul es in a noise-stripping

device according to a second enbodi nent of the invention inplenented using
a fl oati nBrigbDescription.Of Ibe Drmawiigse 3 provi des a bl ock di agram showi ng

cal cul at | 0Slfisd 8F nSIVERGP e BesRBAS Tk Hbtall HeRLaABE ith RASKAGONthenO! se:

Figure 4 provides a agram show ng steps perforned in a gain

nodi f i cat dmwingsy ocwhishi n respective nodules in a gain vector nodification
nodule in the floating-point device of Figure 2; and Figure 5 provides a
bl ock di agram showi ng a gain nodification process for the fixed- point

devi ce of pfgyelil BroViddPBiNbdieadamGhbWingfodlesiRR NoidGstiphguedce
noi se-stripping techniques involving spectral subtraction described
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
hereinafier, noise-stripping devices according to embodiments of the invention afford the

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



herei nafter, noise-stripping devices according to enbodi nents of the

I nvention afford the advantage of enhancing speech intelligibility in the
presencewf o3RRetedr ound noi se. An WO 03/ 001173 PCT/ SGO / O0RQBSGR1/ME2%ch 2005
5 application of such a device is in the field of enhanc? Hgcsp®séch clarity
for performng automatic voice swi tching. Conventional noise-stripping
techniques are linmted in the ability #o properly identify speech and
backgr OUE@,m{i@?oPﬁi&HW&m@ i©fn thé @eldl of enbprcizepeedicrlay det pEEBTOLE nat ed
wi t h background-noi se when substantially renoving or reducing the

backgr oumatomatis yoice switchit s from t he noi se-cont ani nat ed speech signals.

Al so, particular noise-stripping processes used in these techniques
introduce artifacts and distort speech. Wile conventional te hn%ques rely
on t hr es oneentionalidiss-strippinp tevhnipesize lisiteddn thecpbality to BORETlY 14e8iifYon of
speech components for quantifying nqisg.co . | peech
conponentgeechFad Ragkggound noiss %B‘pﬁé?fﬁf: 8§Sl %&gg%é@%%%ﬁ%‘é%gﬁg? t he

| nventi on. Bl 846 RRASIEE viftn iGNy kéhodihg onredhcingtimdbachgpundniss 1bst
human speec pdtterns show that every 0.5 to 1 second,of articulated
speech i sotipphens frym the aospeosteninahd dpeech signale. Ao RIBHEWAINOLS; "€ duri ng
whi ch background npoj se may .be isol at.ed 1 le | patterns do not
show suclpreressesdsed Wéhﬁi?itﬁqhmq“?ﬁ@tf?gy?%gﬁﬁcgeaﬁ’p@s@ﬂ ggéceﬁgr ound noi se during
pauses in speech and accordingly adjust gain vectors for elimnating the
background noise with mnimumdi stortion of speech. g@l &ori t hins a%ﬁ/al SO
appl i ed i Whilaeomentiena techpisiusgrelicon theeshplds to make spsech/paiss JefisIgRs gy ot
background npise angd for,. gain_adj : 119;55?1‘3 3G i gpeech
conponent enttﬁcaamea iH?F‘élﬁg%?p‘?n%%&g}e(gﬁ%lﬁgég- Q‘gﬁét(g‘;m nat %‘qu%‘g’gg’gq}él gnal . In
the noi seg3tdi RRiguRetSVihe A5isektrippingiepices escotding troeibaimante of fswn in
Figures 1 and 2, = a nol se-contam nat ed spﬁec_h Si&?al ish{l)rgperabl eegﬁrrpl ed
and di gi tinvetiontplaiernphiasis on theigpntificalpn pHROIRHSUEPUSHES A7 oA PRGAY F)%ec
signal with 128, sanpl.es | ' T t; icllghhtatspes@hal
processi i haw glqvgrgfd'.'i&cili géyéﬁgg8?a‘fﬁﬁ°g{y:%§|5p§?bgﬁgﬁbbd}gge§solr)s, ,

conbi nat i gith af 1edit@ink Abn Soteaus; detsEwhizhdackgeouns] nose mayrbeiselated, while
processors or processing el ements capabl e of LBr(ﬁe%si.n (&I&lft al signals,
per f or mi nuposti ngiiseiattgimgdgnot show such periodic behaviour. The devices identity

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



processing, or in general carrying out conputations or calculations in
accordance with fornulas or equations, nmay be used in the device.

Processi W0#98/6¢1d73 cal cul ati ons, procedures, and general | PGIVS4988 may be
perforned in nodules or the |like conmponents that may be ingepepsent
processing el enents or parts of a processor, so that WO 03/001173

PCT/ SG01/ 00128 2 March 2005 6 these ﬁocessi ng el enents nmay be

i npl enenttBesepyoagesing elemgniswaricbe inrlemented by waswhherdwarn, sefliweienBrmware,

t her eof . Myl time domain is applied time-based processing and
anal ysi s %GSP%@%%PQE& tripping devices, and converted to the frequency
domai n preferably using Fast Fourier Transform (FFT) techni ques for

frequency-based processing and analysis. Each frame in the frequenc
donai n i sThfifAmRE thﬁflmqmaéwsrqpe&a‘iﬁw-bamowm and am*m%ﬁ; i eby

each FFT Jkn..i .ef e I Ao gltﬁ} |

nodi fi catslilﬁoéhlh?%ééﬁgélsgl |(ls&é§§§%dg{r?§]1§&g{?d§%lg¥ g?er a f'/felg{r?’ﬁ cgés{g%g&ﬁfgg%%ﬂdent |y
i n di fferBatsfospRT)akchndayies fiar, fraxfuendyi-bdsed pracessimy andpnelysisaMayh fpmeiifii ed

t hat include the bass . (<1250Hz), m d-frequency (.1250-400 .and

hi gh- f recfﬁ%ﬁeﬁueflﬁﬁgwﬁfi‘)‘séb‘ﬁg‘%z&h TNy é@enﬁéﬂﬁég‘ﬁwpé‘ﬁ%am%cts of the
noi se- st rwme@%aéﬁm%&ﬁgmg k886l 6D SHS i HidtR! FoPewtnfl ghin detail with
reference to Figures 1 an . During operation the noise-stripping devices
di gi ti se modificationg thetdigitisat sighals apegpireferably procdssaddptepeadentlytindifif¢reat pi ck- up
transducer .and provigde the digitise Lgnal . di gi I gnal processor
in which ?ﬁ@%éﬁ%& Wmcﬂdﬁag’@géfﬁﬂm%@ﬂ}g?&ecﬁfaéﬁﬁm&ﬁﬁbe?’@ ved or
reduced. (& _ IoUFoL trs 0og out put .
Fixed  anarT Ep el BRREY 1 E0on: fand HER RARMRY GHoUMAHpanal

noi se- st megiphmg devi ces shown in Figures 1 and 2, with a nunber of =

processi ng nodul es differing as shown therein. Fixed-point processors have
| ower power consunption and are favoured for nany portable applications.

However , Phebpeh@ional aspEs 66t MBiselsBippintedevided ark AREMdAHek@thatted ifi BedickOn t O
the floating-point inplenentation are not included in the fixed- point
i mpl enentdetdibwith seferencatopiiguiesil land 2. Buringsperatian thenoise stapping dRwces/ nam ¢
ange |0 ke by Re RRRinRLOGER Hork B fiGBRGH. 'indfile RERT b cer

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.




t herefore nore powerful and provide better noise reduction and FEPSG01/00128
quality in respect of the current intents and purposes. For exlgrggp%msdﬂgooy'

process of w ndowi ng al one used in the fixed-point inplenenta ib&nc r ces
aliasing distortion, albeit not as effectively as the conbined proceSses
of wi ndowi ng and gain vector rotationyand truncation used in the

floating- pol Bl R | £ nofebeddniihatdddBdcdR siged isPRRgfibwAn®003 2 March
2005 7 ASR§ gmvjﬁq?ir:ll |8L?‘;eds£?nglnd é‘ a noi se-co%%ezrri nat ed,speech signal is

first i npuprotessedroy an Anslop-teRigitth(AAN Canqrts 14 For panyerpigh {0 nverter 12
for conver gl | Bt ' BEbsiht ingledbntiticat® Bigafe 1Isanpl es. I n .
t he fixed-%@%ﬁf&‘?&%%nent gé?ﬂosam?lhggﬁéhgﬁig 1? %ﬁgeﬁDl(ggnva%rt% 12 outputs
the di gi t atheV/BiSianvarisr koutpustthe digitat signal fo an Eraphiasis Fijter, 18 [pf gt omer o ' iy o
for enhancgﬂgﬁlmrpﬂaré,ﬁ,%ﬁfgnﬁ%hﬁdqaéﬂaybrémeﬁts6ﬂtﬁe®B®b©hnmmonent. The Enphasis
Filter 14 in the fixed-point device or the A/D Converter 12 in the

floating- point device provides input to a Frane Overlap & W ndow nodul e 16
in which t hge bRBksis FARD T4 Hithdke@ipoint@evice arthe A/D Cenvesterclrin tatlodtingme and a
previous franme, "I's overl apped an r?ceialed usi n&heamwi %qu#purnct ion to
forma w nmmpmﬁpmw&%?msé’ﬁﬂ@ oy TaeqUie, OdF sarpl es for
subsequent c@gﬂ;ﬁgggfr@;, igQMes, 1769 cifréi BEmb AE Nfreviols frame, ibbedappedand | t he

0

retrieval the current fra erfornmed i.n an, Overl | m.nodul e 40
descri bed m@cea%wx\sra,wmaiﬂmﬁg&ea °Méw€@|"}"84ﬁ“n§ﬂtﬁ%}(§lg%ﬂ$? “fr anes
glatsr:]?iug'?i E)E her e|é ﬁ?fsfer ?’ﬁ‘)fr etr | méFﬁgﬁemm ey smggj i |t Eet he
previ ous f%Wbﬁ#ﬂ%ﬁhﬁmﬂgﬁ?‘%ﬁ?ﬂ%‘%ﬁcﬁgw ﬂ@gﬁp—@g i %@? current
gc/»ar,r:a froPdagcwbmaﬁhd I mgmv_?_mdﬂmmmmﬂﬁmu M@mqmm of the
erlap yfral mnoqu . 1S | | : a symetric
wi ndowi ng t%ﬁﬁ?’ﬁﬁ?‘ﬁﬁ%‘ﬂ%" tﬁtr?’ét%&ﬁgef %gi‘@"@ﬁgow rr%}:{fu?ée) 16,a‘i&r°1 whi ch
Wi ndovvted ?‘ﬁmmw}wﬁm&mﬁ&sw ﬁomﬂlcgindmdrws,eﬂtblvél_‘&tﬁgji t‘igﬁn of thet
current and prevjous ocks in rlap e curren
r e, The SEPRREERS o Hom YERR REchE bR et toih B Bk

W ndowi Ng tsreREhvERp aiinibdplead e Thie i poksibibecgnsevbyrahplyingp syewiehicque. However

for. purposes, of, &t TBL 1 €L LY o3RRS ChdYe WIGH: ABNLE . B PRSwindovie i nat ter

made

blocks are symmetrical about central points, the addition of the current and previous
blocks in Overlap yfraim module 40 yields the current frame. The symmetric

" windowing technique is, for example, a Hamming windowing technique or the preferred
Hanning windowing technique.

However for putposes 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 cutrent
frame of samples after 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.

AMENDED SHEET IPEA/AU



to the current franme of sanple until the retrieval of the currePCT/$6000128
the Overlap yfrai mnodule 40, such reference is nmade to the cqprsép{en{ﬁepmm
of sanples, which for all intents and purposes, includes the current frame
of sanples. The output of the Frame Overlap & Wndow nodul e 162%™ B8 ded
as input to an FFT nodule 18 for congersion to the frequency domain for

further pr ' Erkpbctil faﬁﬁ?ﬁo(ﬁ cuaeRlcasuladdnaan@f d@rigpuon to the
frequency ?@eﬂg%ﬁ:ﬁwan outhustlf_eXff S, ein vvk?i C‘F] the first. 129 bins are
used as a ueiteetohtatinatedispendh signg. .fwmmgﬁmwké}m%@%ﬁ“? PEA/ AU

PCT/ SCOL | Q2R e RRARA g 80 Bkt f29 Bitdt Moy Tntaisugpiexate o pover

spectrum S relatiig to the current cal cul ation frane af t he i nput

Noi se- cont frm spedtaich cainalagbn moda?0. Inthiemoduls Sedpagnityde ioylatiate o ok and

backgr Oundaﬁmﬁﬁisoﬂ%%flﬁ’éﬁ Ufe firstS120 BinS bf Rir@do proVidgthie Rtaghituds sped@@nbi ns of the
omal N out

frequency ut Xffts ,1in a spectrum cal cul ati.on le 20. In this
nodul e, t hef theepsten u&a&p%mraemd#%&P&f&%ﬂ%@“@@?‘oﬁ#ﬂﬁﬁﬂn&%gﬁhe first 129
bi ns of Xf L QMhHSpetdtion pRfadd siRhe HRE129bins odKfftste providediet cal cul ati on
frame in thigﬁ?lfug%ﬁupoi nt” 1 npl ement ation in Fbg%e 1 ﬂ@iﬂ&gmp‘&ggi t ude
squari ng opevespestrumof thecpmept geloyishon frame fn the £3oM 0 provide the
power spec?{dd{:gff the current calculation frame in the fl oating-point

i npl ementation in Figure 2. Next an estimation of the spectrumrelating to
t he i nput noi se-contamnm nated speech signal is perforned in a

si gnal - pl USeREINSSHARER F{psgé&mélaﬁg,mdﬁpatﬁo&e-ﬁmg&aﬁucml us- noi se
spectrum estinmation nodule-" 22 first averages t,heﬁ\g&ﬁnguﬂ% or ,Pover
spect rum S signelis penfopmed g aigpel-RiuSmOiRe ARECEHD FIEAAEED BPATIRES | s §5°
nai Ste'Conts%msllﬁistggpeiﬁ‘ltﬂﬁﬁfiﬁnﬁwmﬂe'ﬁ‘MtM‘ﬁ?ltﬁ.‘ﬁ@“it tgﬂbce$b\il¢rat ion Iof t he
spectrum Sc relating to the inpuf nojse- nt.anj nat ed_spe al using
equati on ( Epectrumdy gwer threety fiye TP%L{AQ‘C’}E‘P?é%E?P@?&ﬁ'“mﬁ%ﬁ&?% o

signal, then calculates the estimation of tho spectrum Sc relating to the input noise-

contaminated speech signal using equation (1)

Firstly:

k
D@y =D 5, j); k=3~5,i=0,...N;
J=l

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:

Se(b) =i—v§j D(i); fori=by..b+nav0SbsN, )

=l

AMENDED SHEET IPEA/AU



where S is the power spectrumrelating to a calculation franme of i nput

noi se- contam nated speech signal consisting of both speech and background
noi se cowrp@@aie3s processed in the floating-point inplemeP€EEGCOMGE Fi gure
2, or the magnitude spectrum relating to the cal cul ati on2 Muaneoasf

noi se-contam nated i nput signal processed in the fixed-point

I npl ementation Figure 1; i is the FFT bin nunber; N is the maxi num order

of a calcul ation ffeysf@RU0WHZ) is the val f . .S(i).averaged over k
frames. inwhighnay= %gé%)(: = %df%} fo@“& 5@,\0'5.‘.13%) HoL Ry 0 5 b:5 . N nav
, (1) AMENDED SHEE fﬁbf@ gfl?S PCT/ SGO1/ 00128 2 March 2005 9 10
for f (bm%l%oom I n which nav= and DIN)=D(i) j or i>N, BW/ BI for f (b) z
| OOOHz wheré: Sc is an estimation of the spectrumrelating to the input

noi se-contam nated speech signal; b, i is the FFT bin nunber; f(b) is the
frequency of EFT bin b; B Is the width of the EFT.bin: ef erably
BW=150 Hzf or %mw@m%&%@@ﬁ?@%?ﬁﬁ%‘%ﬁe k) %5&(“6@6%%&; BW=350
Hzf or 20&@4@705:{#91)@000&; BWES00 Hz for 3000Hz<=f(b)<4000Hz; BW-1000 Hz
for 4000 <:(s <6000Hz; and BW2000 Hz for 6000Hz<=f (b)<8000Hz.

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=250Hz for 1500Hz<=f(b)<2000Hz;
BW=350Hz for 2000Hz<=f(b)<3000Hz;
BW=500Hz for 3000Hz<=f(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 N, 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 Ny 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.



Al so, an estimation of the spectrumNL relating to background noise is
performed in a background noi se spectrumestinmation nodule 24 by using the
magni t udeveR3/paaer spectrum S, in which the steps for th@CI&GHEI128n of
the spectrum NL relating to background noise include a namysh 2095

cal cul ation steps as represented in a b{ ck diagram shown in Figure 3.
Firstly in a | eak-frequency cal cul ati on dul e 302, a val ue Leﬁkf requency

El accor dihgyresuld it rfromm thededifraquescy moduledRds thenmuseshiniairegmgr clowlaion power
t t. i: eads t
o eset mugare307ls Shlch b BRI P AR bl AFREREOIMARRE S, ° P

maxi num negitinbeiesing equaNien (Ppehichysn S value within this range. WO
03/001173 PCT/ SGO1/ 00128 2 March 2005 10 The result E1 fromthe

| eak-frequency nodule 302 is then used in a Freqmax cal cul ation nodule 304
in which the estimatigpn of the spectrumrel ating to background noi se

continues usi ngXhaniaxfE1(D)], fomivbeh bistavylay bE2Nb) = maxXREL(i)], for

i=b,...,b+nav, 0 < b™< N (2) -, 10 for f (b)(1000Hz in which nav= BW/
Bl for f (b) z 1000Hz and E 1(N)=E 1(i), for >N, where: E2(b) is the output
of the Freqmax nodule 304; b, i is the FFT bin nunber; f(b) is the

L b B0V e s g0 B0 BEODEB) e SR Preferably

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=250Hz for 1500Hz<=f(b)<2000Hz;
BW=350 Hz for 2000Hz<=f{(b)<3000Hz,
BW=500Hz 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



BWE1000 Hz BWE2000 Hz for 1000Hz<=f (b)<1500Hz; for 1500Hz<=f (b) <2000Hz;
for 2000Hz<=f (b)<3000Hz; for 3000Hz<=f(b)<4000Hz; for 4000Hz<=f(b)<6000Hz;
and for yG9eRé#a 1l (b) <BOOOHz. The next step is to find a PEFSEGIRYNREE ngM n
in a RunningM n cal cul ati on nmodul e 306, or a |ocal m ninueargakos of the
out put of the Fregmax nodul e 304. This _is done by conparing and sel ecting
the smaller of the output of the Fr eqmbl nodul e 304 obt ai ned ing;;(Be
current @ikl Blifs eaxfmarealeds peferably fimited bytthebitceryrisionsige PEtis@y Ds el ect ed

in the previous calculation fra or the snaller f the
Fregmax remyesersif4 Thegnimmus v,aipetﬁaceg AR N (3? Fs&h@r% Foggr%ag‘%\t%l&t he
maxi mum \Q%L&Eiln%&ol he out put of the Fregmax nodul e 304 obtained during a

ref erence "pe of mframes known as a phase WO 03/001173 PCT/ SGOL1/ 00128
2 March 2005 11 clock. This maximumvalue is preferably limted by the

bit-conversion size of ,t&e é/gmnve ﬁg’é"lz' The m ni rum val ue E3
according to %?@)i:gnn(‘g ELCY flor @I%E &t ed accor@Png to: mn[E2(b,
i), E2(b, | - her snilfE (b, j))maxvadnaiiridiabe clpok, max val ue] at phase cl ock

(3) The output E3 fromthe RunningMn nodule 306 is then saved to a P
calculation frame Ilength First-In-First-Qut (FIFO buffer in a FIFO Buffer

store nodyl e 308 .at.th egi.nn : g o a PrEaVulgidn Ranfe
preferab?ﬁ‘el%l%l’%@z&%lr%eégom %%gx@géot@?ﬁ%gi‘%s of sgnpl es. Duri ng this
tinme, theefigthPiRufd BhsttOSFEFG Miffa es FIF@ Baffabityrednadule 308 atdbe of dat a
relating to the mninumvalue E3 to the P cg Sﬁ at?on frane. l‘%nﬂég Fl FO

buf fer, vieginning evsrephase slackeinwhigk m is Proferadlychd 19 SAmenandioe fteferred
Psize | 52546 ms of samples. During this time, the FIFO Buffer module 308 saves preferably 0.5

~ 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 whenm =

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:
N,(B) = mpixlx[Es(b, nm)]

where N (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.

Afier estimation of the spectrums relating to the input noise-contaminated speech signal
(Sc) and the background noise (N1(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:



so that the P franme 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. DuW®@3/e0eTdy phase clock or every reference period BCTHGII/AMES t he
"best" estimate of the spectrumrelating to background nod Mach 80bbt ai ned
fromthe P calculation frane |ength FliFO buffer in a MN of P Calculation
Frame sel ect nodule 310 usi ng/t_he foll'ow ng equation: P NL (b) = m n[E3(Db,
nm] un,-1 vvheé@) __le{([t#(li)slfﬁ €631 i nat'g:(bn .the spectrumrelating to

backgr ound noi as showgd®y Figdre’D;”and nmis the order of the
calculation frame saved to the FIFO buffer. After estimation of the
spectruns relating to the input noise-contam nated speech signal (Sc) and

Voot or o WS e & RREtm ok Befor e LR FEAnAL] g A getpyt 9 "

cal cul ati; ' 3 L ] : b B4 i )

e/ scow/ BB IBEER e Fifsg nd -0 M QRAUREGY AEPIMENAHORIRERZ. ) here
kf is a oBaistmdifidation of theriepwtmaiseycontamitatedwpeactosignal in 2 gaiarkgcterl f or

| ol emontERSIGFATR TP b Sene g oG o B Al PR shRe R

Noi se- CohEAERAHS REkfcatiot R the ghirfvabfir'y, HReBIng thdsknid ahuldplymeul e 28
usi ng the output of the gain vector calculation nodul e 26 involves first

t he nodi finputtmodse-cohtaminatgdspeeole signal iy thet frespuencyi damain dedyedsfrom thad X T pl y t he

I nput noi se; gont anj.nat ed eech,sigpal .in,the.frequenc | kyed from
the FFT ‘HB‘EHC}T’ ég fgllpﬁaf%%tstgggéeq)-po@ﬂgewgeggawi}&l Efg%ﬁ%g’i %e 02?1 wn%l t%ﬁa igure 1,
or from JFPhicRediah thefoasd Eﬂ_thefﬂ%ﬁﬁ’x??éiﬁt ddveceGhB®nGh Figuee 2. Biehée) giffupéntt

device shown in Figure 2. Hence, different gain nodification processes are

appropri agan mﬁiﬁﬁa@mm:s@sstpzret:nproariatpb'rimﬂemwﬁﬁhfor thedifferepbixedg apdi nt
Pt ended Rtstifgisiomt foebolt e B SRR B R sehaPlih PRk Ber, B brdteas8 3R> SC0

speech sijgfated 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 2 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:



Wth reference to Figure 4, the floating-point inplenentation in relation
to the gain nodification process perfornmed in the gain vector nodification
modul e 23 @ooif¥® fl oati ng-point device shown in Figure RCT/SGHEUS ped
first. Floating-point processors have adequate dynam c raRderch@®®arry out
gain nodi fication processes with very |lQw distortion. The gain vector is
transferred back to the tine domain by1 n inverse FFT nodul e, processed
using rotating and truncdGhagsminhed) ¢ Ghassminr ed agai n {.o.ﬁze ?6equency
donmai n by an Fifsswad(r= Tle teps performed in the gaf%h'nodifi cation
process in the respecti 'ﬁ%@fﬁses in the gain vector nodification nodul e

28 are shown in Figure 4. d ; is described for setting a
i ni mum gai n vVeRligmoame. %%q’é@c%ﬁg‘g% ni num gai nforat2les 6%r the bass,
m d-frequency, and hi gh fledfothesy spectral regions. For any mini num gain
val ue Goassnod, Gmidnod, or Ghighnod where the gain vector g is |less than
a correspondi n% presei _)nj highrgaoig_t(l)@klﬂ@m@)assm n, Gfgrq%i‘,z 998 Ghi ghmi n,

t he respective il Jga giyﬁh& is set to the predeterm néd’ m ni mum gain
val ue. Preferably, the pr (e value for Ghassmn is 0.15 Gmndmn is 0.2,
and Ghi ghnin i @n@d%bé?sﬂﬂ@ﬂ‘(ﬂrﬁi&noﬁ@xigmﬂbdnum gain value foll ows the gain
vector g accordingly: WD 03/001173 13 Gbass nod(i) _ Gbass mn, g(i) <
Gohass min (" .md nod(i) _ g(a)others Gmnd mn,g(i) < Grnd mn |

5o s A0 i o

1=0,..., 29f minimum gain values for the three spectral regions, an N+1 complex value Inverse

FFT function to yield 2N real values in the time domain represented by hraw,
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

f o [Braw(+2* N =N/2),i=0,.,N/2-1
o) =Y i = N12),i = N2,y 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



for i=21,...,64 for i=64,...,128 An | FFT gain nodul e 404 then performs on

the m ni al n vector Grod consisting of mninmumgain values for th
three sp égl ons, an N+1 conplex value Inverse FFT ?Uﬁ@f’l HN28 y| el d
2N real val ues inthe time domain represented by hraw, whérgrch 2005

hraw=l FFT[Gmd] In a Rotate and Truncajg nodul e 406, the processes of
rotation and truncation, or circular convolution, is perforned on hraw by
the rotating and truncating braw, which is the mninumgain vector Grod in
the tine domajkwowdndd,saw pg the rot ated and truncated hraw as hrot using
hrot(i) _ hraw(i +2* ,N2-1 hraw(i - NI 2), i = N/

2, ..., N -1 Next in aNW ndow m)dul e 408, the rotated and truncated gain
vector hrot is processed wusing a w ndow ng technique, preferably the

Hanni ng wi ndowi ng techni que, to obtain hwout via hwout (i) = hrot(i)

wW(i), i thenpassesbia 2Nveal ealu¢ FFT[hwoat]winclois axgpniversionitorthe #8quency he

w ndow na geratl on, an FFT Gain nodul e 410 expands the hwout to 2N points
as WO 03#9M473 PCT/ S@1/ 00128 2 March 2005 14 [hwout, O ,Y 0], N then
passes on a 2N real value FFT[ hwout] which is a conversion to the frequency
domai n. The gain nodification of the input noise-contani nated speech signal
i s per f ofhegainmodificatiomdfthepinputndisescontaminatedspiiech signglds pesfomeasr  FFT[ hwout |

4 e SRR b o SR a0 ©

noi Se- CORdn ?ﬁiﬁ%g%é&?ﬁ%x%%@éscﬁ% y 48 FFT RGSh1¢ 512, 9TIRA$rBEesd @ bﬁbﬂméﬂ inh

reference to e” i nput noi se-cont ani nat ed speech
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" ) p]!
N

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

as follows:

Xf=FFT[(Xin, 0,..., 0)]

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=Xff*FFT[hwout]



signal first passes through a ZN nodule 30 for introducing a one-frane
delay. In an Expand to 2N nodul e 32, N sanples of the del fr forma
frame asWRG/00HTY expands the same to 2N as [Xin, O,... ,Pc?l?;&i?lé’ﬂ?%i ch an
FFT(2) nodul e 34 processes for conversion to the frequendMudndPOh as Xfft
as follows: Xfft=FFT[(Xin, ,..., )] N jehere Xin is N point of input

noi se- contam nat ed speech signal. T .t he Xf | Lplied by the

modi f i ed WHh Fefcrenee;to Fgure gau godifigaton bt cﬁg?osretéﬁe g?éré' %étj speech si gnal
In the friﬁ?ﬁ?fféﬁi’atgﬁri?&éhcﬁﬂe@in bdtéridletatl. THeRalremadifieatidropriocess includes
Y=Xfft*FFT[ hwout] WO 03/001173 PCT/ SGO1/ 00128 2 March 2005 15. With

r ef er enc enddifi¢atipnrod ggin vestor gand maslifiqation of the neisgreeutampated Hpu Higna). poi nt

i mpl enentation. is described in er, . | i bt d thé®n
process IRRIFTFALRd m%fﬁﬂf‘?‘fcé' O %itﬁg,gfi au\ggéc‘?%ljrg' gﬁgﬁaﬁﬁxﬁ?gﬁggﬁﬁ of the

noi se- CONL AN Hr&hrlP Méludes Sétahg tHeapininnn fortht thrée bapdsyfollowedhyn with the
gai n vector g. ver, nodification of the gain vector g only includes
setting trhieroningithemmofiifiedtgain vaetosdo BAPeBs.f ol | oned by mirroring the

nodi fied gain vector to 2N points. In a Mdification of gain vector nodul e
502, the mninumgain values for the three bands are set accordingly:
Ghass ni Ny . NiblificaliPeBedih fedt@rmodile 502, tROmindnansgaimuilugs for gecithseher s Gnzi d
mn,g(i) < Gizid mn for i=21,...,64 Guzid nod(i) _ g(i)others

Ghi ghmi n, iy arersietaneordinglii ghnod(i) for i=64,...,128

Gbass min, g(i) < Gbass min .
Gbass mod(i) = { _ &) for i=0,...,20
- g(i)others
Gmid min, g(i) < Gmid min o
Gmid mod(i) = { mz g() for i=21,...,64

g(iothers

Ghighmin, g(){Ghighmin

for i=64,...,128
g(i)others

Ghighmod(i) = {

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(j), 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=X{fts*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:



g(i)ot)zers Grd=[ Ghassnod Gri dnod Gnhi ghnod] Next in a Mrror to 2N nodul e
504, the mnimumgain vector Gmod is mrrored to 2N points as foll ows:
Grod(i ) SWRAHU0I173 for i=0O ..., N, Gmd(2N-i)=Grod(i), 1. THe/PEtWof28,¢
mrroring the mninmumgain vector Gwd is then used to nodMrgh 268 Xffts
over | apped FFT of the input noise-cont %1' nat ed speech signal, in which the
Xffts is multiplied with the mninmumgain vector Grmod in the nultiplier
nodul e 36 to produce a noise-stripped speech signal as follows:
Y=Xffts*God |BperHF e se Fast Fourier Transform (I FFT) nodule 38, the
treatnment of t'he noise “stripped speech signal for both fixed- and

fl oati ng-poi nt devices proceeds with a 2N inverse FFT to convert the

noi se- strj.pped. si,gnal. tq. i I j el / :

heT; ScoL HIREY 1 Y isdSribhe s&’%@r@%@h@‘i‘[@?‘, il e omain, pped
speech sizfAakavaid e spéch sipaali shfispediofithe nviderindinendomabonai n, and yraw is the
speech signal stripped of the noise in tine domain. The processing then
continues with the Overlap yfrai mnodule 40, in which an overl apped

noi se- st r4 Ls i ener. ' ; i

yfraini “@3&%%‘%%@@3%"%@}%&%%9 Yhiéind Rodyle 40, fn whichan, | ver 42
utilized gvetiupped riohse-dtripyeed-siymiahis gengratedmedoadingto t hen processes the

over | apped noi se-stripped speech signal yfraim(i,j), in which the filter is
a first order IIRfilter. A D gital-to-Analog Converter 44 processes the

noi se-stri ppe I . nyeLsi omg_back to anal og donmain for
subsequent pgp&efg %ﬁgﬁ%ﬁé‘gﬂm}é@%ﬁﬁ%gﬁ":ant he for egoi ng manner ,

noi se-stripping devices according to enbodi ments of the invention for
Fechni qued DionmpisHat i 206060 G I AP RS EREL ATD e B oL P PSS s et s
of the !tﬁ¥80§ﬂl@ﬁf§ﬁ§isgjsﬁ{blp9§ Sbech ighallyfrafifi(if)P RPwRiRh theofiltéids & firstlogderi n t he

art in viewo
IIR filter.

V)

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.
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PCT/ SGOIWOQB®81172 March 2005 17 Clains 1. A nethod for SAGHHPIRG™
background noi se conponent from a noi se-contanmi nated spedékchsi®Bnhal , the
met hod conprising the steps of: digitising the noi se-contam nated speech
signal to form sanples grouped into franes; dividing in the frequency
domai n tﬁ&aimsgitised signal into a plurality of frequency bins; s;tegri ng a
plurality of fr L i d Fﬁﬁxﬂ is6 dothppeeRn froimm woigs-emtdminatedt h of
digiti seg' Si gﬁa‘?gﬁlﬁdg&b‘ﬂé@g%ﬁ% i rra‘ti?l?\g thepspectrum | evel of a current
frame of sphech sigasldthsinyethod chmprisingthpsepeefperi od; conparing the spectrum

estimate of the.cuyrrent frame, of. digitise ' | tiftem esti mat e
representativ 1&5?5%&@51"?%3'6“10“ °‘g?peaﬁ§bggli§"{slg§?d§{n \éﬂﬁ%‘-ﬂ%r% elaeﬂéti ng the

| ower of Rsl WO spectrum estimates during the preset period; storing the

sel ected Tower spectrumestimate in the buffer duri ngnhﬂ_gl.gr?%gt 63’2 I od;
assi gni ng t he distidingdn thedressernytdognainthedigifaad: signal BLe 1Y O FEAPEEEnt at i ve
of the m%ur.rent frame of digitised signal; and setting as background noi se
spect rum¥Sti nate the mni mum val ue of the stored and sel ected | ower

spectrum esti f{f%ﬁ—ﬁ%aﬂlﬁlu{ahgr ot freinidsi dfYligifiselsimmbequivalent to apteset longthef . 2. The
Ccl al ,

met hod as in I, whérein the step of storing the plurality of franes
i ncl udes digitisedrsignahin pbuffert i ty of franes of digitised signal equivalent to

a preset length.of . af |east O hfhd bSEPitREDSighalidirihp @ phesef er . 3.
The net hod as ef?fnﬁﬁl%{]ﬂef?emtgisﬁlﬁ?%}ug%ggﬁ%?é gif%igll ng the pl urgl ip'ltﬂt/s of
frames iyegbgrdes storing the plurality of frames of digitised signal

equivalent to 0.5 to 1 sec of digitised signal in the buffer. .
Ay comparing 'thesspectrum est%n(‘:x]alte Io? the ctsnl'rgntayranlle oft cﬁgltlsgc{ s1§r§al 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 step' 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 0.5to 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.



4. The method as in claim1, wherein the step of estimating t hePEHEGQ10A128
| evel - includes estimating the spectrum | evel of the current f thSeptember 2003 -
digitised signal during a preset period of 128 to 256 nsecs. 2 March 2005 '
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claim1l, wherein the step of conparinithe spectrumestinmated |jncludes
cs)mﬁari ng 4.he %@ﬁ{cth!ddfhﬁﬁfciaiml,&vhb'ioiﬂh@swmoﬂwnpmmmﬂiwts‘b? Si gna:c
with a spectrum est te representatdve | ranme o

di gi ti sed Bfifes compp mﬂ@sﬁ@Fﬁ'Bd"ﬁ%“??f‘%ﬁ°§%‘M§?é‘h§?@?ﬁgﬁﬁg%g after the
di vi di ng sépeqruanéktifaate aeptesertitive of or darlipr wijscentditame of digitisedisigngls op of adj usting
the spectrumlevel of the frequency divided digitised signal in relation

to a frequency bin, the adjustnent being dependent on nei h%uri ng
frequency &ins 'mxemctﬁodlashﬂw%rleﬁmhqmgmwmmfébﬂdlYi.dth'éPH’Eﬂﬁ ®as in claim

6, wherein,the .ste ] ﬁ! NSk ki It MBS thel SR h s adjusting the
spectrum |'é‘8é “B&“ﬁﬂ‘g&f‘?g-c}ﬁ% y ﬁjgggggﬁ%&iéed %%ﬁﬁ@éi on to a
frequency 8ivideddighiee signal in kdition o a fitquency agustient| \ in the
step of adj u ing the épe Ir%rgvﬂi&vtgé C{u%h’%&"&-i ndi ng the maxi num spectrum
val ue takeh® © uency |frf and 1t next nay nunber of frequency
bi ns according to E2(b) = max[EL(i)) , for i=b,..., b+nav, 0 5 b s N (2)

r.i in whigch naxad0forf (b ~ 1) ut specttim level
BWLBI f or f ( )m%&“ﬁﬁ@%@@%ﬁ“@%ﬁ%’%ﬁ%ﬁg‘éec r,um WZII{J b, i is
the frequeicindis sdjustimgtbe spedininglovel of the fraquencyrdivided ; f‘g‘% 1% aﬁ?ﬁa frequency

of frequen : o I w dth of the frequency bin; BWM50 Hzfor
1000Hz<b) <i%%€+@c&y blﬂ?’exle&iﬁg 11

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 binand a
next nav number of frequency bins according to

E2(b) = max[E1(), for i=b,....bHnav,0 S b S N @)
in whi Oenf (B)10001%5 sad  E1QN=E1(i), for i>N;
in which ’“‘"’{BW/m for £(b) 2 1000Hz PO=EI0,

whereby

E2(b) is the maximum speotrum 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 frequenoy bin;
BW=150 Hz for 1000Hz<=f(b)<1500Hz;
BW=250 Hz for 1500Hz<=f(b)<2000Hz,
BW=350 Hz for 2000Hz<=f{b)<3000Hz;

AMENDED SHEET IPEA/AU



BW 250 Hzfor 1500Hz<-f(b)<2000Hz; BWE350 Hzfor 2000Hznf (b) <3000Hz; AMENDED
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3000Hz <=WOUBAAUO®Hz; BW-1000 Hzfor 4000Hz<=f (b) <6000Hz; 3 Hzf or
6000Hz<=f (b) <8000Hz. 9. The nethod as in claiml1, furthee Mawh#003si ng t he
step of multiplying the noise- contam fiated speech signal with a gain

vector. 10. The nmethod as_.in he step of nultiplying the
noi se- cont ani nat edBVEp f@ﬁi‘i’@fﬁ%ﬁ%&g > vector includes: converting
t he gain vector frgwi{mmcyortﬂogﬂ%mmmgaﬂdforrri ng rotation and
truncation operation on the gain vector; and reformng the rotated and

truncated gain vecBGN—ZQOO&Ez;efQﬂG@QOHé‘F#@)&ﬁ@OQ Zansform ng the resultant
gain vector to the frequency domain. 11. The nethod as in claim9, wherein
the step of nmultiplying the noise-contam nated speech signal with the gain

vector igcl udege Metldd dsif cIahﬁl firther eothysrising]the sfEp@f mtipiginghe noieg-ai m 1,
further conprising the ste overlapping the plurality of frames; and

per f or mi nontaminatedopeech s mm@rgaathcms overl apped plurality of frames. 13.
A device for stripping background noi se conponent from a noi se-contam nated
speech signal, the device conprising: neans for digitising the

Noi Se- Conphan Ak asbISRERGR clisghvhereir the stepadmultiplyie sigroiss-parsamingteds
means for dividing in the frequency dormain the digitised signal into a

pl ur al i t ppesch signaljuishée gaimyectordneiudesor storing a plurality of frames of
digitised signal e al ent de@ﬁ, defafit 9i tised signal in a
buf fer; neans PBY"@% w vecf%grongé)g'gﬁ n* eveP of a current frane of
digitised si OR@tforming 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;



during a preset period; WO 03/001173 PCT/SGO /00128 2 March 2005 20 neans
for conparing the spectrumestimate of the current frame of digitised

'si gnal V\H%Mgooéﬁéctrum estimate representative of an earlfg?’sf;glé‘f?éz%f
digitised signal and selecting the |ower of the two speck¥aufh &8¢ i mat es
during the preset period; nmeans for nmeaggs for storing the selected | ower

' .0 the buf i ng. i od: f
28ei gni n-t he 0t A4 Sopeile R spstin aubalg of R e Tharp of s
r epr esentsiinal®ithfa shbennl estindte fepadsentafivelo it dasléed fting el digiciedl sigab and or

setting as background noi se spectrumestimte the m nimumval ue of the
stored arfglesingthedawerniche typeneriiwm estimatgs during the meesgineriedi ty of franes

stored in the Fars ﬁhefﬁ \ I 'c?f‘ui!n? i I the bgefreaNS for
storing the pm&%?‘ﬁ/mg#@@gﬁ@% | hgﬁﬁggdsldr%egrs\ or %ﬁ“‘é@?éng’ t%e pleur ality
of franesiusihgdhopresetperisd;gnal equivalent to a preset length of at |east
0.3 secs of digitised sjigpal_i 15. The devi,ce ,as in claiml4,

nal in the huffer
wher ei n t he neBeaNSAoR asgigame the ‘itﬂ’@H&F‘EP%IF‘?tF‘}II%‘f“PP%ﬁW e Fes neans for
storing i Eefla i | .sapnal equivalent to 0.5 to 1
sec of ditr te%nﬁ%}ﬁjgiotgfﬁlﬁéﬁénﬁﬁgﬁg%g@t.&'e%.&’ﬁérihgﬁ%evi ce as in claim13,
wher ei n t he naaeansffor settirtg asdackgroundnaigespectoum estimate thetoinimum vateaef f or
estimati t he spectyum.level of the curre fr Lof .digitised.si,gnal
Gur | n. o S0 BasEsEE T Smpynin gt me pF Lo fpRt MR R WS, | 1
wher ei n thgregeans for conparing the spectrum estimted includes neans for

conparing the spectrumestimate of the current frane of digitised signal
with a spectrumestimte representative of an earlier adjacent frane of

For - ad uskd ng e iieds I8 o 5 RS pintpE =B e oy i AR R, el e g
i n rel at iigElulés Medrs Tor{oEYg the @mrhm?ﬁfm bfaigitisee hi@ﬁalftqﬁﬂetbgﬂto »n

nei ghbouring frequency bins to which the frequency i's |eaked.
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.



WO 03/001173 PCT/SGO /00128 2 NMarch 2005 21 19. The devi ce as in claim

18, wherein the neans for adjusting the spectrum| evel %&%&ﬁ 03B ans for
‘adj ust i OB HEect rum | evel of the frequency divided di si‘gnal in
relation to a frequency bin exceeding 1 kHz. 20. The devt BrhLn ¢l ai m 19,
wherein the means for adjusti ng the spgctrumlevel includes nmeans for

0 B R il e A 1 1,
8!
BI forf (i 3]93%{ 18813‘1? ftﬂkg’?%tﬁ%)mﬁbeﬁ%m leved bf & ERkmendynlivilled tigitived sigma

, for i>N whereby E2(b) is the maxi mum
spectrurmwelaum;tobﬁequensybhneﬁcp@hnehwzbl n nunber; Nis the length of a
frame; f(b) is the frequency of frequency bin b; B 1l is the width of the
frequency bin; BW150 Hz for | 000Hz<=f(b)<I500Hz; BW-250 Hz for
| 500Hz <=§(f,b) <PROGEGe asERHR 167 whereir00 Brdans-fof jljuSGRDie specmastwe for
3000Hz<=f (b) <4000Hz; BW1000 Hz for 4000Hz<= fg?%nﬁ{og‘& ! ?xg gl\éizooo Hz
f or GOOMMdﬁimﬁﬂmoﬁzdmgihemH@“B@FR?@“%Va}}le i ?nf arerc mpri sing

Vector. timadrobra pl AR R Bg Ry gcech <t onel i | oA

E2(b) = n"ﬁx[m(i)], for i=b,...)b+nav,0 < b < N @)

b naye 070 T (©)1000H:
WG AV Bw /1 B1 for f (b) 2 1000Hz

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




22 22. The device as in claim?21, wherein the neans for nmultiplying the
noi se- contam nated speech signal with the gain vector includes: neans for
‘convert i W@ 03188113 n vector from frequency to time domai n; PGESHY/00HS
perform ng rotation and truncation operation on the gain yggtobipsand neans
for reformng the rotated and truncategygain vector by inserting zeros and

t f ] t | t; .04 . t he f d in. 23. Th
Hevi oo cabin Thadryioass it 1, mhsrbin otoebs A SRR RS AR o car |
cont am ”@Jrﬁﬂnﬁﬁf‘eﬁ%i}e&jh : ral W’g&f&%g@&t& MHewHEY: i ncl udes neans for

mrroring the garn" vec evice in claim13, further conprising:
nmeans for ovemeappfongonvesting the ain vector ffonnfregueneyitp e Aemay perforning a

Wi ndow ng ope;naet'ahé) for %grfgrrrlﬁmg \{gtragig‘rp %Mcg{i&l $1§e¥at?gn Jnr B8 %din vector; and
means for reforming the rotated and truncated gain vector by inserting zeros and

transforming the resultant gain vector to the frequency domain.

23.  The device 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.



