 THTLE OF #MMMMMWENTI ON Method for Noi se Reduction BAGKGREOOND €% FHE

4 NVENTI ON This invention'relates to a method for renoving the noise
‘cont'ained in a speech signal for suppressi.ng or reduékﬂg@@hedmf'se t herei n.
In the field of a portable tel ephone sef or speech recognitioﬁ; it is felt
to be nece % ' I : QB noi se such as background noi se or

envi ronnmen ' ' the coll ected speech signal for

enphasi zi ngdé'it%dsqf\oercmbqggp%%@tcs(.ioﬁs a techni.que for enphasizing the

- speech or reducing the noise, a technique of enploying a conditional

pr obabi | i t ygddKEHIUND forr Tadet anaiiTaonf act or - adj ustnent is disclosed in R J.
McAul ay and M L. Maplass, "Speech Enhancenent Using a Soft'- Decision '

noi se Suppressi amifd litrefentiimn BES afteansto Acoesthod Jpaeatenfsivimal tReocwsisieng,
Vol . 28, pp. 137 to 145, April 1980. In the above noi se-suppression
t echni que, ddntiasined rogyuantspeechr reira tt hter usspore ssitvasosourducing drhe
di storted speech be produced due to an inappropriate suppression filter
or an oper?RisHh & Mupon an i nappropriate fixed signal-to-noise ratio
' In the field .60f a portable telephone set or speech
recognitioh, it is felt to be necessary to suppress the noise
éqch as background noise or environmenfa] noise contained in the
collected speech signal for emphasizing its speech components.

As a technique for emphasizing the speech or reducing the
noise, a” technique of employing a conditional probability
function for attenuation factor adjustment is disclosed in R.J.
McAulay and M.L. Maplass, "Speech Enhancement Using a Soft-
Decision ﬁoise Suppfessjon Filter, in IEEE Trans. Acoust., Speech
Sighal Processing, Vo1.28, pp.137 to 145, Apf11'1§80.

In the above noise-suppression technique, it is a.frequént
occurrence that'unspontaneous sound tone or qistorted speech be
produced due to an inappropriate suppression. fi]fer or an
operation based upon an inappropriate fixed signal-to-noise ratio
(SNR). It is not desirab1é for the user to have to .adjust the
SNR, as one of the parameters of a noise suppression device, in
actual operation for realizing an optimum performance. In

addition, it is difficult with the conventional speech signal

enhancement technique to eliminate the noise sufficiently without

P
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(SNR). It i® rot* desirable for the user to have to adjust the SNR as one
of the paraneters of a noise suppression device, in actual operation for
real i zing an opti nmum performance. In addition, it is difficult with the
~conventional speech signal enhancenent fRechnique to elimnate the noise

sufficientl yo Wbt BoUhg 4% @5181A i B 9&&@&%&&_; h@gﬁwe s§0EESD b B 9N

susceptible™ to significant variation In the | ort tinme. Such speech

enhancenment s@gn i §&nt CAMEL Ei dRCTHI e SNy $na riteghneque of -
di scrimnating a noi se donmain by conparing the input power or level to a

pre-set threshol Suval sieeediowenancemént her trigiesec srsilanhgot ethei qine esdrdled s
value is increased wth this technique for prohibiting the threshold val ue
from tracki agtekbndpeechf diskangingtnoose hevek, degpdoi dV ycampamicgeddieng
noi se level, =~ cannot be fol I owed appropriately, t hus | eadi ng,
occasi onal | yNPHInPRWRKedr di&al rfithe iPde—SEdr thyestem ny2t¥e s diewieck, the

" present inveRtors have < . .
the time constant of the threshold value is increased with this

technique for prohibiting the threshold value from.tracking the
sbeech, a changing noise 1éve1, especially an increasing noise
Tevel, cannot be followed approbriate]y,' thus leading
occasionally fo mistaken discrimination.

For overcqminé this drawback, the present inventors have
proposed in JP Patent Application Hei-6-99869 (1994) a noise .
reducing ﬁethqd fdr'reducing the_noisé-in a speech signal.

with this noise reducing method for the speech signal, noise
suppression is achiéved by adaptively controlling a maximum
likelihood filter configured for calcu]atinq a speech component
based upon the SNR derived from the input speech signal anq'the
speech presence probability. This .method employs a signal
corresponding to the input speech spectrum less the eétimated
noise épectrum in calculating the speech presence probability.

With this noise reducing method for the.speéch signal, since
the maximum 1likelihood fi1fer is adjusted to an optimum
suppression filter depending upon the SNR of the input speech
signal, sﬁfficienf noise reduction for the input spgebh signal

may be achieved.
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proposed ‘in JP Patent Application Hei-6-99869 (1994) a noise reducing

met hod for reducing the noise in a speech signal. Wth this noise reducing
nmet hod for the speech signal, noise suppression is achieved by adaptively
controlling a maxi mum |ikelihood filter cbnfigured for calculating a speech

conponent based uperetde, INRAE LM ek @AY IR dnliPitiusS peeeR ssiiagabpapslt { b8s |
speech presence probability. This nethod enploys a signal

correspondi ngreor édei fexpLito rs padei iapaer une | essedhe resteineet edobabseity, it
spectrumin cal cul ating the speech presence probability. Wth this noise
reduci ng net hed Peent desspedcho s$ gmal 11w tve Rtes e sEbtigmape rfatiieinishood

filter is adjusted to an optinmmsuppression filter depending upon.the
SNR of the iﬁHﬁﬂA@ée@Ehléﬁgﬁ%¥$ﬂggﬂiicient noi se reduction for the input
speech signal nmay_be .achjgeved - 3 However, since conplex and vol uni nous
processi ng oper at ans1 Sar NeEGTPFRd 2NoroRIg I &Y | ntg‘et hg?gﬁgB?h Phedded to

prObability’pFBvide a noise reducing method for an input speech signal
| | whereby the processing operations fdr noiSe-suppreésioh for the
input speech signa]lmay be simpiified.

In‘one_aspect; the present invention provides a method for

~redu¢ing the noise 1in -an input speech signal for noise
suppression including converting the input speech signal into ;
frequency spectrum, determining filter characteristics.basea upon
a first value obtafned on the basis of the ratio of a level of
the frequency spectruh to an' estimated level of the noise
spectrum contained in fhe frequency spectrum and a second value
as found from the maximum value of the ratio of the frame-based
signai level of the frequency spectrum to the estimated noise
level and from the estiméted noise level, and reducing the noise
in the input speech signal by filtering responsive to the filter
characteristics.

In another aspect, the present invention provides én
apparatus %or reducing the noise in an dinput speech signal for
noise suppression including means for converting the input speech
signal into a freduenéy spectrum, means for determining filter

characteristics based upon a first value obtained on the basis
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has been desired to sinplify the processing operations. SUMVARY OF THE

I NVENTION It is therefore an object of the present invention to provide a
noi se reducing nmethod for an input speech signal whereby the processing
operations for noise suppression for theinput speech signal nmay be

sinplified.  ln,QN€ ASPLGle ot H‘?vBﬁeé?”Ehé ?YSF}LFRQW&S’A’&% & J8hhede f Rk teq
reduci ng the noise 1h an inpuf speech signal for nolse suppression

i ncl udi ng cqrY@Ht bRgthBenb NRE s SPEEFEM SéSNEd i ddld G rA theCAHBBGYNEPEEHELET um
determining filter characteristics based upon a first val ue obtained on the

basis of thandaki eeebna avet 8§ tbendremsmwnie mpdeunUNaI1lLe ofnthestathd ed
| evel of the noise spectrumcontained in the frequency spectrum and a
second val uefashkotinamé rbas¢des tgnd mimved! oé dhe t heequetiay sPechieum to the
frame- based signal |evel of the frequency spectrumto the estinmated noise

| evel and f resrhimad edstnodeed awsilseandeviiom gtk reditiaid heo heg skey@l t hand

I nput speech signal by filtering responsive to the filter characteristics.

I n anot her &€36&  fTathe BAESEAP | n? b%e pridvi e ARPUhpaPEEGEE HYSN3duRY ng

he noi in. i.n ' or . s
the noise Q1qur1n%uEe%%%%%QV%Iqgakhgo¥11ter characteristics.

With the method and appa(atus for reducing the noise in the
speech signal, according to the present invention, the first
value is a value ca]cﬁ]ated on the basis of the ratio of the
input signal spectrum obtainea by tfansform from the input speech
signg1 to the estimated noise spectrum contained in the input
signal spectrum; and sets an initial value of filter
characteristics determining the noise reduction amount in the
fi1terin§ for noise reduction. The second value is a value
calculated on the basis of the ma*imum value of the ratio of the
signal level of the input signa spectrum to the estimated noise
level, that is the maximum SNR, and the estimated noise Tevel,
and " is a value for variably controlling the filter

 characteristics. The noise may _bel removed in an amouhf
corresponding io the maximum SNR from the inpﬁt speedh signal by
the filtering conforming to the filter characteristics variably
controlled by the first and second values.

Since a table having pre-set leveis'of'the input signal

spectrum and the estimated levels of the noise spectrum entered
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noi se suppression including nmeans for converting the input speech signal
into a frequency spectrum neans for determning filter characteristics
based upon-a first value obtained on the basis 4 of the ratio of a |evel
of the frequency spectrumto an estimatesl | evel of the noise spectrum

contai ned i RheReihIMOUNC uSREGRITUM i i T@eOoRdryal ugras, f onnds F 5084 Ny
maxi mum val ue of .the ratio of the franme-based signal |evel of the frequency

spect rum t ovbhemesha yrel @ dadnarseadeened 1 yanek ducerd .t he esti mat ed noi se | evel,
and neans for reducing the noise- in the input speech signal by
filtering respondige, tthe kecPndt va 1 wharsmobérii peH oe spANs vehd onthb & oo aimim
~apparatus for reducing the noise in the speech signal, according to the
present invalfidmd thHe Fiama-Ranask nodsg J8vaed . cAheul Al BN ofha e bRk st igFs

the ratio of the input signal t bt ai ned_ by t form fromthe jnput
Speech si gl (& (AH UBSEFAP et hbie SRECHPONR LAY diSti 118 RBOFRBURY sithal

spectrum a?@]§gp$n&nw%vﬁtbglchkUSdOEuEEkEﬁEia11y linearly in a dB area
résponsive to the maximum SN ratio.
| With the above-described noige ‘reducing method of the
present invention, the first and the second value are used for
controlling the ff1ter characteristics for fiitering for remdving
the noise from the input speech signal, whereby the noise may'be
femovéd from the input speech signal by fi]tering'conforming to
the maximum SNR in the input speech signal, in particular, the
distortioﬁ in thé speech signal caused by the filtering at the
high SN ratio may be diminished and the volume of the processing
operations for achieving the filter characteristics may also be
reduced.

In addition, accofding to the present invention, the first
value for cohtfo11ing thé filter chafacteristics may be
calculated using a table haQing the levels of the input'signa1
spectrum and the levels of the estimated noise spectrum entered
therein for reducing the processing volume for achieving the
filter characteristics.

Also, according to the present invention, the seébnd value

obtained responsive to the maximum SN ratio and to the . frame-
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characteristics determining the noise reduction amount in the filtering for
hoi se reducti on. The second value is a value calculated on the basis of
t he maxi num value of the ratio of the signal |evel of the input signa
spectrumto the estimated noise |level, tghat is the nmaxi rum SNR, and the
estimated noise |l evel , and IS a, val or . ri.ahl. traolq4
the filte?*ehhr AN s??\ég? e Pfoi lsjgg.dna{/c’rrbecoyﬁér?gséﬁg in élanfOi 1atlrfeggnt
correspondi g, £ 2 £ 0 S 8-SR O t ife |7 SSRHRC R oI LBBAE 0 PYadHiR v ing
filtering cont of m ng to the filter characteristics variably controlled by
the first apgeSerpPrvr eldieftediitagcd .t althe haximgmphei set réavet sorofaidint
I nput signal spectrumand the estimated | evels of ,the noise spectrum
entered. Bchheved moyryhdod insed &barhé eli gt tde rfay be chhoneedttrsponsive
processi ng volunme nmay be advantageously reduced. Al so, the second value is
obt ai ned  r espohkevi tatiheo frakheninBNR saReathé ifgngte- based noi se level, the
filter characteristics

BRIEF_DESCRIPTION OF THE DRAWINGS

Fig.1 il1lustrates a first embodiment of the noisg reducing
method for the speech signal of the present invenfion, as applied
to a noise reduéing apparatus.'. '
Fig.2 illustrates a specific example of the energy E[k] and
the decéy eﬁergy E““yﬂ<] in the embodiment of Fig.1. . |
Fig.3 illustrates specific ekamp1es of an RMS value RMS[K],
an estimated noise level value MinRMka] and a maximum RMS value
MaxRMS[K] in the ehbodiment of #19.1. |

| Fig.4 111ustrateé specific examples of the relative energy
émﬁk], a maximum SNR MaxSNR[k] in.dB, a maxihum SNR'MaxSNR[k]
and a value dBthresm][k], as ‘one of threshold values for noise
discrimination, in the embodiment shown in Fig.1.

Fig.5 is a graph showing NR; level [k] as a function defined
with reépect to the maximum SNR MaxSNR[k], in the embodiment
shown in Fig.1.

Fig.6 shows the relation 'between NR[w, k] gnd the maximum
noise reduction amount fn dB, in the embodiment shown in Fig.1.

Fig.7 shows the relation between the ratio of Y[w,k]/Niw,

k] and Hn{w,k] responsive to NR[w,k] in dB, in the embodiment
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may be adjusted so that the maxi num noi se reduction anount by the filtering
wi 'l be changed substantially linearly in a dB area responsive to the

maxi mum SN ratio. Wth the above-described noise reducing nethod of
the present invention, the first and the7second val ue are used for
_controllingsﬁgth{Atgyb gharacteristics for filtering for renoving the noise
fromthe input speech signal, whereby the noise may be renoved fromthe

i nput speech si gnad. dK 1hidstt@hitrd §0HEOF M NGt iad tBX1 BHE RN d N iR jinyput
speech signal, in particular,.the distortion in the speech signal caused by
the filterimgtaddtfe bhghs SN gratdignaRy obettl pirkisehadi andnt hen y o 41 pafi eldne
processing operations for achieving the filter characteristics may al so be
reduced. | ntadainese racboridigngrraratespresent invention, the first val ue
for controlling the filter characteristics may be calculated using a
tabl e havi ng t heF 1&&11$ 8f 97 ARN| $ipew 1 R gl ddp&ertiaNanll $aMeRy dloT tofonshe
estimated noi se spectrum entered therein for reducing the, processing vol une
for achieviff tHe $R99%Y SA9Rdc CEMRINEES ONANE S8 BRI $7y ‘{O’b Bhether &odife

I.nvention, Fggu§$ﬁ§”g%a§yé¥%s of Figs.1 and 8 with respect to the SN ratio

of the segment portions.

DETATLED DESCRIPTION OF THE PREFERRED E_MBODIMENTS

Referring to the drawings, a method and apparatus for
reducing thé noise in the speech signal according to the present
invention will be explained in detail.

Fig.i shows an embodiment of a'noise.reducing apparatus for
reducing- the noise in a speech signal according to the present
invention.

The noise reduciné apparatus includes, as main components,
a fast_Fourier transform unit 3 for converting the input speech
signal into a frequency domain signal or freqﬁency spectra, an
Hn  value caicu]atibn unit 7 for controlling filter
characteristics during reméving the noise porfion from the input
speech signal by filtering, and a spectrum correctfon unit 10 for
reducing the hoise in the input speech signal by fj1tering'
respsnsive to filtering characteristics produced by the Hn va1ué
calculation unit 7. |

An input speech signal y[t], entering a speech signal input
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Qbt ai ned responsive to the maxi num SN-ratio and to the.frane- 6 based
noi se |l evel may be used for-controlling the filter characteristics for
reduci ng the processing volunme for achieving the filter characteristics.
The maxi mum noi se reduction anmount achi e§ed by the filter characteristics

may be chan I onsive to the N ratip af the input speech siagnal Rl EF
DESCR P! ONCBE™ R DA RGNS ¢ IARSHEAngs P AR G Hane 91 (1 @
noi se reducikpgnAREhed ikor; the, speesbystgpaki of the. presenty igimardd By 85e

applied to a noise reducing apparatus. Fig.2 ifTustraﬂé% a speci fic ‘exanpl e
of the energyaklikh andtthe decpyoengs@yté earlihdoweg abpei SENd Ado Fidedn

Fig.3 illustrates specific exanples of an RVS value RVMS[ k], an esti nated
noi se | evel sqabhue MMKMSE&]ca@andt porraad iU iRYS nval ne i MaxBbBfikhtiontheit 5,
enbodi nent of Fig.1l. Fig.4 illustrates specific exanples of the relative

ener gy and a filtering unit 8.

' An output of the windowing unit 2 is provided to the fast
fourjer transform unit 3, an output of which is provided to both
the spectrum correction unit 10 and a band-splitting unit 4. An
output of the band-splitting unit 3 is provided to the spectrum
correcti§n unit 10,.5 noise spectrum estimation unit 26 within
‘the noise estimation unit 5 and to the Hn value calculation unit
7. An output of the spectrum correctfon unit 10 is proVided to
a speech signal output terminal 14 via’the fast Fourigr tranéform
unit 11 and an overlap-and-add unit 12.

An output of the RMS calculation ‘unit 21_is provided to a
relative energy calculation unit 22, a maximum RMS calculation
unit 23, an eétimated_noise level ca]cuiation unit 24 and to a
ﬁoise specfrum estimation unit 26. An output of @he maximum RMS
calculation unit 23 1is provided to an estimated noise 1level
caicu1ation unit 24 and to a maximum SNR calculation unit 25. An
oufput of the relative energy calculation unit 22 is provided to
a noise spectrum estimation unit 26. An outpdﬁ of the estiméted
noise level calculation unit 24 is provided to the filtering unit
8, maximum SNR célcq]ation unit 25, noise spectrum estimation

unit 26 and to the NR value calculation unit 6. An output of the
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[err][k], a maxi mum SNR MaxSNR[ k] in dB, a maxi num SNR MaxSNR[ k] and a

val ue dBthres[err][k], as one of threshold values for noise

di scrimnation, in the enbodi ment shown in Fig.1. Fig.5 is a graph show ng
NR | evel [k] as a-function defined with 9espect to.the maxi mum SNR

Max SNR[ k n the odi hown [ e th el ation
betmesa kﬂﬂﬁﬁ( %ﬂuﬁ#ﬁ ﬁgEFhﬁﬁ1ﬂB| 81Fe&%%t?%npgﬁﬁua ﬁodéﬁ‘ N? galue
enbodi nent [ re t|o f
Y k] 7w SR e Bghd 8P *@qafwgé%wpwp%‘%% d&i B8
shown in Figh butlhud 3 Whishr 3kes rev§8eandoepodidmanty f ctah"cuﬁ‘é'tsi%nr %Wﬁ“%' ng
nmet hod for the speech signal of the present invention, as applied to a

noi se reduct ng apparatus. Fig.9 is a graph show ng the distortion of

segrment portions of the Speech signal obtained on noi se-suppression by the
noi se reduci ng adppasatpst obfFi gse INENd/ Bl ud t baT@spactor outhe 3N fatiagain

provided to the NR value calculation unit 6, while being also
provided to the Hn'va1ue ca]cu]atioh unit 7.

An output of the Hn value calculation unit 7 is provided via
the filtering unit 8 and a band cbnversion unit 9 to the spectrum
correqtion unit 10.

The operation of the above—described first embodiment of the
noise reducing‘#pparatus is explained.

To the speech signal input terminal 13 is supplied an input
-speech signal y[t] containing a speech component and a noise
component The 1nput speech signal y[t], which is a digital
signal samp]e at, for examp]e,_ a sampling frequency FS, 1is
provided to the framing unit 1 where it is split into plural
frames each having a frame length of FL samples. The'input speech
signal y[t], thus split, is then processed on the frame basis.
The frame interval, which is an - -amount of displacement of the
frame along  the time ax{s, is FI samples, so that the (k+1)st'
frame begins after FI samples as from the k’th frame. By way of
illustrative exémples of the sampling frequency and the number
of samples, ff the sampling frequency FS is é kHz, the frame

interva1 FI of 80 sampies corresponds to 10 ms, while the frame
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of the segnment portions. DETAI LED DESCRI PTI ON OF THE PREFERRED ENMBODI MENTS
Referring to the drawi ngs, a nethod and apparatus for reducing the noise in
t he speech signal according to the present invention will be explained in
detail. Fig.1l shows an enbodi nent of a n@ se reduci ng apparatus for
reducing the ' noise in a 1geech signal according,t he present invention.

- The noi se r BRI affar®Us$amRdIesd&s, "aSPRAM E8ﬁﬁén@ﬁt$, a fast Fourier
transformunit 3 for converting th |pp?lfélsfscp%glcgg%gqlglﬁbﬁgo_b@ f EgaUSAGH

domai n si gnal or lHequ ﬁcy spectra, an calcul ation uni t 7

for . controbliige «fdAdMIrfIAPCILIT B Gy AU 14 RRITRVINGUIRA pNAles each

portion fromthe input speech signal by filtering, and a spectrum

correction HpihedQfdHa 1 §d4¥¢ang.  t PEoMAHRE f ra itfde unk BPUt wi SPEL N ndowgmal -
by filtering responsive to fil-t b ng characteristics produced by the Hn
val ue cal cutaht ofominivg (- AFé i rspeesd singealsey[RAL, epeeformed speddte

si gnal i nput ' .
terminal stage of the frame-based signal processing operations,
as will be explained later, an output signal is multiplied with

a windowing function w The windowing functions Winput and

output -
Woytpyt MY be respectively exemplified by the following equations

(1) and (2}:
. L
. 1 1 27 Iy ,
Wimpus L] = (5 - —COS(.——J-)) ¢, 0<j<FL
Lo (1)
1 T .
Wout_put[j] = (—2' - —cos(E£L)) ¢, 037 S. FL

.(2)
The fast Fourier transform unit 3 then performs 256-point
fast Fourier trahéform operations to produce frequency spectral
amp]itude.va1ues, which then are spiit by the band splitting
porfion 4 into, fér.example, 18 bands. The frequéncy ranges of

thesé bands are shown as an example in Table 1:
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“termnal 13 of the noise reducing apparatus, is provided to a fram ng unit
1. A framed signal y_ frame[err] outputted by the framng unit 1, is
provided to a windowing unit 2, a root mean square (RVS) cal culation unit
wWithin a noise estimation unit 5, and alliltering unit 8. An output of the
w ndowing unit 2 is provided to the fast fourier transformunit 3, an

output of which is provided to both thE8pgctrum correction unit 10 and a
band- Sp| i tt| ng unit A4 An. olit nllf aof the hand enlittinag vt 29 i o o ged

to the spediTum coriaeldan ulit 10, a ngise,SREGt FyAREsti Mtion unit 26

W t hi n t he retse—est+rattofr—thtt—5S—and—to—theHrvatue catculatTon umnit

An out put gf the spectrumconrection unit 100i sopnd¥ilded to a speech S|gkal
output terninal 14 via the fast Fourier tragsfoenRafitizil and an
over | ap-and- add unit2 12. An qutput of the REB tal édfakl#on unit 21 is
provided to a rel atide energy cal cul ati on @bt 122563 Waxi rum RVB .
cal cul ationf unit 23,4 an estinated noise Ieﬁép &8l éaPakZon unit 24 and tof a

noi se spectfum esti mation unilt 26. An outB 0 F°ga§gnﬁginun1RNB cal cul atj on
unit 23 is provided ?o an est|i mat ed n0|sq12§v% 1313 Hz "
8 . 1313 to 1563 Hz
9 - 1563 to 1813 Hz -
10 . 1813 to 2063 Hz
A1 : 2063 to 2313 Hz
12 : 2313 to 2563 Hz
13 2563 to 2813 Hz
14 2813 to 3063 hz
15 3063 to 3375 hz
16 : 3375 to 3688 Hz
17 3688 to 4000 Hz

The amp]itude.va1ues of the frequency bands, resulting from

frequency spectrum sp1itt{ng, become amplitudes Y[w,k] of the
.input - signal spectrum, which are outputted to respective
portions, as explained previously.

The above frequency ranges are based upon the fact that the
higher the frequency, the less becomes the perceptual resolution
of the human hearing mechanism. As the amplitudes of the
respective bands, the maximum FFT amplitudes in.the pertinent
frequency ranges are emp]pyed.

In the noise éstimatioh unit 5, the noise of the framed
signal y__frémejJ is separated froﬁ the speech and a frame
presumed to be noisy is detected,'whi1e the estimated noise level

value and the maximum SN ratio are provided to the NR value
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calculation unit 24 and to ‘a maxi mum SNR cal cul ati on unit 25. An out put of
the rel ative energy calculation unit 22 is provided to a noise spectrum
estimation unit 26. An output of the estinmated noise |evel calculation
unit 24 is provided to the filtering uriz 8, maxi mum SNR cal cul ati on unit
25, noise spect rumestimation unit 26 and to the NR val ue cal cul ati on unit
6. An out ptR1&#1ahien Dl hafi- mIMeSNIR el cdieB i dneshi®aEon sopr diiederP toy
the NR val Ufﬁfcal caﬁ% on uniit 6 and to the noi se sgectrum estimation unl t

26, an outp R8N prGviRRId A P aheP HnCOBP IRAELPR uPLr i R Turfi13™P Temn
t put f | | h NR
val be cal cuFAPFERSHek B Cm}%g?’égﬁaﬁﬂg”a' sy?}eéi. 2ERVY K W 1S

-cal cul ati OndUrﬂhgn esﬂhM&PHéﬁn&vP cigm Vigdleye calculation unit 7 i s
provided via the filtering unit aban ‘conversion unit 9 to the
spectrum correct {198 AMY Eal@u1at1on unit 21 calculates RMS values of signals
every frame and oufputs the calculated RMS values. The RMS value

-of the k’th frame, or RMS[k], is calculated by the following

equation (3):

RMS[K] = \] i f (y—frame, ;)2
.(3)
‘In the relative energy calculation unit 22, the relative
energy of the k’th frame pertinent to the decay énergy from the
previous frame, or dBm][k], is ca1cu1ated; and the resulting
value is outputted. The relative energy in dB, that is dBm][k],

is found by the following equation (4):

dB,.; [k] = 1010910(%%&)

.(4)
wh11e the energy value Ef{k] and the decay energy value E““y[k]

‘are found from the fo]\ow1ng equations (5) and (6):
FL .
E(k] = ) (y-frame, ,)?
. 1=1 . '

.(5)



The operation of the above-described first enbodi nent of the noise reducing
apparatus is explained. To the speech signal input term.al 13 is supplied
an input. speech signal y[t] containing a speech conponent and a noi se
conponent. The input speech signal y[t] 13which is a digital signal sanple
at, for exanple, a sanpling frequency FS, is provided to the fram ng

unit 1 where it is split |nto plu aI ames eagh having g | engt h of
FL sanpl es. The inputEds'@e -smg?séi v&mmrﬁ‘@d&w& t'hér processed on
the frame basis. The frane interv ich is an amount of displacenent of
the franme along the tine axis, is Fi sanpl es, so that the (k+1)st frane
begins after FI sanples as fron1the-k'th frame. By way of illustrative
exanpl es of the sanpling frequency and the nunber of sanples, if thegg)
sanpling frequency FS is 8 kHz, the frame interval FI of 80 sanples
corresponds to hamequakiibA (5§ haATBe e xplbdengtirarl tole 260asannl €3) as

corresponds to 20 ns.

FL*(RMS[k]1)%. Of course, the value of the equation (5), obtained
during calculations of tﬁe equation (3) by the RMS. calculation
unit 21, may be airectly provided to the relative energy
calculation unit 21. In the equation (6), the decay time is set
to 0.65 second. | -

Fig.2 shows illustrative examples of the energy value Elk]
and the decay energy ,Edecay[k]'

The -maximum RMS calculation unit 23 finds and outputs a
maximum RMS value necessary for estimating the-makimum value of
the ratio of the signal level to the noise level, that is the

maximum'SN ratio. This maximum RMS value MaxRMS[k] may be”found

by the equation (7):
MaxRMS[k]- = max(4000,RMB[k],B*MEXRMS[k-I]+(1—B)*RMS[k])

A7)
where © is a decay cdnstant. For 6, such a va1ug for which the
max imum RMS value is decayed by 1/e at 3.2 seconds, that is ©
= 0.993769, is emp]oyed;

The estimated noise level calculation unit 24 finds and
outputs a minimum RMS value suited for evaluating the background

noise level. This estimated noise level value minRMS[k] is the



Prior to orthogonal transform calculations by the fast Fourier
transformunit 2, the windowing unit 2 nultiplies each framed signa
y frame[err] from the framng unit 1 with a window ng function [err].
Follow ng the inverse FFlI, perforned ; 4the term nal stage of the
frame- based siﬁggl pr o e55| explalned | at

: N Qg ﬁera&P Wil | % J &ﬁ’ an
out put  si gn?aﬂ1 Hul Y7 bYFedtwi fia W"H@‘f“lh‘ﬁ'ctlao CerPieVIate fPnddif ng
f ti
cauat i ong (105 FeRE Gt oMY, RASRSTECUIN GEE TR L S AT Y 0 ddld L0

t hen perforp§ 256- poi nt fast Fourier transform operations to produce
frequency spectral anpl i tude val ues, which then are split by the band

splitting porti oprMs i} O d(H*Mﬁﬁﬂnﬁﬁk] k&hdands. The frequency ranges of
these bands are shown as an exanple in Table 1:
RMS[k] < 4000 and
RMS[k] < RMS[k+1] and
RMS[k] < RMS{k-1] and
RMS[k] < RMS[k-2]) or
(RMS[K] < MinRMS)
.(8)
The estimated.nbise level value minRMS[k] is set so as to
rise for the background noise freed of speech. The rise rate for
the high noise level is exponential, while a fixed rise rate is
used for the low noise level for realizing a more outstanding
rise.
Fig.3 shows illustrative examples of the RMS values RMS[k],
estimated noise level va1ﬁe minRMS[kj and the maximum RMS values
MaxRMS[k]. |
The maximum SNR calculation unit 25 estimates and calculates
the maximum SN ratio MéxSNRIk], using fhe maximum RMS value and

the estimated noise level value, by the following equation (9);

MaxRMS[k]) 1

MaxSNRIK] = zo:togm(ms—m—

.(9)

From the maximum SNR value MaxSNR, a normalization parameter



TABLE 1 band nunbers frequency ranges O

0 to 125 Hz 1 : . 125 to 250 Hz 2
250 to 275 Hz 3 : 375 to 563 Hz 4
563 to 750 Hz 5 . ) A%0 to 938 Hz 6
938 to 1125 Hz 1125 to 1313 Hz
1313 to 156§R+|£e§e‘ in a range from 0 t°1‘56§°cpdef81‘§‘ﬂ,9 fpe relative noise
%gig Eg ggg {%11113 ca1cu1ated For N3063 tf %%g?éﬂﬁ£ ing function is
2813 to 306 _ 3063 to 3375 hz 16
3375 to 368 €§°%§b : 3688 to 4000 Hz

(% +%:cos( MaXSNgék] 3°))>< (1-0.002 (MaxSNR (k] -30)2;

NR-level [k] = 30<MaxSNR([k] <50
. 0.0 _ MaxSNR (k] >50
1.0 MaxSNR[k] : othe

.(10)

Theuoperation-of-the noise spectrum eétimation unit 26 is
explained. The respéctive values found in the relative energy
calculation unit 22; estimated noise level calculation unit 24
and the méximuﬁ SNR- calculation wunit 25 are used for
discriminating the speech from_the background noise. If the
_fo11owing conditions:

((RMS[k] < NoiseRMSy, . ..[k]) or

(dB,g[K] > dBy o [k1)) and

(RMS[k] < RMS[k-1]+200)

' S(11)

where _

NOT8eRMSy o [K] = 1.05+0.45%NR_level[k]xMinAMS[k]

dBmmsrﬂ[k] = max(MaxSNR{k]-4.0, 0.9*MaxSNR[k]
are valid, the signal in the k’th ffame is classified as the
background noise. The amplitude of the background noise, thus

classified, 1is calculated and outputted as a time averaged

estimated value N{w,k] of the noise spectrum.



The anplitude val ues of the frequency bands, resulting from frequency
spectrumsplitting, becone anplitudes Y[wk] of the input signal
spectrum . which are outputted to respective portions, as explained
previ ously. The above frequency ranges h®6e based upon the fact that the

hi gher the frequency, the | ess becones the perceptual resolution of the
human hearing F28hAnFRAws 11148 trale vey @¥RMPU8EsO bf the He Yy ENFEINands,

th i FFT litudes in th ti t f I d.
In the noi $8-cSNOHRY iUh CRPL b ERETndPsditon (e 17 e Sy Gial o £ ] 21
separated Jy.omthe speech and a frane pgﬁwgﬁg]ao R&1RRIsSY {or dehgeLed,

whil e the estimtéd’ noise |level val ue and e maxinum SN rati o are provi ded

to the NR valgée imink2ieal.culation unit 6. The noi sy domain estimtion or
the noisy frane detection is performed by conbi nation of, for exanple,

three detectionragesathons. NRN1&VEUBK T Atayea exanpl rofoft MaxSOREK] in the
| ‘equation (10).

If the k'th frame ;s classified as the background noise or
as the noise, the time averaged estimated va1qe of the noise
spectrum N[w,k] is updafed by the amplitude Y[w,k] of the 1nbut
siéna1 spectrum of. the signal of the current frame by the
following equation (12):

N[{w,k] = a*max(N[w,k=1]1, Y[w,kl)

' + (1 - a)*min(&[w,k-rL Yiw, k1)
| ' ... (12)

~FI )

« = exp (5= 7

where w specifies the band number in the band splitting.
If the k’th frame is classified as the speech, the value of
"N[w,k=1] is directly 'used for N[w,k].

The NR value calculation unit 6 calculates NR[w,k], which
is a value used for prohibiting the filter response from being
changed dbrupt]y, and outbufs the produced Vé1ue NR{w,k]. This
NRI{w,k] is a va]de ranging from O to 1 and is defiﬁed by_thg
equation (13):

L (13)



domain estimation is now explained. The RVS cal culation unit 21 cal cul ates
RVE val ues of signals every frame and outputs the cal cul ated RMS val ues.
The RVS value of the k'th frame, or RVS[k], is calculated by the foll ow ng
equation (3): [err] (3) In the relativelznergy calculation unit 22, the
relative energy of the k'th franme pertinent to the decay energy fromthe

previ ous frame, or [er | cul at 4 (e kel
outputted. T rel? { 212, K %[waﬁd di[gvﬁ&glj?](%[bykt 'sde“5

out put | e K LY SR ¥1jf' dB"\ﬁ th]h

ol I owi ng equ | n Q_ @“ﬁg% ue E[ k] and the
decay energy val ue [errr F&] 1]+ & ¥o W%] equations (5) and
(6): FL [err] (5)

Sy = 0.004

are rom

adjlw,k] = min(adj1[k]l,adj2{k])-adj3[w,k]

In the equation (13), adjlw,k] 1is a parameter used for
taking into account the effect as explained below and is defined
by the equation (14):

Sp = 0.004 and
adjlw,k] = min(adj1[k],adj2[k])-adj3[w,k] ... (14)

In the equation (14), adji[k] is a value having the effect

of éqppressing the noise_suppressing effect by the filtering at
" the high SNR by the filtering described below, and is defined by

the following equafion (15):

B MaxSNR[k] <29
adjl[k] = |1-MaxSNR[k] -29 29 <MaxSNR[Kk] <43
0 MaxSNR[k] :otherwise

.(15)

In the equation (14), adj2ik] js a value hav{ng the effect

of suppressing the noise suppression }ate with respect to an

extremely low noise level or an extremely high noise level, by

the above-described fiitering operation, énd is defined by the
following equation (16):

.(16)

In the above equation (14), adj3[k] is a value having the



13 [-err]- (6) The equation (5) may be expressed fromthe equation (3) as

- FL*(RVB[ k] )[err]. O course, the value of the equation (5), obtained during
cal cul ations of the equation (3) by the RM5 calculation unit 21, may be
directly provided to the relative energy8cal culation unit 21...1n the
equation (6), the decay tine is-set to 0.65 second. Fig.2 shows

#Llustrapive %ﬁganFS'Fftphe enséqéézg!ue E[kL an? ;ggnﬂﬁﬁﬁ¥ﬂQ@9r%%Eerr},
e maximum cal cul ati or) uni padse@nd ou %[:‘bu Ty val ue
]

necessary for estimating thqg maxinuma@l ue of the gnal | evel
to the noise | evel adjizdk]i s [t he maxilnum SN rati 0. 60RMI fpsSi(KIKLBYB val ue
MaxRVE[ k] may be found by t He eYiRRMPH 00 0Vax R\ ddvinrm k498 0BVE [ K]

: *MaxRVS [ k-1] +(1- * RVB 0 (7 '

Lerr] * [ ] ( [errJ) Jigg (7) 1800<MinRMS[k]

effect of suppressing the maximum noise reduction amount from_18'
dB to 15 dB between 2375 Hz and 4000 Hz, and is defined by the

following equation (17):

0 ' w<2375Hz

4000-2375

. (1T
Meanwhile, it is seen that the relation between the above
values of NR[W,k].and the maximum noise reduction amount fn dB
is substantially linear in the dB region, as shown in Fig.6.
| The Hn value calculation unit 7 generates, from_ the
amplitude Y[w,k] of the 1input signal spectrum; split into
frequency bands, the time averaged estimated value of the noise
spectrum N{w,k] and the value NR[w,ki, a value Hn[w,k] which
determines filter chéracteristics configured for removing -the
nhoise portion from the input speegh'signaI. The value Hniw,k]
.is calculated based upon the following equation (18):
Hn{w,k] = 1-(2*NR[w,k]1-NRI[w,k])*(1-H[{w][S/N=y])
...(18)
‘The value’ H[w][S)N=r] in the above équation (18)“ is

egquivalent to optimum characteristics- of a noise suppression



where [err] is a decay constant. For [err], such a value for which the
fmaxi mum RMS val ue is decayed by '1/e at 3.2 seconds, that is [err] =
0.993769, is enployed. The estinmated noise | evel calculation unit 24 finds
and outputs a mninmum RVS value suited f¥ eval uating the background noi se
| evel . This estimated noi se | evel value m nRVS[ k] is the spal | est
val ue of fifidtescuheni fhauSNFaliged i5EEvREUS V8 1HReL cuPP@nﬂstfﬁﬁnBogatth?hat
is five val ues satlsfylnq t he eaﬁatlon (8): (RVB[k] < 0.6*MaxRVS[ k] and
RVB[ k] < 4060 194d"BVBEKETIORME[R1i] and RVS[k] < RMB[k-1] and RVB[k] <
RVE[ k-2]) or (RVB[k] < MnRMS) (8) .

Hiw] [S/N=y] = 2[1 \]1 3:2_[:1,_1c]—]*P(H1iK”) ts/5q1 * Catn*BCHO Y, (5/nep)

.(19)

Meanwhile, this value may be found previously and listed in
a table 1in accordance with the value of Yiw,k]/N[w.k].
Meanwhile, x[w,k]l in the equation (iQ) is equivailent to Y{w,k]/N
[w,k]l, while G, is a parameter indicating the minimum gain of
H{w][S/N=r]. On the other hand, P(Hi]YwX[S/N=r] and p(HO|Y,[S/N
=r] are baraheters specifyjng the states of the amp]itudé Yiw,
k] while P(H{IYw)[S/Nﬁr] is a parameter specifying the state. in
which the speech component and the noise component are miged
together in Y[w,k] and P(H0|Yw)[S/N=r] is a parameter specifying
that only thé noise component is contained in Y[w,k]. These

values are calculated in accordance with the equation (20):
P(H1l Yw)‘ (s/ny] = 1-P(HOI Y,) (s/N=y]

P(H1) * (exp (-¥?) ) *T, (2*y*x[w, k])
P(H1) * (exp (~y2) ) *I, (2*y*x[w, k] } +P(HO) * (exp (-x>

§(S(. . . (20)
where P(h1) = P(HO) = 0.5

It is seen from the equation (20) that P(H1|Yw)[S/N=r] and
P(HOIYW)[S/N=rJlare functions of x[w,k], while I°(2*r*x [w,k]) is

a Bessel function and is found responsive to the values of r and



The estimated noise |level value nminRVB[k] is set so as to rise for the
background noi se freed of speech. The rise rate for the high noise |evel
is exponential, while a fixed rise rate_js used for the | ow noise | evel for
realizing a nore outstanding rise. Fig. #%hows il lustrative exanpl es of the

RVB val ues m sl mng noi ePS)N v)el val ue i nR&/{Sbké arjrge_t he maximum
RVS val ues MAx [E? Tﬁ x!arﬂ?fn "E?ca?f:%lglflo% ni £ 25 eSfi Mt Snd'e
R S T b L AT
[err] From tBRvaRYi sNmM SN NG USy MaxaV £ 2 APT Fd | gl dnit 18 @Bt sc r i bl

NR. level i.n arange fromO to 1, representing the relative noise |evel

i s cal cul at adove.For NRl evel,. the following function is enpl oyed:

The relation between.the Hn{w,k] value produced by the Hn
value calculation unit 7, and the x[w,k] value, that is the ratio
Y[w,k]/N[w,k], is such that, for a higher value of the.ratio Y
{w,k]/N[w,k], that is for the speech component being higher than
the noisy component, the value Hn[w,k] is increased, that is the
suppression is weakened, whereas, fo? a lower value of the ratio
Y[w,k]/N[w,k], that is for the speech component being lower than
the noisy component, the value Hn[w,k] is decreased, that is the
suppression is intensified. In the above equation, a solid line
curve stands for the case of.r = 2.7, G, = —18 dB and ‘NR[w,k]
= 1. It is also seenlthat the curve specifying the above
relation is changed-within a range L depending upon the NR{w,k]
value and that.respeétive=curves fof the value of NR{w,k] are
changed with the same tendency as for NR[w,;k] = 1.

The fi]tering unit 8 performs filtering for smoothing the
Hrfw, k] a16ng.both the fregquency axis and the time axis, so that
a smoothed signal Ht—fmwm[w’k] is prodﬁced as an output signal.
-The-fi1tering in a direction along the frequency axis has the
effect of reducing the effective 1mpu1se‘rééponse length of the

signal Hn[w,k]. This prohibits the a1iasing from being produced

due to cyciic convolution resulting from realization of a filter



[err] [err] (10) The operation of the noise spectrumestimation unit 26 is
expl ai ned. The respective values found in the relative energy calcul ation
unit 22, estimated noise |level calculation unit 24 and the maxi num SNR
calculation unit 25 are used for discriginating the speech fromthe

background noise. . If the follow ng conditions: - k] <. .

E [ﬁr][] an®Y é}’“‘lﬂ]”‘k?‘[‘érart]‘_"\ﬂhér'b_ the ?‘]r?%%er']cyar%%/%](rﬁﬁ?%ef%{ %1'51!"?%&‘?5”
"t rane j.S C sifi . ba r.0 | S&. e j fiof
backgr ound haiees o aLSRr aihd Al SKISCHRE, Y 3wl o R bt iR dhe Fire
averaged esid RLAdeVahue ihkWrkbngtat 0er 19t $6s SREHUdPRessing abrupt noise

generation.

The filtering in the direction along the frequeﬁcy axis is
first explained. Median filtering is performed on Hnlw,k] of
each band. This method is shown.by the following equations (21)
and (22):

step 1: H1[w,k] = max(median(Hnlw=1,k], Hn[w,6k]

,Hn[w+1,k],Hn[w,k]) .. (21)
step 2: H2[w,k] = min(median(H1[wf1,k],Hl[w,k]
JH1LwH1, K1, H1[w, k1) C..(22)

If, iﬁ the equations (21) and (22), (w-1) or (w+1) is not
present, Hif{w,k] = Hn[w,k].and H2[w,k] = Hi[w.-k], respectively.

In the step 1, H1[w,kj is Hh[w,k] devoid_bf a sole or lone
zero (O) band, whereas, in the 2, H2[w,k] Hi[w,k] devoid of a
so1e,.1one'or protruding band. In this manner, Hn{w,k] is

~converted into Hé[w,k].
| Next, filtering in a direction along the time axis is
explained. For filtering in a direction along the time axis, the
fact that the input signal contains three components, namely the
speech; background noise and the transient state representing the’
transient state of the rising portion of the speech, is taken
into account. The speech signaf H”udﬂw,k] is smoothed along the

time axis, as shown by the equation (23):



16 Fig.4 shows illustrative exanples of the relative energy in dB, shown
“in Fig.1l1, that is [err] the maxi num SNR k] and dBthres[err], as one
of the threshold val ues for noi se di scrimnation. Fig.6 shows
NRl evel [k], as a function of MaxSNR[ k] 28 the equation (10). -If the k'th
franme is classified as the background noi se or as tBe noi se, the tine _

averaged esti matagtenh¥uB] oF @ hEFHRI ek Kife AN T ] i's updat ed by %4
litude Y[w k f the i t. si | . t t i h

e e ioc K e, 8! A0S, 0, B8 4000 e

Y[ w, k + ~a)*m e . . wh ifi th

bgﬁh LLnbe$§¥}§??é?%¥#ﬁﬁ%i§ #hﬁ %%W%F%ngégﬁ)Eﬁr¥1anee{g ngggf;iggsas ?he

speech, the val yg Offw, k)= 0.7*Min_H+0.3%Max_H .. (24)

"noise
In the above equation (24), Min_H and Max_H may be found by
Min H = min(H2[w,k], H2[w,k-1]) and Max_H = max (H2[w,Kk],H2[w, k-
1]), reéespectively. _
| The signals in the transient state are not smoothed in the
direction along the timé axis., |
Using the above-described smoothed signals, a smoothed
output signal HLmﬁm is produced by the equation (25) :
Htﬂmﬂh[w} kl ='(1—a”)(a”*Hspeech[w,k]
+ (1—uw)*Hnois¢[w,k])+q”*H2[w,k]
| {25)
In the above equation (25)"aw and aﬁ may be respectively

found from the equation (26):

1.0 SlvRinsc>410
o, = %‘-(SNRusc—l) 1.0<SNR;,,.<4.0
' 0 SNR;,,. : otherwise
...(28)
where
- RMS k]
SNRy o0 =

MinRMS[k-1]
and from the equation (27):

(27)



N[w, k-1] is directly used for Nfw,k]. The NR value cal culation unit 6

tal cul ates NR[w, k], which is a value used for prohibiting the filter
response from bei ng changed abruptly, and outputs the produced val ue
NR[wk]. This NR[w, k] is a value ranging2BromO to 1 and is defined by the
equation (13): (13) 17 [err] [err] [err] = 0.004 adj[w, k] =

m n(adj 1[ K], adj 2[ k] ) =adj 3[ w, k] Ig éhe eqUatioP (;g)s adj[w, k] is a
paranet er used for taking intlo,account the ef f &8 “aS expl ai ned below and is
~ defined by the equation €J4¥: %éﬁ;,;s-z)o.ocm. CdaABj-Bw, k] = |
_-n1n(adjl[k],adJZ[k])-adJS[mg ] 0 5. .- bi&twise

zmé
where

) = RMSloca.l [k]
me RMSJ.ocaJ. [k_ll ‘o

Then, at the band conversion unit 8, the smoothing signal

Hy spoothW: k1 for 18 bands from the filtering unit 8 is expanded

FL- E

O R )2
RMSlocal [k] = 'F'Tj- j=£ (y- ramej,k
2

by interpolation to, for example, a 128—band signal Hmaﬁw,k],
which is outputtéd. This conversion s performed by,-for example,
two stages, while the expansion from 18 to 64 bands and that from
64 bandé to 128 bands are performed'by zero-order holding and.by
low pass filter type interpolation, respectively.

The spedtrum correction unit 10 then multiplies the rea1'and
imaginary parts of FFT coefficients'obtainéd by fast Fourier
transform of the framed signal y_ frame j, k obtained by FFT unit
3 with the above signél Hns[w,k] by way of performfhg spectrum
correction, that is noise component reduction. The resulting
signal is outputted. The result is that the spectral amp1itudes

are corrected without changes in phase.

L4



In the equation (14), adj1l[k] is a value having the effect of suppressing
t he noi se suppressing effect by the filtering at the high SNR by the
filtering described below, and is defined by the follow ng equation (15):
[err] (15) In the equatlon (14), adj2[k]24 s a value having the effect of

oy e Tovel or AlRexERERERS Fi bombf sl cbar BBy Tehnt apiver secErTL g e
the' Shovd SBELAILOB 4Rt 3 A Eililicnahlisviud il A e e
effect of syppsessiny ﬁé@mﬂmm(ﬁ%ﬂg@,@qqtlon anount from 18

The over]ép—and—add unit 12 overlaps and adds the frame
bouﬁdary' portions of the frame-based IFFted signals. The
resulting output speech signals are outputted at a speech signal
output_tefmina] 14,

Fig.8 shows another embodiment of a hnoise reduction
appafatus for carrying out the noise reducing method for a speech
signal according to the present invention. The parts or
components which are used in common with the noise reduction
apparatus shown in Fig. 1 are represented by the same numerals and
the descr1pt1on of the operat1on is omitted for s1mp11c1ty

The.noisa reduction apparatus has a fast Fourier transform
unit 3 for transforming the input speech signal into a frequency-
domain signaT, an Hn vaiue calculation unit 7 for controlling
filter characteristics of the filtering operation of removing the
noise component from the input Speéch signal, and a spectrum
correction qnit 10 for reducing the noise in the input speech.
signal by the filtering opergtion conforming to filter
characteristfcs obtained by the Hn value calculation unit 7.

In the noise suppression filter characteristic generating
unit 35, having the Hn calculation unit 7, the band splitting
portion 4 splits the amp]itude of the frequency spectrum

outputted from the FFT unit 3 into, for. example, 18 bands, and

n



dB to 15 dB between 2375 Hz and 4000 Hz, and is defined by the follow ng
equation (17): [err] (17) Meanwhile, it is seen that the relation between

t he above val ues of NR[w, k] and the maxi num noi se reduction anount in .dB is
substantially linear in the dB region, ag3shown in Fig.6. The Hn val ue
calculation unit 7 generates, fromthe anplitude Y[w, I;%aof t he i nput si qnal
spectrum SHIRUESItESr PaRdeRayeHaRtR! T Eyre 1Y ke KdvdPaf et B 1Y Ukl tué Tof

th [ t K dt I NR w, K] . I Hnl w, whi ch
ot or i nes T1 19 ShA LR B ¢ S AN 11 PerBVig e i SE7IH on
{ rom ! he i ngut %pﬁsﬁges%gggl_cer&%k-vrﬁé_H%gHuL% k36 I sh dloChh 2t ek AASqd 14ReN

e foll ow ng equation . H[w, 1] = :

1-(2*NR{w, ki e A R4 1d ¥l T tliddl WiHi® Nay]) (18) The value HWI[S/Ner] in
the above equation (18) is equivalent to optinumcharacteristics of a
NOlI Se suppressi othe calculation wunit 31 calculates, from y__frameLk,

. outputted from the framing unit 1 and Y[w,k] outputted by the
band sp]itting unit 4, the frame-based RMS value RMS[k], an
estimated noise level value MinRARMS[k] and a maximum RMS value Max
[k], and transmits these values to the noise spectrum estimating
uﬁit 26 and an adjt1, adj2 and adj3 calculation unit 32.

The inifial'fi1ter response calculation unit 33 provides the
time—averaged noise value N[w, k] 6utputted from the noise
spectrum eétimation unit 26 and Y[w,k] outputted from the band
sp]itting unit 4 to a filter suppression curve table unit 34 for
finding out the value of Hiw, k] corresponding_tq Y{w,k] and N {w,
k] stored in the fi]tér suppression curve table unit 34 to
transmit the value thus found to the‘Hn value calculation unit
7. In the filter suppression curve table unit 34 is stored a
table for H[w,k] values.

The output speech signals obtained.by the noise reduction
apparatus -shown 1in Figs.1 and 8 %re provided. fo .a signal
procéssing circuit, such as a varijety of encoding circuits.for
a portéb]e telephone set or to a speech recognition apparatus.
A1ternative1y, the noise supp{ession may be performed on a

decoder output signal of the portable telephone set..



19 filter when the SNRis fixed at a value r, and is found by the
follow ng equation (19): [err] Meanwhile, this value may be found
previously and listed in a table i'n accordance with the val ue of

- Y[w, K]/ N[w. K]. Meanwhile, x[w, k] -in the2éguation (19) is equivalent to
YIw, k] /N [w, k], while [err] is a paraneter indicating the mninumgain of
Hw [S/Ner]. On Rigs & hapdhatf, 1P{vFEERES) [ten=d ) S Bdt [@ r ' "=r §heyr #Peech
paraneters specifying the states aof the anplitude Y[w, k] while rr]. is a
par anet er shEIF VA n gf?ﬂe”% aPB PR cﬁ?ptp:}%sssdé’gchb%oﬁ%%]n@ﬁt’ SSnJe{dE‘eCt]r}ginse

component gr e, i xed: ttq'%eg;ﬂgén sté At e i3Rd .[s%ro%wi,i% @ 1 B%_rFa.%ﬁ O ,SRAG! fopend

that only the nolse conp I's contained in hese val ues are

cal cul ated } | | 5 Noi U 1
b0y o o e P I A s (et "o, o P& e on)

by the conventional noise reduction method , shown in white
coIor; résbective]y. In the graph of Fig.9, the SNR values of
segments sampled every 20 ms a?e plotted against the distortion
for these segménts..Ih the graph of Fig.10, the SNR Qa1ues for
thehsegments are plotted against‘distortion of the entire input
speech signal. In Figs.9 and 10, the ordinate ‘stands for
‘distortion which becomes smaller with the height from the origin,.
while the abscissa stands for the SN ratio of the segments which
becomes higher towards right.
| It is seen from these figures tha“, as compared to the
speech signals obtained by noise suppression_by the conventional
noise reddging .method, the speech signal obtaineq- on noise
suppression by the noise reducing metﬁod of the present inventfon
- undergoes distortion to a lesser extent especially at a high SNR

value exceeding 20.



[err] are functions of x[wk], while [err] [wk]) is a Bessel function and is
found responsive to the values of r and 20 [w, k]. Both P(Hl) and P(HO)
are fixed at 0.5. The processing vol une. my be reduced to approxi mately
one-fifth of that with the conventional2hethod by sinplifying the
parameters as descri bed above. The rel ation between the Hn[w k] val ue
produced byWHATe IiSh QLA INEDCCABcul ation unit 7, and the x[wk] value, that is

the ratio Y w k] /N wk], _i that, f hi gh | ue . of .
L 7 N K € Ra ok £ nd SEhedtn ABRGRARE 6 AD. RTBRG: “TRAR"L AdRB sy

conponent, e val ye ! .S ( .that is the suppression is
‘weakened, \/\1/1nJ<;rr enfgi,suef or \ﬁegfépﬁvgp&égigqﬁﬁé ratio Y[w, k]/ N wk], that is for

the speech compQiffile ASINYY hA¥Er ihPaR t BgeBOhSYsFORPPNEHLo t e MaleW@ency

Hn[w, k] is decreased, that is the suppression is intensified. |In the above
equati on, agpidddlit] Ne curve stands for the case of r = 2.7, [err] = -18 dB
and NR[ w, K]

determining filter charactefistics based upon a first'Vgiue
obtained on the basis of the ratio of a level of the frequency
spectrum to an estimated level of the noise spe&trum contained
in the frequency spectrum and a second va]he as found from the
maximum value of the ratio of the frame-based signa]llevel of the
frequency spectrum to the estimated noiser level and said
estimated noise level; and
reducing the ﬁoise in said input speech signal.by fiitering

responsiVe to saﬁd filter characteristics.

2.- The method for noise reduction as claimed in claim ﬁ
wherein said firsf value is found using a value obtained from a
table containing the pre;sét-1eve1s of the input signal and'the
-estimated levels of the noise spectrum.

3. The method for noise reduction as claimed in claim 1
wherein said second value is a value obtained responsive to the
méximum value of the ratio of the §igna1 level to the estimated
ﬁoise level and the ffame—based noise level, and is a.va1ue of
adjusting tﬁe maximum noise reduction ambunﬁ by filtering
conforming to the filter characteristics so that the max imum

noise reduction amount will be changed substantially linearly in

*¥ ¢ L M. s = -



= 1. It is also seen that the curve specifying the above relation is
thanged within a range L dependi ng upon the NR[w, k] val ue and that
respective curves for the value of NR[w, k] are changed with the sane
tendency as for NRlw, k] = 1. The filteri unit 8 perforns filtering for
snoot hi ng t he Hgéy/k% al ong both the frequency axis and the tinme axis, so
that a snodt K& |- [err] I s produced as an out put signal The filtering

in a directjon alg nq“é{he rggye{}ﬁ ,sfagd ﬁeg'@étw'ﬁ I%Ef ecé @dlm %I i

effective inpul se Tesponse .I'en Ssirgnal Hn[w, |s pro

al i asing from QeI DY e@%@ﬂnﬂ& o £¥E! { &SPV At vamuéeaukbmgdf BAMthe
realization of a filt 21 by multiplication in the frequency donain.

The filterigsid oF di Fe6ki ABaR! S\ t& d1iuEe odxtRe hadp 1 heueé fectthel flrianketi ng

the rate of change in filter characteristics in suppressing abrupt noise

gener ati on.baled fiinpler shgnan &he the eetxiouraivenget hé fhequearcy omti squgre
values, the maximum value of the ratio of the signal level to the
estimafed noise level is a'value calculated on the basis of the
maximum value of the root mean squares and the estimated noise
level and wherein the maximum value of the root mean squares is
a maximum value among the root mean square values of the
amplitudes of the frame—based input signai, a value obtaized on
the basis of the maximum value of the mean.rdot mean squares of
the directly prévious frame and a pre-set value.
5. An apparatus for reducing the noise in an jnput speech
signal for noise suppression comprising:

means for converting the input speech signal into .a
frequency spectrum;
means for determining filter characteristics baseq upon a

first value obtained on the basis of the ratio of a level of the.
frequency spectrum to an estimated level of the noise spectrum
contained in the frequency spectrum and a second va]ue as found
from the maximum value of the ratio of the frame-based s1gna1
level of the frequency spectrum to the estimated noise 1ev§1 and

said estimated noise level; and

means for reducing the noise in said input speech signal by

[y



first explained. Median filtering is performed on Hn[w, k] of each band.
This nethod is shown by the follow ng equations (21) and (22): step 1:
[err] = max(nmedi an(Hn[wi, k], Hn[wk] Hn[w+l, K], Hn[w, k]) -

... (21) step 2: H2[w, k] = min(nedian(H4%i, k], Hi[w, k] , HI[ w+1, k], H1[ w, k])
o (22) 1 g e ' %ﬂd‘i( 2 ¢ iclkS not present,
Hifw, k] = ﬁ?\?gvet?ﬁ%ngg%?‘gvgﬁ\fé it1‘%—11 W. ]f,z‘ ?teesré\gg%i)r\?gltfﬂ%ﬁ)]flﬁe step 1,

Hi[w, k] is Hn[w, k] devoid of a sole or lone zero (0) band, whereas, in the
2, H2[w, k] Hl[w, k] devoid of a sole, 1one or protruding band. In this
manner, Hn[w, k] is converted into H2[w,k]. Next, filtering ‘ina
direction along the time axis is explained. For filtering in a direction
along the tine axis, the fact that the input signal contains three
conponents, nanely the speech, background noise and the transient state
representing the transient state of the rising portion of the speech, is
taken into account. The speech signal [err][w k] is snoothed along the
time axis, as shown by the equation (23): :

* c L M S * :



22 Hspeech[w, k] = 0. 7*H2[w, k] +0. 3* H2[ w, k- 1] .(23) The
background noise is smoothed in a direction along the axis as shown in the
equation (24): Hnoise[w, k]= 0.7*M n_H+0.-3*Max _H

.(24) In the above equation (24), Mn H 3% MaxH may be found by Mn_H =H
m n(H2[ w, k ,gs FQ%W%W- TIOGX (H2[ w, k], H2[w, k- 1]), respectively.
The signal§ I g transient state are not snoothed in the direction al ong

the time axis.. alshdhddieroROOLRLATRGT IR oDt gg;{a%i[ Huckn | 81ROt By

out put signal [err] Is produc by the equation (

(1-a[err]) (defoiridS PRECHY Y& &1t Forf Bn F8pGT)sgdd s aliwnteh) thed{dSTédem K] 1625)

In the above equation (25), [err] and [err] may be respectively found from
the equati g i(s26)educing method includes converting the input speech signal

into a frequency spectrum, determining filter characteristics
‘based upon a first vaiue obtained on the basis of the ratio of
a level of the frequency spectrum to an estimated level of the
noise spectrum contained in the frequenéy spectrum and a second
value as found from the maximum value of the ratio of the frame-—.
hased signa1_1éve1 of the frequency_spectrum to the estimated
ﬁoise level and the estimated noise 1eve1, and reducing the noise
in the input sheech signal by filtering responsive to the filter .
'characteristics. A corresponding apparatus for reducing the

noise is also disclosec

FIGURE 1
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| ow pass filter type interpolation, respectively. The spectrum correction
unit 10 then multiplies the real and imaginary parts of FFT coefficients
obt ai ned by fast Fourier transformof the franmed signal y_ "frame j, k
obtained by FFT uniit 3 with the above signal [err] by way of perform ng

spectrum correction, that is noise conp@i®nt reduction. The resulting
signal is outputted. The result is that the spectral anplitudes are .
corrected wi thout changes in phase. 24 The inverse FFT unit 11 then

perforns inverse FFT on the output signal of the spectrumcorrection unit
TO in order to output the resultant |FFTed signal.- The overl ap-and-add unit
12 overl aps and adds the franme boundary portions of the frane-based

| FFted signals. The resulting output speech signals are outputted at a-
speech signal output termnal 14. Fig.8 shows anot her enbodi nent of a noise
reduction
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apparatus for carrying out the noise reducing nethod for a speech signal
according to the present invention, - The parts or conponents which
are used in conmon with the noise reduction apparatus shown in Fig.1l are
represented by the .same nunerals and the description of the operation is
omtted for sinplicity. The noise redugtigon apparatus has a fast Fourier
transformunit 3 for transform ng the input speech signal into a frequency-"
domai n signal, an Hn value calculation unit 7 for controlling filter
characteristics of the filtering operation of renoving the noise conponent
fromthe input- speech signal, and a spectrumcorrection unit 10 for

reducing the noise in the input speech signal by the filtering operation
conformng to filter characteristics obtained by the Hn val ue cal cul ation
unit 7. In the noise suppression filter characteristic generating unit 35,
having the Hn calculation unit 7, the band splitting portion 4 splits the
anplitude of the fpeguency spectrumroutputted fromthe FFT unit 3 into, for
exanpl e, 18 bands, | and '

350.0
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25 outputs the band-based anplitude Y[w k] to a calculation unit 31 for

cal culating the RVB, estimated noise |evel and the maxi mum SNR, a noi se
spectrumestimating unit 26 and to an initial filter response cal cul ation

unit 33. The calculation wunit 31 calculates, from y _frane[err],
outputted fromthe framng unit 1 and Y[ayoK] outputted by the band
splitting unit 4, the franme-based RVS val ue RMS[ k], an estimated noi se

| evel value M nRMS[ k] and a maxi mnum RMS val ue Max [k], and transmts these
values to the noise spectrumestimating unit 26 and an adj 1, adj2 and adj 3
calculation unit 32. The initial filter response calculation unit 33

provi des the timnme-averaged noise value N w, k] outputted fromthe noise
spectrum estimation unit 26 and Y[w, k] outputted fromthe band splitting
unit 4 to a filter suppression curve table unit 34 for finding out the
value of Hw k] corresponding to Y[w, k] and N [w, k] stored in the filter

suppression curve t - val ue thus found to the Hn
value calculation urfit 7. In the filter supprgssion curve table unit 34 is
stored a table for H[{w, k], val ues. . 12 -
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The out put speech signals obtained b.y the noi se reduction apparatus shown
fn Figs.1 and 8 are'provided to a signal processing circuit, such as a
variety of encoding circuits for a portable tel ephone set or to a speech
recognition apparatus. Alternatively, the noise suppression may be
performed on a decoder output signal of 3¥fe portabl e tel ephone set. 26
Figs. 9 and 10 illustrate .the distortion in the speech signals obtained
on noi se suppression by the noise reduction method of the present
i nvention, shown in black color, and the distortion in the speech S|gnals
_ obtained.on_noise suppr essi on by t he conventional noise reduction nethod
shown in white col or, redy ively. In the graph of Fig.9, the SNR val ues
of segnments sanpled every}20 re plotted against the distortion for
t hese segnents. In the gggph of FPe 10, the SNRavgl for the segnents are
N

"plotted agai nst di st of the entNyJe inp speech si-gnal . In Figs.9
and 10, the ordiHFte gtands for O : _ ' .
- 0.6 '
ol
2
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di stortion which becones smaller with the height fromthe origin, while the
absci ssa stands for the SNratio of the segnents which becones higher
towards right. It is .seen fromthese figures that , as conpared to the
speech signals obtained by noise suppression by the conventional noise
reducing nethod, the speech signal epgained on noise suppression by

t he noi se reducing nethod of the present invention undergoes distortion to
a lesser extent especially at a high SNR val ue exceeding 20. -~ 27 WHAT IS
CLAIMED | S: 1. A nmethod for reducing the noise in an input speech signal
for noi se suppression conprising: converting the input speech signal into a
frequency spectrum determning filter characteristics based upon a first
val ue obtained on the bdsis of the ratio of a level of the frequency

Hn [w,k] VALUE dB

' | L
6 -4 2 0 2 4 6 8 10 12 14

" Y[w, K]/N[w,k] RATIO dB

FIG.7



spectrumto an estimted | evel of the noise spectrumcontained in the
"frequency spectrum and a second value as found fromthe maxi nrum val ue of
the ratio of the frame-based signal |evel of the frequency spectrum to

- the estimted noise level and said estimted noise |evel; and reducing

the noise in said i nput speech signal By%iltering responsive to said
filter characterist|x . The nmethod for noise reduction as clained
in claim 1 wherein said flirst value is found using a val ue obtained froma
tabl e containing the ::;f:Lt | evel s of the input signal and the estinated
| evel s of the noise [SpegLT 3.] The .nmethod for noise reduction as
clainmed in clgiam—34 gﬁﬁgid s%éond val ue is aeyalue obt ai ned

signal level to the
, and is a val ue of
{ ering conform ng

responsive to the mgxi nUUNYRI ue Jof tée ratio of the
esti mat ed noi se | eve anme- pased noi se | ev
adjusting the maxi rum npi se~—edd&teRr—y ano

to the fllterthakﬂﬁmavlst'cs S WINDEWING: raxi r.ductlon anmount
wi | | be changed—stubstants ty Rm@gﬁﬁ"ﬂﬁ N _UNIT
)/31 o . 457-
' q
CALch';Ll%TING SPUTTING =
 FILTER
YIw,K] | supPRESSING
T 32 A Y — CURVE TABLE
} orE UNIT
adjt1,ad.2,adj3
! SPECTRUM
CALéUU'h%TII\]lG SPECTRUM
" UNIT
Y / . | N[w,K]
NRVALUE: | 267 o
| CALCULATING i § 33
UNIT INITIAL j
- FILTER
J RESPONSE |~
6 CALCULATING
UNIT
NR[w,K] [HDW,K]
\ R | )
T~ Hn VALUE
CALCULATING
UNIT
8 Hn[w,k] ¥
' 9,
B grecraun ]
PROCESSlNG UNIT '
- UNIT . UN! -
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28 a dB donmin. 4. The method for noise reduction as clainmed in claim
1 wherein said estimated noise |level is a value obtained on the basis of a
root nean square val ue of the anplitude of the frame- based input signal
and the maxi num val ue of the mean root square val ues,. the nmaxi num val ue of
the ratio of the signal level to the es8ifgated noise level is a val ue
cal cul ated on the basis of the maxi num val ue of the root nean squares and
the estimated noitse | evel and wherein the maxi mum val ue of the root nean
squares i s a maxi mum val ue anong the root mean square val ues of the
anplitudes of the frame-based input signal, a value obtained on the basis
of the maxi num val ue of the nean root nean squares of the directly previous
frame and a pre-set value. 5. An apparatus ~f-or reducing the noise in an
I nput speech signal for noise suppression conprising: means for converting
t he i nput speech signal into a frequency spectrum neans for deterni ning
filter characteristics based upon a '
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fjrst valuéwdﬁfgfned'on the basis of the ratio of a level of the frequency
spéctrumto an estinmated | evel of the noise spectrumcontained in the
frequency spectrum and a second val ue as found fromthe maxi mum val ue of
the ratio of the frame-based signal |evel of the frequency spectrumto the
estimated noise | evel and said estimated2d8ise |evel; and neans for '
reducing the noise in said i nput speech signal by 29 filtering
responsive to said filter characteristics. -
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