BACKGR@® . OF-_-THE | NVENTI ON Met hod and Apparatus for Reduci / ,No,i%ﬁe pn .
>Spéech. Signal” BACKGROUND OF THE I NVENTION This invention Trelates to a .
nmethod and apparatus for renmoving the noise contained ing-speaply sh |-
for suppressing or reducing the noise gontained therein. I?:‘fﬁéc Wof
a portable telephone set or speech recognition, it is felt to be -
necessary B A RIS DE tf‘?{E”?N@%N%‘fBR as background noi se or environnent al
noisetontdartied rm tne cofrectea speech signal for enphasizing its speech
conponent Sye A driRC APpaa tLer £8RPRAALREAE KPessPeeCipdick esiiigriang the
noi se,"a techni que of enploying a conditional probability function for
at t enuat i opadiegHoUNDAdiFUTHEE ANVENTdOSC| 0sed in R J. MAulay and M L.
Mapl ass, "Speech Enhancenent Using a Soft-Decision noise Suppr essi on
Filter, in | EERfrsansnvépbien. rSmtech Segnal "rtdwasshng, arparzusp fp37 to
145, April 1980. In the above noi se-suppression technique, it is a frequent
aglpe‘f'étrh

occur r enceremey inghdhennaissusossainedona ar SRt Hr N PP RA

due to an i nappropri ate suppression filter or an
or Eghu ing the Aﬁ%se contained there?n.

In .fhe field of a pqrtable telephone set or speech
recdgnition; it is felt to be necessary to suppress the noise
such as background noise or environmental noise contained in the
collected §peech signal for emphasizing its speech components.
As a tecﬁniqué for emphasizing the speeéh or reducing the noise,
é technique of.employing a conditional probability function for
attenuation factpr adjustment is'disclﬁséd in R.J. McAulay and
M.L. Maplass, "Speech Enhancement 6sing a Soft-Decision noise
Suppression Filter, in IEEE Trans. Acoust., Speech Signal
Pfocessing, Vol.28, pp.137 to 145, April 1980.

In the above noise-suppression technique; it'is a frequent
occurrence that unspéntgneous sound tone or distorted speech be
produced due to an inappropriate suppressian filter or an
operation which is based upon an inappfopriate fixed signal-to—
noisé ratio (SNR). It is not desirgble for the user to have to
adjust the SNR, as one of the parameters of a noise'suppression.
device, for realizing an optimum performancé in actual operation;
In additioh, it is difficult with the conventional speech signal

- enhancement technique to eliminate the noise sufficiently without



~operation which is based upon an inappropriate fixed signal-to- noise ratio
*(SNR). It is not desirable for the user to have to adjust the SNR as one
of the paranmeters of a noise suppression device, for realizing an optinmum
performance in actual operation. In addition, it is difficult with the
conventional speech signal enhancenent “technique to elimnate the noise

suf ficientdah MUY dis95PEIGAR! Nth Qndt OLLEEBn [digrddl® sRRRGA ibIedNed
susceptible to significant variation in the SNR in short tine. Such speech
enhancenend i gii fNidast MadURItAGnt @ahBhgUENRNMTPh O¥ko At t ek que of
di scrimnating a noi se domain by conparing the input power or level to a
pre-set threshd@uth/apeechHemeameemerit torenbise cedst g tefchntigqueheaphoy d
.value is increased with this technique for prohibiting the threshold val ue
from trackd nteehrigpreeh, disentminalindi sen¢ bye| domsiecbyl FgmBATEREr £BS8i ng
noi se | evel, cannot he f ol | owed aggro}Pri at eldy, t hus | eadi ng .
occasi onal }3Pth RAWETaI0N 16VEdr R AaPFBRset threshold value. However, If

. the time constant of the threshold value is increased with this
techniqge for prohibiting the threshold value from tracking the
speech, a changiné noise level; espécially an increasing noise
level, cannot be followed appropriately, -thus leading
occaéionally to'mistaken discrimination.

For overcoming this dféwback, the present inventors have
‘proposed in JP Patent Application Hei-6-99869 (1954) a noise
reducing mefhod for reduciﬁg fhe noise in a speech signal.

With this noise reducing metﬁod for the speech signal, noise -
suppression is achieved byﬂ adaptively controlling "a maximum
likeliﬁoéd filter configured for calculating a speech component .
based upon the SNR defived.from the input speech signal and the
speech presence probability. This method employs a signal
corresponding to the input speech spectrum less the eétimated
noise spectrum in calculating the speech presence pfoﬁgbility.

With this noise reducing method for the sbeech signal, since
the maximum likelihood filter ié adjusted td an optimum
suppression filter depending ubon the SNR of the input speech

signal, sufficient noise reduction for the input speech signal

may be achieved.
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For overcom ng this drawback, the present inventors have proposed in JP
“Patent Application Hei-6-99869 (1994) a noise reducing nethod for reducing
the noise in a speech signal. Wth this noi-se reduci ng nethod for the
.speech signal, noise suppression . is achjeved by adaptively controlling a
maxi mum | i kel'i hood filter configured for cal culating a speech conponent

based upon theaiRvder | ¥l d rURgig RRW o BRFPEFL S IpddRle s3NA gl BBe$RESERS
presence probability. This method enploys a signal corresponding to the

i nput speeate spaatiret fesscd hulesiingitad Bpeseh SpEidrity iptrobabquliayi,ngtt he
speech presence probability. Wth this noise reducing nethod for the speech
si gnal , siircdlesigapde tanslimpéliffioblef proeess snadjnestaddi dres an opt i num
suppression filter depending upon the SNR of the input speech signal,

suf ficient nd:&?r%%ﬂkﬁ#Qﬂrf6Pnﬁﬁéamh®uﬁnsdé§thlgPﬁgaFPﬁ&VWxﬁ%ﬁﬂﬁbwedn

However, S;lanrcteic%cirge‘l %ﬁeaggnggrllgrﬂsnopurses%rn%c?.?lSLﬂg gggggaztoilgnnf noise in the
input speech signais, tend to be suppressed. Thus it is desirable
not to suppress the consonant components.

SUMMARY OF THE INVENTION

It .is therefore an object of the present invention to
provide a noise reducing method for an input speech signal
whereby the processing_operations for noise suppression for the.
input® speech signal may be 'simplified énd the .consonant
éomponénts in the input signal may be prohibited.frdnl being
suppressed. -

In one aspect, the present iﬁvention pro&ides a method for
reducing the noise in an input speéch signal for noise
suppfession including the steps of detecting a consonant_pértion
contained in the input speech signal, and suppressing the noise
reducing amount in-a controlled manner-at.the time of removing
the noise from the input speeéh signél responsive to the results .
of consonant detection from fhe consonant portion detection step.

| In another aspect, the lpreéent invention providés an
apparatus fdr reducing the noise in a speech signal including a
noise ?educiné unit for redﬁcing the noise in an iﬁput speech

signal for noise sUppreSsion so that the noise reducing amount -



are required for calculating the speech presence probability, it is

*desirable to sinplify the processing operations. In addition, consonants
in the input spéech signal, in particular the consonants present in the
background noise in the input speech signals, tend to be suppressed. Thus
It is desirable not to suppress the consonant conponents. SUWARY OF THE

| NVENTI ONWlitl 1i sod herefiabteadepln@ihgOfuddie £ e880Fol NE8RFNAAN iz aRfsOVELE - a
noi se reduci ng nethod for an input speech signal whereby the processing
oper at i ongieftge tigigsea sappsessnbn doort iblhe ¢ompidinesperachthei gitgut Nayee bie
sinmplified and the consonant conponents in the input signal may be

pr ohi bi t e ¥&7¢rh:b &Py medmsr £95eguPpPresadngspbet noihe pedyepnsismeunt oin
provi des a nethgd {ﬂr reduci ng the noise in an input sgeech signal for

noi se supgt e§8F bRt het udiemgehet SIRMS bte déPectthgTasEbhsoRdnt CpBEERBME

contained jn.t [y S ch signal ., and, supptressing the noise reducing
anount ir1%§%§%ﬁi?o &g mn§§§9F°3 gPﬁgttPﬂﬁtb?gréﬁﬁﬁﬁﬁé}qté}%ﬁﬁ se fromthe

inpqt speech siygRa thesSRYNYe'Seltcile WRHbS ana apparatus according to
‘the present invehtibn, since the consonant portion is detected
from the input spegch signal and, on detecting the consonant, the
noise is removed from thé input speech signai in such a manner
as to suppress the noise reducing amount, it becomes poésible to
remove the consonant portion during noise suppression and to
avoid the distortion of the cbnsonantrportion. In addition, since
the inpuf speech signal is transformed into frequency domain
signals so that only the critical features contained in the input
speech signal may be taken out for perfprming the processing for
noise suppression, it becomes possible té redﬁce the amount of
processing operations.

With'the noise reducing method and apparatus for speech
signals, the consonants may be detécted using at léast one of
detected values of changes in energy ih a short domain of the
input speech signal, a value indicating the distribution of
frequénci components in the input speech signal and the number
of the zero-crossings in said input speech signal. On detecting
the consonant, the noise is removed from the input épeech signal

in'such a manner as to.suppress the noise reducing amount, so



of consonant detection fromthe consonant portion detection step. In
“anot her aspect, the present invention provides an apparatus for reduci ng
the noise in a speech signal including a noise reducing unit for reducing
the noise in an input speech signal fol noise Suppression so that the noise.
reduci ng’anount 4 wll be variable gépending upon a control signal,

neans forhdét et bégorie £ YW le RY a3 veObhai 868sbfad D6 d MPYn RESHE
signal, and neans for suppressing the noise reducing anount in a controlled

manner respdnsi seppoeshitom esnd t So o veid SOEN i el ecitonorn ff rie tdun seanganant
portion detection step. Wth the noise reducing nmethod and apparat us
accor di ngPP&tine P el aisnvenrednce siinc emove tcofispnesk s ping iape riag idetsect ed
from.the i nput sgeech signal and, on detecting the consonant, the noise is
renmoved fFSﬁ]PHé FnﬁﬁPPE%%%EH‘S|gnaI in such a manner as to suppress the

I
noi se reduc'ngIannggltléﬁ,b&??ﬂeéhgpggigee}ééL01ng method and apparatus

of the present invention, since the filter characteristics for
"filtering for removing the noise from the input speech signal may
be controlled using a first valﬁe andt# second valué responsive
to detection of the consonant portion, it becomes possible to
remove the noise from the input speech signal by the filtering
conforﬁing to the maximum SN ratio of the input speech signal,
while it becomes possible to remove the consonant portioh during
noise suppression and to avoid the disfortion-of the consonant

portion as well as to reduce the amount of brocessing operations

for noise suppression.

BRIEF DESCRIPTION OE'THE DRAWINGS

Fig.1l is a schematic'blpck diagram showing an embodiment.of
& noise réducing device according to the present invention.

Fig.2 is a flowchéét showing the operation of a noise
reducing method for reducing the noise- in a speech signgl
according to the present invention.

Fig.3 iilustrates a specific example of the energy E [k] and
thg decay energy Edecay [k] for £he embodiment of Fig.1.

Fig.4 illustrates specific examples of an RMS value RMS [k],

. an estimated noise level value MinRMS [k] and a maximum RMS value



renove the consonant portion during noise suppression and'to avoid the
*distortion of the.consonant portion. In addition, since the input speech
signal is transforned into frequency domain signals so that only the
critical features contained in the inpyy speech signal may be taken out for
perforning the processing for noise suppression, it becones possible to
reduce. t hdagRBSIN[k Df £ PF Otes St DipRINAL io@NFig\With t he noi se reduci ng nmet hod
and apparatus for speech signals, the consonants may be detected using at

| east one of dBigched Mdturestesf spearidés emampéegyof ntlze shordt donwnergy t he
i nput speech_signal, a value indicating the distribution of frequency
conponent 87¢h & |anﬂ‘&f‘1§B@e%II‘1R HMegrBiR dkd inh@B ninpex igum BNR 242 8SNE d&di ngs

in said inpyt e nal det ecti ng he consopant, the noise is
removed fFBﬁ] g “%u %%%hlghdnaPslﬂngue Ehhanietd a4a 1es (iftf &9 sehe

noi se rEdH?kgglﬁﬂREPionsfbr té% embodiment shown in Fig.1.

Fig.6 is a graph showing NR_ level [k] as a function defined
with respect to the maximum SNR MaxSNR [k] for the embodiment
shown in.Fig.l. . |

Fig§7 shows the relation between NR[w, k] and.the maximum
noise reduction amounf in dB for the embodiment shown in Fig.1.

Fig.8 iliustrates a method for finding the wvalue of
distribution of frequency bands of the input signal spectrum for
thé embodiment shown iﬁ Fig.1.

.Fig.Q is a schematic block diagram showing a modification
of a noise reducing aﬁparatus fdr reducing the noise in.the
speech signal according to the present inveption.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

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

Fig.l'shows an embodiment 6f a noise reducing apparatus for
reducing the noise in a épeech signal according to the preéent
invention.

| The noise reducing apparatus for speech signéls incluaes a

spectrum correction unit 10, as a noise reducing unit for



that it becomes possible to rempve the consonant portion during noise
“suppression and to avoid the distortion of the consonant portion as well as
to reduce the anount of processing operations for noise suppression. In
addition, with the noise reducing netho? and apparatus of the present
invention, since the filter characteristics for filtering for renoving the

noi se fromdmte ingPUinsSPadGReSi gRcth MY bens@bt IRLkel Usigth P fbkStanyalue
and a second val ue responsive to detection of the consonant portion, it

becones pcsgifhesstionr endye tthhe naodeef r sitibeng NRIKo WTREE®R iakgNehr Dyb L die
filtering conformng to the maximum SN rati o of. the input speech signal,
while it sarnnsdngoyBen| & coptiredoyigndk. @hresonasé padud ing dppengtnsi fer
suppression and tq avoid the distortion of. the consonant portion as well as
to reduce $RREANSUIS2IF BrlSCedBrAydsperarranenedt deoteet tepprrisidh. BRI EF

DESCRI PTI ON OF THE W NGS Fj g. is a schematic_ bl ock di agram show ng an
enbodinenta(ﬁOWEOHSPgE%?Eg%%?réﬁgﬁgxﬁﬁ? Q@é&?drﬁ rtQFR%ﬁ$ﬁﬂﬂé§gﬁt°?ﬁ§%ﬂ%¢gn.
Fig.2 is apJ:lth&h_achnta%bl%\M rig1 té}xee Opr%uat:[ isozpeecorI s(’i:.gnnoai.ls,e and an ‘Hn value
' calculation unit 7, as control means for éuppréssing the noise
reducing amount resbonsive to the results of consonant detection
produced by the-consonaht portion detection'means.-

The noise reducing apparatus for speech signals further
includes a fast Fourier transfofm unit 3 és transform means for
transforming the input speech signal into a signal on thé
frequepcy axis.

An input speech signal.y[tl, entering a speech signal'input
terminal 15 of the noise redudiﬁg apparatus, is provided to a
framing. unit 1. A framed signal y_ frame ik? outputted By the
framing unitnl, is proQided to a windowing unit 2, a root mean
square (RMS) calculation unit 21 withinla noise estima£ion unit-
5, and a filtering unit 8.

An ouﬁput_of the wiﬁdowing unit 2 is provided to the fast
fourier transform unit 3, an outﬁut of which is provided to both
the spectrum correction unif 10 and ; band-splitting unit 4.

An output of the band-splitting unit 4 is provided to the
spectrum correction unit 10, a noise spectrum estimation unit 26

within the noise_estimation unit 5, Hn value calculation unit 7



reducing nethod for reducing the noise in a speech signal according
‘to the present invention. Fig.3 illustrates a specific exanple of the
energy E [k] and the decay energy Edecay [k] for the enbodinent of Fig.l.
Fig.4 illustrates specific exanples of @an RM5 value RVS [K], an estinated
- noi se | evel value M nRM5 [k] and a maxi mum RVS val ue 6 MaxRMB [ K] ‘for

the enbodypgntooh Fbgolcrgbgiﬁg'hEUéEE?BﬁSuEQ€ChE'Qnﬁxgmm6ﬁ%(Heééytlon
relative energy Brel [k], a maximum SNR MaxSNR [Kk]in dB, a maxi mum SNR

MaxSNR [ khinand4a val ue §eigdnddd dase &£ Hf uhlﬂteahol d mal esphOr ofoitIR
di scrimnation for the embodi ment shown in Fig.1. Fig.6 is a graph show ng

-NR_| evel Fkectsum danreicitdondeni helD vist proesgdeditd @ isipe erhxs hzma SNR tidwtSNR
[k] for the embodi ment shown in Fig.1l. Fig.7 shows the relation between
CNR[ W, - K] ipaminal i ivhgne fast Fourier transform un1t 11 and an overlap-

and-add un1t 12. .

An output of the RMS calculation unit 21 is provided to a
relative energy cnlcniation unit 22; a maximum RMS calculation
unit 23, an estimnted noise level calculation unit 24, a noise
spectrum estimation unit 26l a proximate speech frame detection
unit 44 and a consonant component detection unit 45 in the
consonant detectlon unit 41. An output of tne maximum ﬁMS
calculation unit 23 is provided to the estimated noise level
calculation unit 24 and to the maximum SNR calculation unit 25.

- An output of the relative energy caiculation unit 22 is provided
to the noise spectrum estimation unit 26. An output of the
‘estimated noiso level calculation unit 24 is provided to the
filtering untt 8, maximum SNR calculation unit 25, noise spectrum
estimation unit 26 and to an NR valne calculation unit 6. An
output of the maximum SNR calculation unit 25 is providéd to the
NR vaiue calculation unit .6 and to tho noise spectrum estimation
unit 26, an output of which is provided to the Hn valuo
calculation unit-7. |

An output' of the NR value calculation unit 6 is again
proVidéd to the NR value calculation unit 6, while being also

provided to an NR2 value calculation unit 486.
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noi se reduction anmount in dB for the enbodi nrent shown in Fig.1l. Fig.8
*illustrates a nethod for finding the value of distribution of

~ frequency bands of the input signal spectrumfor the enbodi ment shown in
Fig.l. Fig.9 is a schematic block diagrgmshowi ng a nodification of a noise
reduci ng apparatus for reducing the noise in the speech signal according to

the present inwenbhoput [FTAhERe BESCR) £ AN a6kt e Btk o RREFERARD: EMBEAY M S
Referring to the drawi ngs, a.nethod and apparatus for reducing the noise in
t he speechtosignal paogdmdtag sipeeiche Prasentiet agehdhomndit! [44eardpltai nelde i n
detail. Fig.1 shows an enbodi nent of a noise reduci ng apparatus for

reduci ng tdensegiand camponprbcHe téghbon ooy idimd &.0 Arheupputenf theeteion.

The noi se reduci ng apparatus for speech signals includes a spectrum
correcti orfQffiatir® 4815 ndP sel¥ edFOividgedni tof oyhe consonant component

detection unit 45. An output of the consonant component
detection unit 45 is provided to the NR2 value calculation'unit
46. |

'An output of the NR2 value calculation unit 46 is provided
to the Hn value calculation unit 7.

A outﬁut of the Hn value calculation unit 7 is provided to
the spectrum correction unit 10 via the filtering unit 8 and the
baﬁd conversion unit 9.

‘The operation of thé first embodiment of the noise reducing
apparatus.fér speech signals is hereiﬂafter explained. fn the
following description, the step numbers of the flowchart of
Fig.é, showing the operation-of the various components of the
noise re&ucing apparatus, are indicated in brackets.

T6 the speech siggal input terminal 13 is Supplied an input
speech signal y[t] contaiﬂing a speech component and a noise
compohent. The input speech signal y[t], which is a digital
signal sample at, for example, a sampling frequency FS, is
provided to fhe framing unit 1 where it is split into plural
frémes each having a fr;mé length of FL samp;éél The input
speech signal y[t],'thus split, is then-procéssed on the frame

basis. The frame interval, which is an amount of displacement



7 renmoving the noise from the input speech signal for noise
*suppression with the noi se reduci ng anount bei ng vari abl e dependi ng upon a
control signal. The noise reducing apparatus for speech signals also

i ncl udes a consonant detection unit 41, .as a consonant portion detection
‘means, for detecting the consonant porti1 n contained in the input speech
signal, and arheHnf nealeucabadgutiod | BimeiNhkid, A6 EONiga@p RGNS What the
suppressing the noi se reduci ng anount responsive to the results of
consonant detldstti dirameodecdashe fitlee Fdnsoawarite sperst | foromdet etk bvh neaase . The
noi se reduci ng apparatus for speech signals further jncludes a fast Fourier
transfor m]-’u?’nl"’t”’3°gs1 Llugiepdiveneameries af Ansf orMP hing Hr ausncyspadchhe

signal into Si |, on the frequency axis. An input speech signal [t],"
entering a{“g'g’eeé'cﬂﬁgis@‘fﬁ’lqeisnpdtf t%‘ mst‘?é]plfé‘goffpf't%é‘el‘?&iys S dduch n%"%lppé‘i‘%lt us,

iy Phc) (e BaERPIOEILL do ASALPS Slilonks LEATE b ol
square (RMBarfedl 16zt #0 BRI 168 1sdhb e Go Pl SifoRR! Wt hsUNi t
Prior to orthogonal traﬁsfbrm palculations by the fast.
Fourier transform unit 2, the windowing unit 2 multiplies each
framed signal y—-frame ik from the framing unit 1 with a windowing
function met' Following the inverse FFI, performed at the
tgrminal stage of.the frame-based signal prbdessing operations,
as will be explained later, an output signal is.multiplied with
a windowing function wwwu. The windowing functions whwt énd

Woutput &Y be respectively exemplified by the following equations

(1) and (2):
T | 1 2T\ 2 .
W, = (L -1 2%7
input.[J] (2 5 cos ( F,L)) , 03 < FL
..... (1)
Woutpue [F1 = (—; - —;COS(—?I?)) 4, 0sj<FL

ceesa(2)



5, and a filtering unit 8. An output of the windowng unit 2 is provided to
‘the fast fourier . transformunit. 3, an output of which is provided to both
the spectrumcorrection unit 10 and a band-splitting unit 4. An output of
the band-splitting unit 4 is provided to_the spectrumcorrection unit 10, a
noi se spectrumestimtion unit 26 wi t hi k1t he noise estimation unit 5, Hn

val ue cal culat igRd 4Rk Fouri@Rd¢l8nd rARMOURLESS! Qﬂeﬂ g%?%?ﬁ#gh?ﬁ%ﬁ?d a

tone detection unit 43 in a consonant detectlon uni t he
spectrum gaisteFoueiedNtradOforf FpOVALLLhE Ot pIRRRECR FirdQakneyt BPEcEe4 M nal
14 via a fast Fourier transformunit 11 and an overlap- and-add unit 12. An
out put of anipd iRMdecaladmlest,i ovhinth t tRdni arpr @pilded byo tthe ebaihd vepeet gyg

calculation unit 22, a maxi mum RMS cal cul ation unit 23,. an estimated noi se
| evel cal ®erdtiosnduaptoz4fon pvesplepets romndst i Mis dweumBDCYGraagpsoufnate

speech franme detectjon
these bands are shown as an example in Table 1:

TABLE 1

band numbers frequency ranges




unit 44 and a consonant conponent detection unit 45 in the consonant

‘detection
provi ded t

unit 41. An out put of the maxi mum RVS cal cul ation unit 23
o the estimted noise |level calculation unit 24 and to the

maxi mum SNR cal cul ation unit 25. An output of the relative energy
calculation unit .22 is provided to the noise spectrumestinmation unit 26.

S

An out put
the filten
esti mati.of

unit 6 and
provi ded t
cal cul ati ¢
whi | e bein

of the timated moise level calculatron unit 24 Ts provided
ing unit” 8, maxi mim SNR cal cul at P ohe Ut %5, noi se spectrum
unit 26 and to am NR val ue ca%ggl€$i€$P it 6. An output of
maxi mum SNR cal cul'ation unif 25 is provided to the val ue cal cul ati of
to the noi se spe¢trum estimat bgy UHi 47864, an out put of whi ch
o the Hn val ue caljcul ation unit 7. An output of the NR val ue
nunit @is againfprovided to ghe tNR ¥ed uez cal cul ation unit ¢
g also provided t¢. an NR2 val ue cal culation unit 46.
4 i 563 to 750 Hz
5 . 750_to 938 Hz
6 | 938 to 1125 Hz
_7 1125 to 1313 Hz
8 1313 to 1563 Hz
9 ' 1563 to 1813 Hz
10 . : 1813 to 2063 Hz
11 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 o 3375 to 3688 Hz
17 3688 to 4000 Hz

to
t he

is

The amplitude values of ‘the frequency bands, resulting ffom
frequency spectrum spli;ting,_become amplitudes Y[w, k] of the
input sighal épectrum, which are outputted to respective
portions, as explained'previously.

The ﬁbove freqﬁency ranges are based upon the fact that the

higher the frequency, the less becomes the perceptual resolution



9 An output of the zero-crossing detection unit 42 is provided to the
“proxi mate speech franme detection unit 44 and to the consonant conponent
detection portion 45. An output of the tone detection unit 43 is provided
to the consonant conponent detection unit 45. An output of the
consonant conponent detection unit 45 13 provided to the NR2 val ue

calcul ation Whet Kémarf\n hldirlnl Ohedhien NF. Valie egbCUllil QudeY tof6 i
provided to the Hn val ue cal culation unit 7. A output of the Hn value

cal cul ati oespe¢tive | sapdoyi tive haxthemspedt rampldandest iion thei tpel Mientt he
filtering unit 8 and the band conversion unit 9. The operation of the first
enmbodi menfreAueneY nPAREES ¥ A | amp lapirstat us for speech signals is

herei nafter explained. In the follow ng description, the step nunbers of
the flowchart OF ER. BoiSRoRistdmehdogpeitit obr othe hBoVaRi 8ds téenporfands of

R L ST LR TR SR
presumed to be noisy is detected, while the estimated noise level
value and the maximum SN ratio are provided to the NR value
calculation unit 6. The noisy domein estimation or the noisy
frame detection is performed by combination'of, for.example,
three detection operations. An illustrative example of the noisy
domain estimation is now.explained.

*The RMS calculation unit 21 calculates RMS values of signals
every frame and outputs the calculated RMS values. lThe RMS value

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

equation (3):

1 FL-1 .
RMS{k] = \] 7’22 (y—framej, k)2
=

.o ..(3)_

In the relative energy calculation unit 22, the relative
energy of the k’th freme pertiqent to the decay energy from the
previous frame, or'dBrei [k],_is.calculeted, and the resulting
value is outputted.- The relative energy in dB, that is dBrel

[k], is found.by the following equation (4):



speech. signal y[t] containing a speech conponent and a noi se conponent.

*The input speech signal y[t], which is a digital signal sanple at, for
exanpl e, a sanpling frequency FS, is provided to the framng unit 1 where

it is split into plural frames each havijgg a frame |ength of- FL sanpl es.

The i nput speech signal y[t], thus split, is then processed on the frane
basis. The frame interval, which is an anoung,of (&1 $pl acenent 10 of the
frame along the tinme axis, i@B£HL§bﬁbl%%QQﬁE—%ﬁﬁ%—t e (k+l)st frame begins
after FI sanples as fromthe k'th frame. By way of illustrative exanpl es of
t he sanmpling frequency and the nunber of sanples, if the sanpling_ﬂrqguency.
FSis 8 kHz, the frame interval FI of 80 sanples corresponds to 10 '
whi | e thewhiagethengidrgyl vaflubbl PRIMLRS t3Qr GRERYNEse by AT H I | ONKHO

ort hogonal transform cal cul ations by the fast Fourier transf or mitfAl t %,-the
wi ndowi ngawei fo@nduftompl tles #aklowing equations (5) and (6):

. FL .
E[k] =Y (y-framej,k)? .
1=1

.(5)

Egecay [x] = maX\E [k] r\eXp\-r;f_:-'-z*-—F-g }*Edecay [k - 1],

cee.a(B)

The equation (5) may be expressed from the equation (3) as
FL*(RMS[k])R Of course, the value of the equétion (5), obtained
during calculations of the equafion (3) by the RMS calculation
unit 21, may be directly provided .to the relative energy
calculation unit 21. ‘In the equation (8), the debay time is set
fo 0.65 seéond.

Fig.3 shows illustrative examples of the energy value E [k]

- and the decay energy Edecay [k]. | '

The maximum RMS calculation unif 23 finds and outﬁdts a
maximum RMS vaiue necessary for estimating the makximum value of
the ratio of the signal level-to'fhé noise level, that is the

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



framed signal y-frane fromthe framng unit 1 with a wi ndow ng function
“[err]. Following the inverse FFI, perfornmed at the termnal stage of the
frame- based signal processing operations, as will be explained |ater, an
output signal is multiplied with a windoypgng function [err]. The wi ndow ng
functions [err] .and [err] may be respectively exenplified by the follow ng
equat i onsbylxrhandqGariohe(v):. (1) [err] The fast Fourier transformunit
3 then perfornms 256- poi nt fast Fourier transformoperations to produce

f I t
s:)lelqgtelmr:\é ;gjrq‘tg%on B'EI nt gh&?gPnggﬁ%[ Y\h%}}‘#ﬁg‘?['@rﬁns f(pequ é@fg[zﬁ%es of

t hese bands are shown as an exarrpl e in Table 1: TABLE 1

' (T
where 0 is a decay constant. For 9, such.a value for which the
maxiﬁum RMS value is decayed by 1/e at " 3.2 seconds, that is é
= 0.993769; is employed. |

The estimated noise 1level calculatlon 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
smallest value of five local‘minimum values previous to the
current time point, that is five values satisfying the equation
(8):

(RMS[k] < 0.6*MaxMS[k] and

RMS[k] < 4000 and

RMS[k] < RMS[k + 1] and

RMS[k] < RMS[k - 1] ;nd

RMSLk] < RMS[k -~ 2]) or

(RMS[k] < MinRMS)

..(8)

'The estimated noise level value minRMS [k] is set so as to
rise for the background naise freed of speech. The rise rate for
the high noise levei is exponential, while a fixed rise rate is

used for the low noise level .for realizing a more outstanding

rise.



band nunbers : frequency ranges 12 0

‘0 fo 125 Hz 1 125 to 250 Hz 2
250 to 375 Hz 3 375 to 563 Hz 4
563 to 750 Hz 5 . 7. to 938 Hz 6
938 to 1125 Hz 7 . 11 to 1313 Hz 8
1313 to 1563 HFig®.4 shows illustrative exldnid es0o0t8Be RMS1Qalues RMS [k]
1813 to 2063 Hz 11 2063 to 2313 Hz 12
2313 to 28s3imated noise level value minRMES§B]tand 3@ Maximum RMS values
MaxRMS [k].

The maximum SNR calculation unif 25 estimates and calculates
the maximum SN ratio MaxSNR [k], using the maximum RMS value and

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

- MaxRMS [k]
MaxSNR [k] 201091,,(-——Mi RMS[k])

-(9)
From the maximum SNR value MaxSNR, a normalization parameter
NR_ level in a range from 0 to 1, representing the relative noise

level, is calculated. For NR_ level, the foIlowing function is

employed:
1,1 MaxSNR[k] - 30
. 5 * goos(mx 20 )%
NR_1 =| (1 -0.002(MaxSNRI[k] - 30)2)
evellk] | 30<MaxSNR[k] < 50
0.0 MaxSNR([k] > 50

1.0 otherwise

The operation of the noise spectrum estimation unit 26 is
explalned The respective values found in the relative energy
calculation unit 22, estimated noise level calculation unit 24

and the maximum SNR calculation wunit 25 are used for



[y

14 _ 2813 to 3063 hz 15 3063 to
*3375 hz 16 3375 to 3688 Hz 17

3688 to 4000 Hz The anplitude val ues of the frequency bands, resulting from
frequency spectrumsplitting, becone.anpliiudes Y[w, k] of the input
-signal - spectrum which are outputted 0O respective portions, as .

expl ai ned dgseviimiaby inghe habar foredtiedicy thangaskarguRasad igpon the {pet
that the higher the frequency, the | ess becones the perceptual resolution
13 of the fisddawingeapndgtiesbanism - As the anplitudes of the
respective bands, the maxi mum FFT anplitudes in the pertinent frequency
ranges are enpl(éBP¥8Ik]n<t NeineR¥S,qstk hatdon unit 5, the noise of the

framed si gnal %dB];erlf‘knF l-eééz]m; [sk]s)e)paa[naé ed fromthe speech and a frane

(RMS[k] < RMS [k—l] + 200)

where
NoiseRMSy (k] = 1.05 + 0.45%NR_ level[k] x MinRMS[k]
dBmmsru[k]_= max(MaxSNR[k] - 4.0, O.Q*MaxSNRtk]
are valid, the signal in the k'th frame is classified as the
background noise. The amplituae of the background noise, thus
classified, is calculated'and outputted as a time averaged
estimated value N[Q, k] of the noise spectrum.
Fig.5 shoWs.illustrative examples of the relative énergy in
dB, shown in Fig.11, that is dB.[k], the maximum SNR (k] and

dBthresrﬂ,' .as one of the threshold valﬁes for noise

discrimination.

Fig;6 éhows NR_ level [k], as a function of MaxSNR [ki in
the equation (10). . |

If the k’th frame is classified as the background noise or
as the noise, the time averaged estimated value of the noise
spectrﬁm N[w, k] is updated by the amplitude Y[w, k] of the input
signal spgctrum of the signal of the current frame by the
'following equation (12); |

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



presunmed to be noisy is detected, while the estimted noise | evel value and
‘thé maximum SN ratio are provided to the NR value calculation unit 6. The
noi sy domai n estimation or the noisy frane detection is perforned by

conbi nation of, for exanple, three detegtd on operations. An illustrative
exanpl e of the noisy domain estimation i's now expl ai ned. The RVMS
calculation unit 21 cal cul gies RYBmialNEs, of -silghalXdwavdrly frane and

out puts the cal cul'ated RM5 val ues. The RMS val ue of the k'th frane,

[K], is calculated by the follow ng equation (3): [err] ... .(3")* il ?%e
rel ative energy calculation unit 22, the relative energy of the k' th frame
pertinent to the decay energy fronlthe ewpgus, frane, or dBrel [k], is
cal cul ated, and the resul ting val Bie%i éKmpyips . The relative energy in
dB, that i s dBrel [k], is found by the follow ng equation (4):

where w specifies the band number in the band splitting.

If the k'th-frame is classified as the speech, the value pf
N[w, k — 1] is directly used for N[w, k].

The NR value calculatiom unit 6 calculates NR{w, k], which
is a value used for prohibiting the filter response fgom being
changed abruptly, and outputs the produced value NR[w, k]This
NR[w, k] is a value ranging from 0 to 1 énd is defined by the

equation (13):

adj[w,k] NR[w,k - 1] - 8,5 < adjlw, k

<NR[w, k = 1] + d,p '
NRIw, k] = | yptw, k - 11 = 8, NRIW, k - 1] - 8,5 2 adj [w, K]
NRIw,k - 1] + 8, NR[w, k - 1] + 8,z < adjl[w, k]

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

Sp = 0.004

adj[w,k] = min(adj1{k], ade[k]) -~ adj3[w,k]



14 [err] (4 ) while the energy val ue E [k] and t he decay energy val ue

‘[err] [k] are found fromthe follow ng equations (5) and (6):

(5) [err]
‘equation (3) as [err] O course, the val
during cal cul ations of the equation (3)

5

FL Terr]

(6) The equation (5) may be expressed fromthe

§ of the equation (5), obtained
y the RMS cal culation unit 21, may

be directly provided to the relative energy cal cul ation unit 21..'._I'[1(1t4l9e

equation (6),

[K] .

the decay tinme is set to 0.65 second. Fig.3 shows
illustrative edanpheseqhathenepespy ¥ajupkF {&la and d@ad8eaY tBRCEFY ek ]

of suppressing the noise suppressing effect by the filtering at

"the high SNR by the filtering described below, and is defined by

. the following equation (15):

1

MaxSNR[k] < 29

MaxSNR[k] - 29

, e -
adj1[k] =7

2% < MaxSNR[k] < 43

0 otherwise

In the equation (14), adj2[k] is a value having the effect

of suppressing the noise suppressioh rate with respect to an
extremely low noise level or an extremely high noise level, by

the above~described filtering operation, and is defined by the

following equation (16):

sl 20 < MinRMS[X] < 60
adjz(k] =| 1 60 < MinRMS[k] < 1000
1 - ‘Mmmslfé‘go‘ 1000) 14900 < MinRMS[K] < 1800
\ 0.2  MinRMS[k] = 1800

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

effect of suppressing the maximum noise reduction amount from 18

dB to 15 dB between 2?75 Hz and 4000 Hz, and is defined by the

following equation (17):



The maxi mum RVS cal cul ation unit 23 finds and outputs a nmaxi rum RVS val ue
*necessary for estimating the maxi num val ue of the ratio of the signal |evel
to the noise level, that is the maxi mum SN rati o. This maxi num RVS val ue
MaxRMS [ k]. may be found 15 by the equgfion (7): [érr] ... .(7) where
[err] is a decay constant: For [err], Such a value for which the maxi num
RVS val ue is-decayed by 1/e at 3.2 seconds, that is [err] = 0.993769, is

enpl oyed. The esti mat ed: noi se | gvel cal dul at¥gn28A@pH224 finds and outputs a
mi ni mum RVB val ue suid®? fakledql - oWtheroiize | evel . This
estimated noi se level value min [ BPO0s~t3¥ Ssmal | est val ue of five | ocal

m ni mum val ues previous to the current time point, that is five val ues
satisfying the equation

Meanwhile, if is seen that the relation between the above
values of NR[w, k] and the maximum noise réductioﬁ amount in dB
is substantiallyllinear in the dB region, as shown in.Fig.7.

In the consonant detection portion 41 of Fig.l1l, the
consonant-componenis are detected on the frame basis from the
amplitude Y of the input signal spectrum Y[w, k]. -As a result
of consonant aetection, a value CE {k] specifying.the consonant
effect is calculatéd ana the value CE [k] thus calculated is
outputted. An illustrative example of the consonant detection
is now expiained.

At the =zero-crossing portion. 42, fﬁe portions between
contiguous samples of Y{w, k] where the sign is reversed from
positive to negative or vice versa, or the portions where there
is a samplg having a value 0 betweén'two samples having oppoéite'
signs; are detected as zero-crossings (step S3). The number of
the zero-crossing portions is detected from frame to frame and
is outputted as the number of zero—crossipgé ZC [k].

In a tone detection unit 43,lthe tone,ithat is 'a value
specifying the distribution of:frequency.coméonents of Y[w, k],
for example, the ratio of a mean level t’ of the input signal

spectrum in the high range to a mean level b’ of the input signal



(8).: (RVB[ K] < O. é*-wawas[ k] and éws[ k] < 4000 and RVB[k] < RVB[k + 1] and

*RVB[ k] < RVMS[k - 1] and RVS[ k] < RMS[k - 2]) or (RVB[k] < MnRWS) ... .(8)
The estinmated noise level value mnRMS [k] is set so as to rise for the
background noi se freed of speech. The ri rate for the high noise level is

exponential, while a fixed rise rate is ed for the | ow noise level for

real i zi ng speayremoUnSttaredi IRGr Iiaifze, o6t Fiy. 4 Showse i tkYptrati yetex8mR! €5
of the RVE values RVS [K], estimated noise | evel value mnRVS [k] and the
maxi mum RMStes $89 and outputted. These values t’ and b’ are such values

t and b for which an error function ERR(fc,,b, t) defined by the

equation (18):

fe . NR-1
minco-z...x-3 Err(fc, b, t) =Y (Y [lw, kKl - b2+ ¥ (Y, [w, kI
b,icR . . w=0 . w=fc+l

will assume a minimum value. In the above equation (18), NB
stands for the number of bands, me [w, k] stands.forAthe maXximum
value of Y[w, k] in a band w and fc stands for a point separating
a high range and a low range from each other. In Fig.8, a mean
value 6f the lower side of the frequenéy fc of Y [w,.k] is b,

‘ while a mean value of the higher side of the frequency fc of Y
[w, k] is t.

In a proximate sﬁeech frame detection unit 44, a frame in
the vicihity of ; frame where a voiced sﬁeech sound is detected,
that is a proximate speech frame, is detected on the basis of the
RMS value gnd the number of zero—crossings (step S4). As this
frame number, the number of proximate syllable frames spch_ prox

{k] is produced as an output in accordance with the following

equation (19):



MaxRVS [k] . The maxinum SNR cal culation unit 25 estimates and cal cul ates
*the maxi mum SN rati o MaxSNR [k], using the maxi mum RVS val ue and the
estimat ed noi se | evel value, by the follow ng equation (9): [err] Fromthe
maxi mum SNR val ue MaxSNR, a normalizati gy parameter NR_level i'n a range
fromO to 1, representing the rel ative noi se | evel, is cal cul ated. . For NR_

| evel , thefollovmngfunctlon IS ) The operatlon of

t he noi se spectrum estsg f }ﬁgghedz d e’spect i ve val ues
ner%y cal ‘iﬁ . é? d noi se | evel

ca cula |on unit 25 are used for

found in the relative &
calculation unit 24 and the maxi %1%—
17 :

In a. consonant éompoﬁent detection unit 45, the consonant
componenﬁs in Y(w, k] of each frgme are detected on.the basis of
the number of zero—crossings, number of proximate speech frames,,
tones and the RMS value (step S5). The results.of consonanf
detection are outputted as a value CE ‘[kj specifying the

consonant effect. This value CE [k] is defined by the following

equation (20):

E (tonelk] > 0.6) moreover (C2, C2, C3 are true)
CE[k] moreover (C4.1, C4.2, ..., al ternatlvely C4.7 is tn
max(o CE[k - 1] - 0.05) otherwise

The symbols Cl, C2, C3, C4.1 to C4.7 are defined as shown

in Table 2:
TABLE 2
symbols equations of definition
Cl1 RMS[k] > CDSO*MinRMS[k]
Cc2 ZC[k] > Z low
c3 ~ spch_ prox[k] < T
C4.1 RMS[k] > CDS1*RMS[k - 1]
C4.2 ' RMS[k] > CDS1*RMS[k - 2]
C4.3 - RMS[k] > CDS1*RMS[k - 3]



~discrimnating the speech fromthe background noi se. If the foll ow ng
*conditions: ((RVS[k] < NoiseRWBthres[k]) or [err] > [err] and (RVS[ k] < RMB
[k-1] + 200) ......(11]) where Noi-seRMSthres[k] = 1.05 + 0.45*NR_ | evel [k] x
M nRVB[ k] [err] = max(MaxSNR[ k] - 4.0, @39*MaxSNR[ k] are-valid, the signal
in the'k"th frame is classified as the background noi se. The anplitude of

t he backgifound n0|se ThpS crassified, Ts calculatedand ogtputted as a

tinme aver LaLue_EEﬁElkl_éiﬂlﬂh_nane_spenLLur1 Fig.5 shows
il lustratifve exﬁﬂpies of [the rebabii¥§ gnéﬁgY*tghéﬁg.shpMn ijn Fig.11, that
Is [err] fhe maxi mum SNR|[ K] and [erT] as__one of e threshold

val ues or nﬂﬁ«ﬁnrﬁq¢ |n1naﬁpaﬁ[kila 6D§thsn$E§_jjﬁéﬂ_Lk], as a
function ¢f Max&NR [k] ihn the @gHékk?n>(éQ§2*tone[k - 3]

' In the above Table 2, the_vélues of CDSO, CDS1, CDS2,T, Zlow
and Zhigh are cbnstants'detérmining the consohant detection
sensitivity. For example, CDSO = CDS1 = CDS2 = 1;41,'T = 20,
Zlow = Zoland Zhigh = 75. Aiso, Elin the equation (20) aésumes
a value from 0 to 1, such as O.f. - The fiiter response adjustment
ié made so that the closer the value of E to 0, the more the
usual conéonant suppression amount is approached, whereas, the
closer the value of E to 1, thé more the minimum value §f the
usqal consonant suppression amount is approached.

In the abﬁve Table 2, the fact that the symbol C1 holds
specifies that the signal level of the frame is largér than the
minimum.noise level. Ont the other hand, the fact that the
symbol C2 holds specifies that the number of zero crossings of
the above frame is larger than a pre-set number of zero—crossings
Zlow, herein 20, while the fact that the symbol C3 Holdé
.specifies that the above fraﬁe is within T frames as_countéd from .
a frame where the voiced speech ﬁaé been detected, ﬁerein within
20 frames.

The fact that the symbol C4.1 holds specifies that the
signal level is changed within the above frame, while the fact

that the symbol 4.2 holds specifies that the above frame is such



If the k'th frame is classified as the background noise or as the noi se,
"the time averaged estimated value of the noise spectrum N[w, k] is updated
by the anplitude Y[w, k] of the input signal spectrum of the signal of
the current frame by the follow ng equahion (12): N[w, k] = a*max(N[w, k-
11, Y[w, ‘k]) . 18 + (1 - a)*mn(Nw, k -_1], Y[w, k]) - :(12) [err]
0. 5*FS whex ef vampeehiésotberbandtoumbae iffahmbe dinked IHd tdhdige |intbre k' th
frame is classified as the speech, the value of NJw, k - 1] is directly
used for Nngedd signe lNReyaderiredd wingl Wb chimindéroed € U4 kertrese sNRws 1 kha l
which is a val ue used for -prohibiting the filter response from being
. level. The fact that the symbol C4.3 holds specifies that the
apre frame is such a frame which occurs after two frames since
the change in the speech signal has occurred and which undergoes
changes in signal level. The fact that the symbol 4.4 holds
specifies that the number of zero—-crossings in the above frame
is larger than a pre-set nﬁmber of zero-crossings Zhigh, herein
'75, in the above frame. The fact that the symbol C4.5 holds
specifies that the tone value is changed within the above frame,
while the fact that the symbol 4.6 holds specifies that the above
frame is such a frame which occurs after one framé since the
change in the speeéh signai has occurred and which undergoes
changes in tone valﬁe. The fact that the symbol C4.7 holds
specifies that the above frame is such a frame which occurs after
two frames since the change in the speech signal has occufred and
which undergoes changes in tone value. _
According to the equation (20), the condition of the frame
containing consonant components is that the conditions for the
symbols C1 to C3 be met, tone [k] be larger than 0.6 and that at
least one of the conditions C1 to'C4.7 be met.
Referring to Fig.l, the NR2 value calculation unit 48
calculates, from the above values NR [w, k] and the above value

specifying_the consonant effect CE [k], the value NR2 [w, k],

based upon the equation (21):



changed abruptly, and outputs the produced value NR[w, k]This NRlw, k] is a
*value ranging from0O to 1 and is defined by the equation (13): [err]

.(13) In the equation (13), adj[w, k] is a paraneter used for taking into
account the effect as expl ai ned bel ow ang is defined by the equation (14):
[err] =0.004 adj[w, k] = min(adjl[k], adj ?k]) - adj 3[w, K] 19 ...(14) In
the equation (MNRR[wadkll[ k] (iLs0a-Vv@E Lie] JeNR vy, thle ef fect of suppressing the
noi se suppressing effect by the filtering at the high SNR by the filtering
descri bed below, and is defined by the follow ng equation (15): «----(21)

and outputs the value_NRZ[w, k].

The Hn value calculation uhit 7 is a pre-filter for reducing
the noise component.in the amplitude Y[w, k] of the band-split
input signal spectrum, from the amplitude‘Y[w, k] of the band-
split input signal spectrum,:time averaged estimated value Nw,
k] of the noise spéctrum and the above value NR2 [w, k]. The
value Y {w, k] is converted responsive to N [w, k] into a filter
response. Hn [w, k],'which is outputted. The wvalue Hn[w, k] is
calculated based upon the following equation (22):

Ho[w, k] = 1 - (2%NR{w, k] - NR2}[w, k])*(1 — H[w][S/N = y])

The value H{w] [S/N =.r] in.the above equation (22) is
equivalent to optimum characteristics of a noise suppression
- filter when the SNR is fixed at a value r, such as 2.7, and is

found by the following equation (23):

Hwl[S/N=¥] = %—(1 +\]1 - Wlkl) *PHI|Y,) g/n-y) * Guin*P(HO|Y,) |,

Meanwhile, this value may be found previously and listed in

a table in accordance with the value of Y[w, k]/N[w,k].



[err] ..... ...(15) In the equation (14), adj2[k] is a value having the
effect of suppressing the noise suppression rate with respect-to an
extrenely | ow noise | evel or an extrenely high noise |evel, by the
above-described filtering-operation, andygs defined by the follow ng
equation (16): [err] ....(16) In the above equation (14), adj3[k] is a.
val ue haviMegnwihd lef,f aftv,ok]supprtaesiengat henmekd jruis negseva bemict t®ry apmpunt
from18 dB to 15 dB between 2375 Hz and 4000 Hz, and is defined by the
fol | owi ng klftaiFenk {1 Mhile Ggo fere parametet7indicating the minimum gain

of H[w] [S/N = r] and assumes a value of, for example, -18 dB.
On the other hand, P(Hile) [S/N = r] and é(HO]YQ) [S/N = r] are.
parameters specifying the states of.the amplitudé Y{w, k] of each
input signal specfrum, while P(HlIYHi [8/N. = r] is a parameter

' specifying the state in which the speech component and the noise -
component are mixed togethef in Y{w, k] and P(HOIYW) [S/N =.rj
is a parameter specifying that only the noise component is
contained in Y[w, k].These values are calculated in accordance

with the equation (24):

P(H1) * (exp (-y?) )
P(H1) * (exp (-y2)) *Iy(2:y:x[w,] |

P(Hllyw) (s/N=y} = 1- P(HOIYW) [s/M=y) - =

where P(hl) =:P(HO) =,0.57

It.is seen from fhe equation (20).;hat P(H1|Y,) [S/N = r]
and ?(HO]Y#) [S/N = r] are functions of x[w, k], while Io(z*f*x
[w, k]) is a Bessel function and is found in dependence upon the
values of r and {w, k]. Both P(Hl) and P(HO) are fixed at 0.5.
The processing volume may be reduced to approximately ane—fiffh
of that with. the conventional method by simplifying  the
parameters as descyibed above. .

.The filtering unit 8 performs filtering for smoothing thé

Hn[w, k] along both the frequency axis and the time axis, so



Meanwhile, it is seen that the relation between the above val ues of NRw,
*k] and the maxi mum noi se reduction anount in dB is substantially linear in
the dB region, .as shown in Fig.7. In the consonant detection portion 41 of
Fig.1l, the consonant conponents are deteghed on the frame basis fromthe
anplitude Y of the input signal spectrum Y[w, k]. As a result of consonant
detection,tiatal wemddidd spacdf i ng the[aOnrPnast pebligetdi 8s cahcyhapad and
t-he value CE [k] thus calculated i’s ou&hputted. An illustrative exanple of
t he. consonsignalet ecitheont i kst arowmge xipl @& nkidre cAtionhe lpegotbeo$sengepoyt eans42,
the portions between contiguous sanples of Y[w, k] where the sign is
reversed fR¥tsedifestt of nerdiging dheyedéeotive, Impulsr fRemonses lahath
there is a | e .havi.n vaL( e 0_between two sanpl es havi ng opposite
si gns, ar e°§§tr%ctse‘(§"551 %é‘i&'—c tissi Agds(RTRPIENs thes adiisdneof ropebeing
zer 0- cr ossj Ngs POr L i QNS +i,S ted fromfrane to frame and is .out putte? as
t he nynbe_rtntc;éh zero-dg%oécgiﬁ §i§§: 1% .Yéllolfqelé’r} Sﬁgugéf%ﬁ%‘f‘f“tfr‘ﬁatﬁlﬁtlfﬁe° one,
L]hat I's a yalyateRechiyimam 4619 HadidPuthond f-egueney cospenents aheYlw
filteping in ‘a direction along the time axis has the effect of
limiting the rate of change' in filter characteristics in
suppressing abrupt noise generation.
The filtering in the direction aLdng the frequency axis is
first explained. Median filtering is performed on Hnl[w, k] of
eaqh band. This method is shown by the following equations (25)
and (26): | |
step 1: Hl[w, k] = max(median(Hn[w - i, k], Hnfw, k],

Hn[w+l, k], Hn[w, k]

step 2: H2[w, k] = min(median(Hl[w - i, k], Hi[w, kI, -

Hil{w+1, k], Hi[w, k]

If, in the equatibns (25) apd (26), (w - 1) or (w + 1) is
not present, Hl[w, k] = Hn[w, k] and H2[w, k] ='H1[w, k],
respectively. .

If (w - 1) or (w + 1) is not presené, Hi{w, k] is Hn[w, k]

devoid of a sole or lone zero (0) band, in the step 1, whereas,



-

for exanple, the ratio of a nean level t' of the input signal spectrumin
"the high range to a nean |evel b' of the input signal 21 spectrumin the
| ow range, or t'/b'" (= tone [K]), is detected (step S2) and outputt ed.
These values t' and b' are such values t,gnd b for which an error function
ERR(fc, b, t) defi.ned by the equation (1%?:. [err] will assume a m nimum

val ue. |n irhehabatepequatizqw,( 18) ,i\Bistwinds fa¥vdike swrdbeso f, basiis.of err]
[w, k] stands for the nmaxi mumvalue of Y[w, k] in a band w and fe¢ stands

for a poi mrodapdiag hgnd.hi gin r thge aadnarl onfwngd If ricm eacte icerints
Fig.8, a nmean value of the |lower side of the frequency fc of Y [w, k] is b,
while a nmé¥d%akde of the hi gher side of the frequency fc of Y [w, k] is t.
In a proxi nateNsch%EfChfflrtaenr?indget (ier(ft iaondyptjzéﬁidfcffri glgagmathien time axis is
explained. For filtering in a direction along the time axis, thel
fact that the input signal contains three compohents, namely the
speech, background noise and the transient state representing the
transient state of the rising portion of the speech, is taken
_jnto account. The spgech signal Hspeech [w, k] is smoothed along

the time axis, as shown by the eduation (27):

Hoeen [W» k1 = 0.7#%H2 [w, k] + 0.3%H2 [w, k - 1]

The background noise is smoothed in a direction along the

axis as shown in the equation (28)5

}%ﬁ“ [w, k] = 0.7%Min_ H + 0.3*Max_ H

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, k], H2 [w, kK - 1]), fespectively.

The signals in the transient state are not smoothed in the
direction along the time axis.

Using the above-described smoothed signais, a smoothed
output signal Hme“h is produced by the équation (29):

Hmeuh[w, k] =.(1'—atr)(a sp*Hspeegh [w, kj

+ (1 - a sp)*Hnoise [w, k]) + atr*H2 [w, k]



the vicinity of a frame where a voiced speech sound is detected, that is a
"proxi mate speech frane, is detected on the basis of the RVS value and the
nunber of zero-crossings (step S4). As this franme number, the nunber of
proxi mate syliable frames spch_ prox [K] is produced as an output in
accordance with the foll ow ng equation (29: 22 [err] .... (19) In a
consonant conponent detection unit 45, the consonant conponents .i.n..XR8) K]
of each frame are detected on the basis of the nunber of zero-crossings,
nunber of proxiliat EREpARAV S r £AEEE iononER8 hind &% hEPRVEaRSl uB (&t epa®5)be The

results of consqnant detectiqn are outputted a value CE [k] specifying
t he conscnﬁﬁﬁp%§#ﬂ¥?17 %?HPQ 3§Pﬂe$EE FETaF§°ﬂe€?ﬁéd by the foll ow ng

~equation (20):
1-0 SNRinsc > 4-0

0, = | (SNRypg, = 1) *% 1.0 < SNRy,, < 4.0
0 otherwise
..... (30)
where
. RMS [k]
szmc = docal —
RMS.local [k 1]
and from the equation (31):
| 1.0 8, s > 3.5
@ = | (80 - 2)*% 2.0 < 8 < 3.5
' 0 otherwise
..... (31)
where
Fd RMS.loca.l [k]

8 " RMGca; LK - 11



E (tone[k] > 0.6) noreover (C2, C2, C3 are true) CE[K] nor eover (4.

1, &4, 2, . . ., al ternatively C4.7 is tr max(0, CE[k - 1] - 0.05)
otherwise ..... (20) The synbol's Cl1, C2, C3, C4.1 to C4.7 are defined as
shown in Table 2: TABLE 2 synbol s equations of definition Cl
RVB[ k] > CDSO*M nRVB[ K] C2 Kk >z lowes spch
prox[k] < T C4.1 . > Cgil*RNRrk - 1] 4 2.

"RMVB[ k] > CDS1*RMS[ k - FL k CcDg1* [k - 3] 23
4.4 G B ch43[dﬂ ’\]FI ,n?@ ! e, i

Then, at the band conversion unit 9, the smoothing signal
}%_mmm [w, k] for 18 bands from the filtering unit 8 isiexpanded
by interpolation to, for example;_a 128-band signal HHB [w, k],
which is 6utputted. This conversion is performed by, for
example, two stages, while the expansion from 18 to 64 bands andf
that from 64 bands to 128 bands are pérfcrmed by zerb—brder
holding and by low pass filter type interpolation,
respectively. |

The spectrum correction unit 10 then multiplies the real and
imaginary parts of FFT coefficients obtained by fast Fourier
transform of the framed signal y_ framej'k obtained by FFT unit
3 with the above signal Hué [(w, k] by way of performing spectrum
correction, that is noise component redﬁction, and the resulting
signal is outputted. The result is that thé spectral amplitudes
are corrected without changes in phase.

The inverse FFT unit 11 then'pérforms inverse FFT on the
output signal of the spectrum correction unit 10 in order to
output the resultant IFFTed signal.

| The overlap—and—ﬁdd uﬂit 12 over;aps and adds the frame
boundary portiornis of the ffame—based IFFted signals.. The

resulting output speech signals are outputted at a speech signal

output terminal 14.



C4.5 : tone[ k] > CDS2*tone[k - 1] CA.6 tone[ k] >
*CDS2*tone[k - 2] C4.7 tone[ k] > CDS2*tone[k - 3] In the above
Tabl e 2, the values of CDSO, CDS1, CDS2, T, Zlow and.Zzhigh are constants
determ ning the consonant detection sensgjivity. For exanple, CDSO = CDS1
= CDS2 = 1.41, T = 20, Zlow = 20 and Zhigh = 75. Also, E in the equation
(20) assunes arigloe £§rows 0 dotlhesSUGhSd iheht GHE &i | hBEiséeSpPOdMSStion
adjustnment is nade so that the closer the value of Eto 0, the nore the
usual conswraretaspieessnyiaveont the appirsEackdde ingenetisgd tfive gl sseech he
value of Eto 1, the nore the mni mumvalue of the usual consonant

suppr essi & 8&fBuntcE_rdppg odcheldihe| rPrerendbo@veallien? t e apertRatof he

symbol Cl hol ds specifies that the si.gnal l-evel of the frape is | arger than
the mini nﬁrﬂ"‘r?c?P?é‘lee\Y’é\m% Gt v5edof e oRaR, w‘tﬁ‘etfr}bf‘c neHse rRdushienl o

hol ds spegj {] a nu of zero crossin of, t he above fr
| ar ger t har pa%%rtﬁalgs;é Qﬁ‘ e?jggf IZ%F% Y I‘sesslenngs %?’3 Ihﬁesfaéﬂllennﬁ‘ﬁ'ervxfrﬁfl%n%he

fact that dhe d%\é@t;qlpt@%nhekdﬁhépssemmh@é Spe bR fo o TR iyt 0 T

frames as counted from
The noise redu01ng apparatus for speech 51gnals includes .

a spectrum correction unit 10, as a noise reducing unit, for
removing the néise from the input speech signal for noise
suppression so. that the noise redﬁcing amount is variable
depending upon thé control signal. The noise reducing apparatus
for speech signals also includes a calculation unit 32 for
calculating the CE value, adjl, adj2 and adj3 values: as
detection means for.detecting consonant portions contained in the
input speech signal, and én Hn valﬁe calculation unit 7, as
control meaﬁs for controlling suppression of the noise reducing
amount responsive to the results of consonant detection produced
by the consonént portion detection means.

The noise reducing apparatus for speech signals further
includes a fast Fourier transform means 3 #s transform means for
transforming the input speech signals into signals on the
.frequency axis.

In the generation unit 35 for generating noise suppression
filter characteriskics having the Hn calcﬁlation unit 7 and the

calculation unit 32 for calculating adjl, adj2 and adj3, the band



.

a frame. where the voiced speech has been detected, herein within 20 franes.
‘The fact that the synbol C4.1 holds specifies that the signal level is
changed within the above frame, while the fact that the synbol 4.2 holds

specifies that the above frame is such

frame since the change in the speech signal has occurred and which
under goes dPdigddngnugiidnd selkts the kmpilitnde vadusyRbolthes. Bremjency

specifies that .the above franme is such frame whj ch occurs, after. two
PP ames o A ARG | F 1 TR Zon 18, bt 1 st CSPREd BRA R ed

under goes Cm&pg%%éenYﬁ%gpqg#lggekhe cEH%uEQQEREPQEiEh%1SV lcéhéh{g%l

specifies t
than a pre-
frame. The
changed wit

the nu Zer o- Crossi ngs | e above frane Is ltarg

SEIndNURREFa Pt e £ P51 £L OSd NS sRELYRumhEs €l t/Bon unltt BE 2ROV
fact that the synbol C4.5 hol

tHe ifrfi’ iah0¥8 1ke@MPesponse calculation unit 33.

The calculation wunit 31 .for. calculating signal

~characteristics calculates, from the value y—-frame,k, outputted

based upon the RMS[k]; MinRMS[k] and MaxRMS[k], while calculating

by the framing unit 1, and the value Y{w, k], outputted by the

band . slitting wunit 4, the frame-based noise 1level value

MinRMS[ki, estimated noise level value MinRMé[k], maximum RMS
value MaxRMS[k], number of zero—érossings ZC[k], tone value
tone[k] and the number of proximate speech frames sﬁch;-prox[k],
and provides these values to the noise spectrum estimation unit
26 and to the adjl, adj2 and adj3 calculation unit 32.

The CE valﬁe and adjl, adj2 and adj3 value calculation unit

32 calculates the values .of adji[k], adj2[k] and adj3[w, kl,.

the valug CF[kj'in the speech signal specifying the consonant
effect, based upon the values ZC[k], tone [k], spch_ prox[k] and
MinRMS[k], and provides these values to the NR value and NR2
value calcﬁlaﬁion unit 36.

The initial filter resﬁonse calculation unit 33.pfovides the
time-avepaged noise valﬁe N [w, k] outputted from the noise
spectrum estimation unit 26 and Y [w, k] outputted from the band

splitting unit 4 to a filter suppression curve table unit 34 for

ol ds specifies that the tone val ue

3224. a franme which occurs after one

S



.

while the fact that the synbol 4.6 holds specifies that the above frane is -
*such a franme which occurs after one frame since the change i.n the speech
signal has occurred and whi ch undergoes changes in tone value. - The fact
that the symbol C4.7 holds specifies thag3the above frane is such a frane
whi ch occurs after two franmes since the change in the speech signal has
occurred BHRARE O turtder yodsec BEnfes wi, nki oner ves pend ixe dradithd w0 kilhend

~equation g[Q% the condition of the frane containing consonant conponents
is that t offdi StOFE &P the Eihbor supPressdgnpeurie tabhe yngt B4 tar ger

th 0.6 | { f.th It ClLt .7 be met. |

Re?gr ri ngéf%lélﬁag._%e fagl}e &&g‘s\?aﬁcﬁbﬂed gtg‘?ncl eia'?{}gnveg}rﬂe? °%fli§“&51%égﬁatué‘s‘,t from

th b | ; 1.EYi th t

Cheshoreriasec 8 e g g cuab el BT SepREReL
table for H [w, k] values. ' |

The output speech signals obtained b& the noise reduction
apparatus shown in Figs.l"and 9 are provided to a signal
processing circuit, such as a variety of encoding circuits for

" a portable telephone set or to a'speech recognition apparatus.
Alterhatively, the noise suppression may be ' performed on a
aecoder outpuf signal of the portable telephone set.

The effect of the noise reducing apparatus for speech
signals according to the pfesent_invention is shown in Fig.10,

,. wherein the ordinate and the abscissa stand for the RMS level of
signals. of each frame and the frame number'”b% each frame,
respectively. The frame is partitioned at an interval of 20 ms.

The crude speech signal and a signal corresponding to this
speech overlaid by the noise in a car, or a so-called car noise,
are represented by éurves A and B in Fig.10, respectively. It
is seen that the RMS level of the curve A.is higher-than.or-equal
to that of the curve B for all ffamé numbers, that is that the
signal generally mixed with noise is higher in energy value.

As for these curves C and D, in an area al with the frame
number of approximately 15, an area a2 with the frame number of

approximately 60, an area a3 with the frame number approximatel&



NR2[w, k] = (1.0 -  CE[k])*NR[w, k] ... .(21) and outputs the value NR2[w,
"k]. The Hn value calculation unit 7 is a pre-filter for reducing the noise
conponent in the anplitude Y[w, k] of the band-split input signal spectrum
fromthe anplitude Y[w, k] of the band- spdit input signal spectrum tine
aver aged estlnated val ue N[w, k] of the noise spectrum and the above val ue
NR2 [w, k]ETOm&O0vdiouddy [an aqesd 24 amiidy tide rEngmsnyrbed aAPPIRxidatedvo a
filter response [ Kk which is outputted, The val ye Hn[ w,
cal cul ate bg'se gpo#’th%o?bll%% R &8qudfi o 1EB2) Ehep a'RT -n‘imlge"(ZWR[w

k] NRZZ[&‘%PMX)IIHQJ‘.@IEF[N [ %./n areg]a)G W1th(glge th‘e Val H%b %r x1m_ trell

t he above equatl on | S equl va ent to Optl mum ar act er| I CS a n0| Sé
suppr essi ofrdn | 1 90 \M&.emsdﬂe 2R g fdxegdrad %Wab&"é‘hrstﬁélc?raﬁeZ Jumt?ef}d i's

found by the follow ng equation (23): [err] .....
app;ox1mate1y from 175 to 180, the RMS level of the curve C is
higher than the RMS level of the curve D. That is, the noisé
reducing amount is suppressed in signals of the frame numbers
corresponding to the areas al to aT.

With the noise reducing method for speech sighals according
to the embodiment shown-in.Fig.Z, the zero—crbssings qf the
speech signals are detected after detection of the value tone{k],

. which is a number specifying the amplitude distribution of the
.frequency—domain signal. This, however, is not limitative of.the
present invention since tﬁe value tonel[k] may be detected after

detecting the zero-crossings or the value tonel[k] and the zero-

crossings may be detected simultaneously.



Meanwhi | e, this value may be f ound previously and |isted in atable |n
*accordance with the value of Y[w, k]/Nw,Kk]. 26 Meapw

the equation (19) is equivalent to Y [w K]/N[w K],
paraneter indicating the mninumgain of Hw [S/N =
of, for exanple, -18 dB. On the other Rénd, [err] [S/ Tats S
= r] are paiAdhEISeICLAIMEDI igi:ng the states of t he anplitude Y[W k] of each

i nput signal spectrum while J[err] (S/N=r] is a paraneter specifying the
state i n whi ch A metdwdednrcawdondne &hd nhd seoiipeasonponénsparehnisiedal '
together in Y[w k] and [err] [S/IN=1r1] is a paranmeter specifying that
only the rMA%@LGHSHORISFSieBncaPAEASiREYERe kIeARERE: val ues are

(;al culated in QY dcance with the ecl)uatlon g24) a.1[1ed ln .....

1ng a consonant portion vont

signal; and

suppressing the noisg.reducing amount in a controlled manner
at the time of rémoving the noise from said input speeéh signal
responsive to the results of consonant detection from said
consonant portion detection steb.

2. The noise reducing method as claimed in claim 1 further
comprising the step of transforming the input speech signai into
.a frequency—-domain sighal, wherein-said step of suppressing the
noise reducing amount in a 'controiled. manner is a step of
variably .controlling filter characteristics as set on the basis
of the'input signal spectrum obtaiped by the transform step
responsive to the results of consonant detection produced in said
consonant portion detection step. o

3. The noise reducing method as claimed in claim 1 wherein the
step of detecting the consonant poption is a step of detecting
consonants in the vicinity of a speech signal portion detected
in said input speech signal using at least one of changes in
energy in a short domain of.the input speech signal, a value
indicating the distribution of frequency components in the input

speech signal and the.number of the zero—croésings in said input

speech signal.
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where P(hl) = P(HO) = 0.5. It is seen fromthe equation (20) that
“['SFN =r] and [err] [S/N =-r] are functions of X[w, K] .
is a Bessel function and is found in dependence upon tH WHe §
[w, k]. Both P(H1) and P(HO) are fixed gt 0.5. The processi /0]

reduced to approximately one-fifth of 8Rat with the conventional net hod by
simpl i fying tNaMRARBTELCESads: EHUHA1Aa00YRindBCif icheGhl BONGHE 1 the
performs filtering for smoothing the Hn[w, k] along both the frequency

axi s and th1dd TRnda%esin8Othe Lilstiridiutd onNBot fieshwéialc om@onhknssDDE it ey, K]
I's produced as an output signal. The filtering in a direction along the
frequency inpwt heaeeiche sdighedt isf obédioedgothehef besis vef | tipell et yegforse
length of the signal Hn[w, K]. This prohibits the aliasing from being
produced duwesn deked! iof ddvey dnpritosPeesh| siggalr SREFLRRR 2 BB drhigh range

to a mean level of the input speech signal spectrum in a low

range.
5. The néise-feducing method as claimed in claim 2 wherein said
filter characteffstics are controlled 5y a first value found'on.
the basis of a ratio of the input speech signal spectrum as
obtained by said transform step to. an es;imated noise spectrum
contained in said input signal sﬁectrum and a second value found
on the basis of the maximum value of the ratio of the signal
level of the input signal spectrum to the estimated noise level,
estimated noise spectrum and a consonant effect factor s.pe_cifying
the rgsult of consonant detection.
6. An apparatué for reducing the noise in a speech signal
comprising: h

a noise reduciﬁg unit for feducing the noise in an input
spgech.signal for hoise suppression so.that the noise reducing
amount will be variable depending upon a control signal;

means for detecting a consonant'portion contained in the
input speech signal; and

| means for suppressing the noise reducing amount in. a

controlled manner responsive to the results of consonant

detection from said consonant portion detection step.

This Sheet Has Been Replaced
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afilter by multiplication in the frequency domain
‘in a direction along the time axis has the effect of
change in filter characteristics in suppressing abrup
The filtering in the direction along the frequency axi
Median filtering:is perforned on Hn[w, Rf of each band. This net hod IS |
shown by the folheowidigeeqeaiicing @dparadnd 4863lashéeP ii HEim &K]further
max(nmedi an(Hn[w - i, k], Hn[w, K], Hn[w+l, k], Hn[w, K] ...... (25) step 2:
H2[w, . k] =cempfhetnarmeaisy tot tidns fdifming]theHlmput, sgleechl[signl]l .into.
.(26) If,.in the equations (25) and (26), (w- 1) or (w+ 1) is not
present, MI[Weugny ompin KFigha k[ WheRPin (il qgnsanefectrondiipn | f

I(\(/)Vn-e i')er gr flg})éveﬁté%%jn qeﬁ%&%gg?e%gg%ow g] Ix'gm|_t|:n ewinglxtdsei/gorllaql Osfpeaétsr?Jme or

obtained by said transform means.

8. The noise reducing apparatus as claimed in claim 6 wherein
said control means variably controlé the filter characteristics
determining the noise feducing account depending upon the result
of consanant detection.

9. The noise reducing apparatus as ciaimed in claim 8
wherein said filter characteristics are controlled by a.first
value found 6n the basis of a ratio.of the iﬁpuf speecﬂ signal
spectrum and an estimated noise spectrum contained in said input
signal spectrum and a second valuer found on thé basis of the
maximum value of the ratio of the signal level .of the input
signal spectrum to the estimated noise spectrum, the estimated
noise spectrum and a .consonant .effect factor specifyiné the
résult of conSonant.detection. |

10. The noise reducing apparatus as claimed in claim 8
wherein the consonant poition detecting means detects consonants
in the vicinity of a speech signal portidn detected in said input
speech éignai using at least one of changes in energy in a short
domain of the input speech signal, a value indicating the
distribution of frequency components in the input speech signal

and the number of the zero-crossings in said input speech signal.

Thisllsiiiet lliiillBlileilllleﬂlaced
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28-in the step 2, H2[w, k] is Hl[w, k] devoid of a sole,
* band. In this manner, Hn[w, k] is converted into H2[W
filtering in a direction along the tine axis is expla
filtering in a direction along the tine38xis, the fact t _
signal contains three conponents, nanely the speech, background noi se and
the transiignt Thatmoispresdnting dimtatansiasntclstiaed of cheimih@ng porti on
of the speech, is taken-into account. The speech signal ?eech [w, k] is

smoot hed théﬁgltlhe“tq m!aé}éPs 1%1@%\/% b§hehed et pithu o 791 rerque[lwy k] =
0.7*H2 [w, k] + 0,3*H2 [w, k - 1] ..... 2 The backagr ound nqi . se
snoot hed Fﬁm °HFPE§tf%nL%? oh@p?hes%?(?%h é %‘%’&) qltﬁ’g‘“&? a1 %r? %S‘ls[ err]

*
[w, k] = 7 M @an levgl o¥h&he input speech signal spectrum in a high

range and a. mean level of the input speech signal spectrum in a

low range.

R O O O '
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Mn

k -

(25)
11),

In t he above equation (24), -Mn_ H and Max_ H may be found by

H=mn (H2 [w, k], H2 [w, k - 1]) .and Max_ H = max (H2 [w, k], H2

in the direction along the tine axis. Ug3%g the above-descri bed snoot hed

si‘gnal s, aMEw¥RODhRNDONPPHRAZUSNEbR] REDUCIRG pﬁ@ﬂyﬁ efin bypEBEH SSEGNARN (29) :
[err] [W KBSTRAGT - atr)(a sp*Hspeech [w, K] - a sp) *Hnoi se [W k])
atr*H2 [w, K] 29 ..... (29) In the above equatlon (29), - Sp

a

[w,

respectively. The si gnals in the transient state are not snpot hed

+
and

tr may be kesidold aellyad cipih fatars the eedund i th3Ohoikerig a.speec@30)

signal capable of suppressing the noise in the input signal and
simplifying the processing. The apparatus includes a fast Fourier

transform unit 3 for transfbfming the input speech signal into’

a frequency—domain signal, and an Hn value calculation unit 7 for .

contro;ling filter characteristics for filtering ehployed for
removiﬁg the noise from the input speech signal. The apparatus
also includes a spectrum correction unit 10 for reducing the
input speech signal by the filtering_conforming to the filter

characteristics produced by the Hn value calculation unit 7. The

" Hn value calculation unit 7 calculates the Hn value responsive

to a value derived from the frame—-based maximum SN ratio of the
input signal spectrum obtained by the fast Fourief transform unit.
3 and an estimated noise level and controls the processing for

removing the noise in the spectrum correction unit 10 responsive

to. the Hn value.

FIGURE 1



where and fromthe equation (31): [err] .... (31) where 30 [err] Then,
at the band conversion unit 9, the snoothing signal H sooth [w, k] for 18
bands fromthe filtering unit 8 is expanded by interpolation to, for
'exanple, a 128-band signal [err] [w, K], which is outputted. Thi s
conversion is perforned by, for exanple two stages, while the expansion
from 18 to 64 bands and that from 64 baag9 to 128 bands are perforned by
zer o-order hol di ng and by | ow pass filter type interpolation,
respectlvely The spectrun1correct|on unit 10 then nultiplies the real and
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| magi nary parts of FFT coefficients obtained by fast Fourier transform of -
-the framed signal y_ [err] obtained by FFT unit 3 with the above signal
[err] [w, k] by way of perform ng spectrumcorrection, that is noise
conponent reduction, and the resulting signal is outputted. The result is
that the spectral anplitudes are corrected w thout changes in phase. The

I nverse FFT unit 11 then perforns i-nver®® FFT on the out put signal of the
spectrum correction unit 10 in order to output the resultant | FFTed signal..
The overl ap-and-add unit 12 overlaps and adds the frame boundary portions
of the frame-based |FFted _signals. The resulg%qgooutput speech

signals are outputted at a $peech_si gnal rnmnal 14. 31 Fig.9
shows anot her enbodi nent of a.%%ﬁ%@“%ﬂ@”@iﬁ%ﬁﬂéﬁéér us for carrying out

‘the noi se reducing nethod for—a—speeth
' S
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signal according to the present invention. . The parts or
*conmponents which are used in common 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 reducing apparatus for
speech signals includes a spectrun1cor?2 tion unit 10, as a noi se reducing
unit, for renoving the noise fromthe i gut speech signal for noise
suppression so. that the noise reducing anount is variabl e dependi ng upon
the control signal. The noi se reduci ng apparatus for speech signals also

i ncl udes a calculation unit 32 for calculating the CE value, adjl,
adj2 and adj3 values, as detection neans for detecting consonant
portions contained in the input speech signal, and an Hn val ue cal cul ati on
unit 7, as control neans for controlling suppression of the noise reducing
anount responsive to the results of consonant detection produced by the
consonant portion detection neans.  The ngoise-reduci ng apparatus for speech
signals further inclludes a fast Fourier transfolmneans 3 as transform
means for transfornilng the input speech signal s|/iEgnto signals on the
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frequency axis. In the generation unit 35 for generating noi se suppression
filter characteristics having the Hn calculation unit 7 and the cal cul ation
unit 32 for calculating adj1, adj2 and adj 3, the band 32 splitting unit
4 splits the anplitude value of the frequency spectruminto, for exanple,
18 bands, and outputs the band-based aqygtude Y[w, .k] to the calcul ation
unit 31 for calculating signal characteYi’stics, noise-spectrumestinmation
unit 26 and to the initial filter response calculation unit 33. The

cal cul ation uni t 31 for. calculating signal characteristics

cal cul ates, fromthe value y-franme, 'k, outputted by the framng unit 1, and
the value Y[w, k], outputted by the band slitting wunit 4, the
frame-based noise level value MnRMS[ k], estimted noise |evel value

M nRMS[ k], maxi nrum RVS val ue MaxRVS[ k], nunber of zero-crossings Z(J k],
tone val ue - '
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tone[ k] and the nunber of proximte speech franes spch prox[k], and

provi des these values to the noise spectrumestimtion unit 26 and to the
adj 1, adj2 and adj 3 calculation unit 32. The CE value and adj1, adj2 and
adj 3 value calculation unit 32 calculates the values of adj[k], adj2[k] and
adj 3[w, k], based upon the RVS5[k], Mn [ k] and MaxRMS[ k], while
calculating the value CF[Kk] in the spee signal specifying the consonant
effect, based upon the values ZC[ k], tone [k], spch_ prox[k] and M nRVS[K],
and provides these values to the NR value and NR2 val ue cal cul ati on unit

36. The initial filter response calculation unit 33 provides the
time-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 33 finding out the val ue of
H[w k] corresponding to Y [w, k] and '

dB thesrel[k]
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N[w, k] stored in the filter suppression curve table unit 34 to transm t
: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
out put speech signals obtained by the noise reduction apparatus shown in
Figs.1l and 9 are provided to a signal grocessing circuit, such as a variety
of encoding circuits for a portable te é%hone set or to a speech
recognition apparatus. Alternatively, the noise suppression nay be
performed on a decoder output signal of the portable tel ephone set. The
effect of the noise reducing apparatus for speech signals according
to the present inventiqga's shown in Fig. 10, wherein the ordinate and the
absci ssa stand for the RNB el of signals of each frane and t-he frane
nunber of -each frane, regpectiv The frame is partitioned at an interval

of 20 nms. The crude, sp®d&zh si gnal d a si}rPINRgrE\lﬁlpondi ng to this speech

overlaid by the noike inla car, or a“spo-cal fed car noise, are represented

by curves A and B i Fgﬂb;o, respective It is seen that the RVMS | evel
of the curve A is hijgher-ft han or equal
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~to that of the curve B for all franme nunbers, that is that the signa
:rgenerally m xed with noise is higher in energy value. As for these curves C
and D, in an area al with the frame nunber of approximately 15, an area a2
with the frame nunber of approximately 60, an area a3 with the frame nunber
approxi matel y 34 from60 to 65, an grgea a4 with the franme -nunber
“approximately from 100 to 105, an "‘area a5 wth the frane nunber
of approximately 110, an area a6 with the frame nunber approximately from
150 to 160 and in an area a7 wth the frame nunber approxi mately
from175 to 180, the RVS I evel of the curve Cis higher than the RVS | evel
of the curve D. That is, the noise reducing anount is suppressed in
signals of the frame nunbers corresponding to the areas al to a7. Wth the

noi se reducing nethod for speech signals according to the enbodi nent shown
in Fig.2, the zero-crossings of the
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speech signals are detected after detection of the value tone k], which is
“a nunber specifying the anplitude distribution of the frequency- donai n _
signal. This, however, is not limtative of the present invention since the
val ue tone[ k] may be detected after detecting the zero-crossings or the

val ue tone[ k] -and the zero- crossings may be detected sinmultaneously.
REPLACEMENT SHEET 35 s claimed i §/91. A nethod for reducing the
noi se in an input speech si gnal for noise suppresion conprising the steps:
estimating the noise contaiped in the input speech signal; detecting
consonant portion con’alnedlntn, I nput speech signal; attenuating the

noi se in accordap

t hFRAMIN@Gsul t of the noise estipation; and reducing
the attenuat’i on anount of YNE noi ke wlen the consoﬁﬁﬁt : .
y-frame jk . WINDOWING | FFT -
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;portlonshar%ﬂdetected 2. The noi se reducing nethod as clainmed in claim
"1 further conprising the step of transform ng the input speech signal into
a frequency-donain signal, wherein said step of suppressing the noise
reduci ng anount in a controlled manner is-a step of variably controlling
filter characteristics as set on the basis of the input signal spectrum
obtained by the transformstep respons9y® to the result of consonant
detection produced in said consonant portion detection step. 3. The

noit se reduci ng nmethod as clainmed in claim1 wherein the step of detecting
t he consonant portion is a step of detecting consonants in the vicinity of
a speech signal portion detected in said input speech signal using at | east
one of changes in energy-in a short donmain of the input speech gignal, a

val ue i ndi ctTngxthe drpfributi o of [T equency COHpUHean mTthe i nput
speech si gnal anﬁg rﬁ;z upber of the zero-crossings in said inpyt speech
si gnal . 36 4.g_-l|: ‘Eeg npi se reduci ng met)TochaaEx cfkained in clailm 3 wherein
t he 0O onk: <. L
w oL b=
> 2 «@
w O D . i
» o0 oull
T 0 2k =29
O Zan<Z nb
W wmwd me | - b4
w e oz o<l -
0. 50 o=
w O am a0
4 +wZ e
< T axQ =2 =
12 O u© w® | <
G Wano 0O -
— ] ==t emt
£ aoOF O
owzZzT Zz¥
| b I - &
i | -
L

100
FRAME NUMBER

FIG.10

80

60

40

20

[ =]
[=]
(o]
o
| ad
gd
=
ocw
ot
Eﬁ 5 . : , Y
L LRSI ol




val ue indicating the distribution of frequency corrpon?gtas/d{n th%\/i-nput
speech sighal is obtained on the basis of the ratio of a "ﬁ‘h?'l. el of the
i nput . speech signal spectrumin a high range to a near{Ll‘e’Vb’l/fJ dAl
speech signal spectrumin a | ow range. 5. The noi seeduei'n
claimed in claim2 wherein said filter characteristic§
first value found on the basis of a ratio of the inpu
spectrum as obtai ned by said transformstep to.an est :
contained in said input signal spectrumand a second VaFge=—FotrRt—oRr—the
basi s of the maximum value of the rati® of the signal |evel of the I nput

a consonant effect factor specifying the result of consonant detection. 6.
An appar at us Whit it ethilaedgs:t he noi se in a speech signal conprising: a noise
reducing unit for reducing the noise in an input speech signal for noise
suppression so that the noise reducing anount will -be vari abl e dependi ng

upon a contrgl si g0ghethod for reducing the noise in an input speech signal for noise
suppresion comprising the steps:
estimating the noise contained in the input speech signal;
detecting éonsonant portion contained in the input speech signal;
attenuating the noise in accordance with the result of the noise
estimation; and |
reducing the attenuation amount of the noise when the consonant

portions are detected.

2. The noise reducing method as claimed in claim 1 further comprising
the step of transforming the input speech signal into a frequency-domain
signal, wherein said step of suppressing the noise reducing amount in a
controlled manner is a step of variably controlling filter characteristics as set
on the basis of the input signal spectrum obtained by the transform step
responsive to the result of consonant detection produced in said consonant
portion detection step.

3. The noise reducing method as claimed in claim 1 wherein the step of
detecting the consonant portion is a step of detecting consonants in the vicinity
of a speech signal portion detected in said input speech signal using at least
one of changes in energy ina shdrt domain of the input speech signal, a value
indicating the distribution of frequency components in the input speech signal

and the number of the zero-crossings in said input speech signal.

e
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nmeans for detecting a consonant. portion contained in the input speech
signal; and neans for suppressing the noise reducing amount in a controlled
manner responsive to the results of consonant detecti
portion detection step. 37 7. The noi se reducin
in claim6 further conprising neans for transform ngjthe i L%
signal into a frequency-donmain signal, wherein said qmg@ndﬁ i
detection neans detects consonants fromthe input si ar ned
by said transform neans. 8. The noi 3% reduci ng apparatus as clainmed in
claim 6 whefei NTheindigeNdddilc iHR AR Nea! A ARI1% 18OOiIMOL Ba {18 dhdrdeQh the
characteristics determ ning the noise reduci ng account dependi ng upon the

result of congenisdicaddpsttihendigtributhen mfi Seequansyi pemramsatatiosths cl ai med
inclaim8

nﬁHEEhlned

e

input speech signal is obtained on the basis of the ratio of a
mean level of the input speech signal spectrum in a high range

to a mean level of the input speech signal spectrum in a low

range.

5. The noise reducing method as claimed in claim 2 wherein said

filter characteristics are controlled by a first value found on'
the basis of # ratio of the input speech signal spectrum as
obtained by said transform step to. an estimated noise spectrum
contained in said input signal speétrum and a second value found
on the basis of the maximum value of the ratio of the signal
level of the input signal spectrum to the estimated noise level,

estimated noise spectrum and a consonant effect factor specifying
the result of consonant detection.

6. An apparatus for reducing the noise in a speech signal

comprising:

.a noise reducing unit for reducing the noise in an input
spegch.signal for noise suppression so that the noise reducing
amount will be variable depending upon a control signal;

means for detecting a consonant portion contained in the

input speech signal; and

means for suppressing the noise reducing amount in a

controlled manner responsive to the results of consonant

detection from said consonant portion detection step.
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wherein said filter characteristics are controlled by a first value found

on t.he basis of a ratio of the input speech signal spectrun1and an
estimated noi se spectrumcontained in said input sig

second val ue found on the basis of the maxi num val ue [pREPRACERENT SSIERTH
signal level of the input signal spectrumto the esti

t ed n0|se S qgi?n
the estimated noi se spectrum and a consonant effect fa®ebr..sped gg

result of consonant detection. 10. The noi se reducing éﬁﬁaF&Fﬁs~as=€Falned
in claim8 wherein the consonant port8®sn detecting means detects consonants

in the vicimityrd naiwez@ahc@i\ﬁr@&pammoxs dbgpb&td R182h0s | U hesPeECh
signal using at |east one of changes in energy in a short domain of the

i nput speeciempr gniis maanal i itmdnedermigiet hbedinnyti mpeiech sigrnaledunency
conponents in_the |n u ech S al and the nunber of the zer crOSS|ngs
in said |nputf§ﬁE 9 &%Wé% %%P %erexn gb consonant poé%

detection means detects consonants from the input signal spectrum

obtained by sajid transform means.

8. The noise reducihg apparatus as claimed in claim 6 wherein

said control means variably controls the filter characteristics

determining the noise reducing account depending upon the result

of consonant detection.

g. The noise reducing apparatus as claimed in claim 8

wherein said filter characteristics are controlled by a first
value found on the basis of a ratio of the iﬁput sﬁeech signal
spectrum and an estimated noise spectrum contained in said input
signal spectrum and a second value found on the basis of the
meximum value of the ratio of the signal level of the input

signal spectrum to the estimated noise spectrum, the estimated

noise spectrum and a consonant effect factor specifying the
result of consonant detection.

10. The noise reducing apparatus as claimed in claim 8

wherein the consonant portion detecting means detects conspnants
in the vicinity of a speech signal portion detected in said input

speech signal using at least one of changes in energy in a short

domain of the input speech signal, & value indicating the

distribution of frequency components  in the input speech signal

and the number of the zero-crossings in said input speech signal.
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11. The noise reducing apparatus as clainmed in claim10 mhereln t he val ue

indicating the distribution of frequency conponents
signal is obtained on the basis of a nmean | evel of
spectrumin a high range and a nean | evel of the
spectrumin a | ow range.
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11. The noise reducing apparatus as claimed in claim 10
wherein the vaiue indicating the distribution of frequency
components in the input speech signal is obtained on the basis
of a medn level of the input speech signal spectrum in a high

range and a mean level of the input speéech signal spectrum in a

low range.
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