NO SE RE I%nginiifai? l;steaﬁr faE}%f?. Sincehin_prﬁctice_much
DUCT roadband noi se .when.added to .8 speec i gnal_ can i npair
the quality dTPIRERsiharocPEaste THE cSITITISE 4Rd TREr PRSP oRé:
fatigue. 5 Sinmisen theqras encf swdseh deluddonids yidalr #nsthet wdrid the
presence of ¢ Egi@éomgnt& '%%%E'oﬁg‘,okﬂnkg'cﬁﬁsr GldP"mbidnY dtdledtd dhesyorl d

of tel ecommunications, and has gal ne attention 1n recent years.
Various cl asRe&F5it nieaesr educti on al gorit hm have been devel oped, incl uding

goi sgailﬁgpr essi &noﬁﬁ@dé A as=Wd okopoifsite' &%ahe%onaaﬂfgogﬁéah htbaéleﬂeen
ppr S. noi,se .suppressi gn techni ques i nc spectral an
Aoy ARSI | FPSA e S UBPEes FAPRoL bl TESPLBE, | scamber y

cepstral sub
successiol t&dinigpind,or arluciodeinoilesdd SPEecdachenal s. Kidwn opedbs es

(see 15 for | e, Bol] " ressi on of ;Acoust.i ise i S i ng
Spectral  SuBlPERERsor ) {ashiEs ' SHolatONRbLt ] Chdd) BREEC 4T
Processi ng, Yubtrae3p-arj, awsd Wengy ifilloF@ingp. 113) by converting a

time domain  (Waspfe¥tPal GESEIEA N8 4 NG SPeEaRBEE2 EUdhdGue
frequency
for reducing noise in speech signals. This operates (see
15 for example, Boll "Suppression of Acoustic Noise in Speech
using Spectral Subtraction", IEEE Trans. or Acoustics,
Speech and Signal Processing, Vol. ASSP-27, No. 2, April
1979, ©p.113) by converting a time domain (waveform)
representation of the speech signal into the frequency
20 domain, for example by taking the Fourier transform of
segments of speech to obtain a set of signals representing
the short term power spectrum of the speech. An estimate
is generated (during speech-free periods) of the noise

power spectrum and these values are subtracted from the
25 speech power spectrum signals; the inverse Fourier

transform is then used to reconstruct the time-domain

signal from the noise-reduced power spectrum and the
unmodified phase spectrum.

A related technique is that of spectral scaling,

30 described by Eger "A Nonlinear Processing Technique for

Speech Enhancement" Proc. ICASSP 1983 (IEEE) pp 18aA.1.1-

18.A.1.4; again the signals are transformed into frequency

domain signals which are then multiplied by a nonlinear

transfer characteristic so as preferentially to attenuate
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the 25 speec power ectrum si I nverse Fourier
i s then used %‘Uiir‘éb%iﬁstrﬁ' ist ﬁérprrréndmsfe squﬁma##@m teBdfot9eafdgsted

power spectr wrand é?ecﬂaapdrégednehese tmecadﬁgut A d1ed af £dpbeebii-aae ass
t hat of spectral Sgﬁ-l escrl bed b " A Nonli nea Pgi‘%es& E‘g

Téchni que foff sf'ﬁ?é’ PrEESy pucy.
18. A 1. 4; aga.ldwmhem goeesalle éztafgy on-.lmdx | the fomigyicmal/ dmime) skthhal s

thieh are, ananld) Bl Nedef U) oSN USLELAEIRLAEL L 1SLLE 50,20

preferential 'y to

prior _tosmulweres@feqtarmwxﬁatnrortth@evagpnﬁnsnegtrahi scaddéngique, are
describgg in Several methods have been employed in an attempt to
minimise the musical noise. Magnitude averaging can be

used to reduce these artifacts, although this can result in
temporal smearing, due to the non-stationarity of the
speech. Another method consists of subtracting an

20 overestimate of the noise spectrum, and preventing the
output spectrum from going below a pre-set minimum level.
This technique can be very effective, but can lead to
greater distortion to the speech.

According to the present invention there is provided

25 a noise reduction apparatus comprising:

- conversion means for converting a time-varying
input signal into signals representing the magnitudes of
spectral components of the input signals;

- processing means operable to effect a reduction in

30 the magnitude of low-magnitude ones of the said spectral
component signals relative to that of higher magnitude ones
of the said spectral component signals; and

- reconversion means to convert the said spectral
component signals into a time-varying signal;

35 characterised by means to identify formant regions of
the speech spectrum; and
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non- statlonariuugl&rtal&ednonsen the Q$t|§mﬁeﬂa@@iﬁg aaecédwnawdotorthe
spectr al subtr& kon will he dl?ferent on1th€ ac;gﬁ ﬁ gpectrum
during speech®BBFFviBF™ ROtRies RA%SK %3?9ﬁﬁ%ﬂa P ?oﬁ P§ dSoF8 HPER
snmal | spectraspeegrumsodfthhesqu&mwm,phnnjnanqmarceNabdyaspebohtsdqmaﬂmon
random tgnhes cal o] | 1. cen

t han théﬂgrlglnaFﬁ%og§§h %ﬁ ggﬁég'cmggﬁﬁlestenda $¥ﬁ%llﬂg ¥g£§r9 ét%%gy
listen to. exanplear 16f kHst agecresceivedhattar bipepebt rﬁhesgnleeng 1s

Several net h@égﬂéﬁ@eée?ﬁ)em%Sy?@%'&éﬁg%bfﬁ&t H&Hnﬂhguﬁiﬁao@ oENG 1ms

nmusi cal noi se Magni t ude averaging can uséd to reduce these artifacts,
al t hough t hi Swadtieaupnd 4 Péﬁﬁoﬁaﬁe§ﬁ§%QQﬁ;fQﬁmﬁaQQ)5?%%ent a set of
non-stati onarfdyri@t cbbEfispenaeb. usin@y04 hahsERlkelted sttt stiméf Fourier
subtractlng qﬂﬁ$vg%est|nate of the noise spectrum and preventing the

out put dfect r 0|ng bel ow a pre-set 20 m ni num | evel . Thi s

techni que can be \Ef \a efdgeritvef spaecharfsl(¢dd Ls goeatuptedi byoaddbhive t he

speech. Accorflyng t Qul(R§ 0T efR8h IWRCNELRRubREHE LBgREPY AP P NRa%E be
written as
y(t) = s(t) + n(t).

20 It can be shown that the short term power spectrum of
the corrupted signal, P,(m), can likewise be written as the
sum of the noise and speech power spectra, viz.

P, (@) = P(w) + P (@)
If an estimate of the noise power spectrum , P ,(w), can be

25 obtained, then an approximation §s(m) to the speech power
spectrum can be obtained from

P(0) = P (0) - B (u).
The short term power spectrum Iy(m) is obtained by
squaring (4) the Fourier coefficients from the unit 3.

30 The noise spectrum cannot be calculated precisely, but
can be estimated during periods when no speech is present
in the input signal. This condition is recognised by a

voice activity detector 5 to produce a control signal C
which permits the updating of a store 6 with Eu(w) when
35 speech is absent from the current segment. This spectrum
is smoothed, for example by firstly making each frequency
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5 averaging nine adjacent samples.
conver si on_neans for

reducti on apparatuS. conprising: .- onverting a
ti me-varying input Tgi"ﬁna?m%tgﬁ‘?o ROYHTal §PRESFET PR g tt%ﬂé‘ n&&ni ‘19%%‘3,5 W
spectral conpop@ate af spbetrapuessigaskespf- theonedsengwhdahs comsiaitdse dib

apply to the sai ral. c o] t signal S al ti or
spectr al scal$nggﬁ§§§%§%;%n30%%p q"(?"—%r czgen‘\giegr%?onggr%%%s ?%Hg%%g%rtggﬁe $hi d
spectral conmwepertignabf the sroqtihrd \shoFthdeimymaver spestappuod dhe
further 190 TPId 3 A a8 A deiphy tHY Tdis & egbwds SpetbeumPgealually
spectrum and REPLACENVENT SHEET -3- - neans, connected after said
processi ng mARRtHpECanFRARGLR! £8ctE R ARENA! tTPRARTHH OF tHRReDPLEGuency
conponent s whitiils | gy Obé Skeeeté adedt(dyex B or (@i (180).0MJw)Sone  (3)
enbodi ment s (%;hetz.hee ﬁnr}\foe)ntilsor:l:hvg ldp&aotvgéjengfssgrégggtrgf estimate, fow(u)
is the old noise spectral estimate, ﬁyUo) is the smoothed
15 noise spectrum form the present frame, and A is a decay

factor (e.g. a value of A=0.85). The contents of the store

6 thus represent the current estimate 13"(@) of the short

term noise power spectrum.
This estimate is subtracted £from the noisy speech

20 power spectrum in a subtractor 7. The harshness of the

subtraction can be varied by applying a scaling factor «
(in a multiplier 8) so that

P, (@) = P (0) - & B (0).

The scaling factor & would have a value of about 2.3

25 for standard spectral subtraction, with a signal to noise

ratio of 10 dB. A higher value would be used for lower

signal to noise ratios. Any resulting negative terms are

set to zero, since a fregquency component cannot have a

negative power; alternatively a non zero minimum power

30 level may be defined, for example defining P,(w) as the
maximum of P (0)-e. P,(0) and B.P, (0) where B determines the
minimum power level or ‘spectral floor'. A non zero value
of P may reduce the effect of musical noise by retaining a
small amount of the original noise signal.

35 After subtraction, the square root of the power terms

is taken by a unit 9 to provide corresponding Fourier
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5 way of @xanffg S¥IH 3RF chBedt Yifte LR cbAPRAPVAGSI A RCORFEFRABER
met hod of speeutphats elitgread iat amvealtgrss ¥& il lustrated in Figure 1,
subtracting an esti f . e | Se tr f

Short term poner spRcPrineay Ahacasbelrif AL aEARioRERE TGRSR
in the form ofubbraicgica twehpismetenpleypdihy rheeapbardsuse afiguue
kHz are recei yegagt 3 'dﬂ&d?antaw SPLECHNE SoBBPTBN! eRoigh 1y HPisy

over | appi ng Hanni ng w ndows of 51ns duration and a unit 3 dgenerates for
each segh®nt Bh2Bt BReFoLRPRE CHEIRILi erfQNERI Y MEFLerbt NQHIP1 -t i NE'e

Fourier transh@joritd of inflormata®ienin &f S&eREHL{ 6t hbike-Faielel Rirrek dly

ddi ti i t . then the, ted si I b itt
Jt) = S(tyfe St sk Lt BRI BHR' (G R ShPE 1A RTBhndr oG
of the corrupbanidsj ghkabwnPhsr Epfhants), Tanthekeasseolfie speiecthecoasupttedum

f 20 th [ t [.Z« (=
o 2011 1055 SR SPRRAD ONCHaRPEC i K sh P Ebontng e
spect ruhS [ ergRg¢eral )subkragtlont s nequallivehikehy apprdii freAygncies.

[err]([err]) 1t o £dlaowdeqnat PEUBI SPLRAREM £édi &fs ORI Rafe T EeBQuency
spectrum will have a local signal-to-noise'ratio (s.n.x.)
which is higher than the mean s.n.r. for the signal as a
whole.

20 Within the formant regions themselves, the musical
noise is largely masked out by the speech itself. Figure
2 illustrates a first embodiment of the present invention
which aims to =reduce the audible musical noise by
attenuating the signal in the regions of the frequency

25 spectrum lying between the formant regions. Attenuation of
the regions between the formants has little effect on the
perceived quality of the speech itself, so that this
approach is able to effect a substantial reduction in the
musical noise without significantly distorting the speech.

30 This attenuation is performed by a unit 20, which
multiplies the Fourier coefficients by respective terms of
a frequency response H(w) (those parts of the apparatus of
Figure 2 having the same reference numerals as in Figure 1
being as already described).

35 The response H(w) is derived from the L.P.C. (Linear
Predictive Coding) spectrum L(w) which is obtained by means
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coefficients LrerCt hespedtrin Isebelowe pehiteshoranvaluee T.al cThasecthe

precisely, but e te ur ds e S S
t he i nput 30 ?ggﬁ“?% ﬁtdfﬂa sdcond}'&g Pl(a?ell{"(;'2 %‘yewc%%n{&geﬁymg) V%Tr'&f;e%'n:’t
activity det ecbbaiBefiobyr aducnlineantprdceiginy Grithith qraanding o the

updating; pf a.gigre 6 with Plerr]([err]) when speech is absent fromthe
current segnent This spectrumis snoothed, for exanple by firstly

neki ng each frequengy t{w) > v then "~ "H(w)y =1"""""""""- -4- sanpl e of
Plerr]([err]) the average of several surroundi ng frequency sanples, giving

Plerr] ([err]), the snoothed short term power spectrum of the current
frame. Wth a frame |length of 512 sanples, the snoothing nmay for exanple
be perforned by 5 aver agi ng ni ne adj acent sanpigs) Thi s snoot hed power
spectrum may then-befus¢d)to ¢t then Hw) = [—]°

Preferably the threshold value t is a constant for all

15 frequencies and for all speech segments; therefore in a

strongly voiced segment of speech, only small portions of

the spectrum will be attenuated, whereas in quiet segments

most or all of the spectrum may be attenuated. A typical

value of about 0. 1% of the peak amplitude of the speech is

20 found to work well. A lower value of t will produce a more

harsh filtefing operation. Thus the value could be

increased for higher signal to noise ratios, and lowered

for lower signal to noise ratios. The power term o is used

to vary the harshness of the attenuation; a larger value of

25 o will make the attenuation more harsh. Values of ¢ from

2 to 4 have been found to work well in practice. Figure 3

is a graph showing the values of H(w) for a typical L.PE.C.
spectrum L(w).

As 1is well known, the L.P.C. analysis is very

30 sensitive to the presence of noise in the speech signal

being analysed. However, the estimation of L.P.C.

parameters in the presence of noise is improved by using
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noi se spectr ahe Bt nﬁésuﬂ:sr %b&[ ehe] duk$15Rey0lsbiUrsl SRAMAA LIRS | mat e,
[err] ([err]) i s .t he ;snoot hed noi se spectrumformthe present fr%npse
Sice of

and [err® i s & fFiEnass 4(@"& 53 - vallde V@t Yee O] 205 §5F. Deere £o
the store 6 tWowk resl BSeta tdiagmalr rzﬁltseeafatﬁ&t &f a0 BE)er thusohint Fe galrer t
tragted fron1;me n0|u¥ed

Spech 20 btk F BRRATLAIT P E R Factet T CRARERE AT Of PR

subtracti on dan feed athedlLPy apptyrwg esstahtmgnf adtor [err] (in a
mul tiplier 8) sot ttﬁu%rfkﬁﬁéaﬁl;é ﬁ.n[e”s](ngai%Lg %&r%geéﬁéibtl g

scaling factor [err]| would e a va ue of abo
spect r al Ssubted@ms.orendi 8aes p§naffestndihae phase speabrum. ¢, (@) hi GhEFE

val ue woul d e tesRadi¥n | D¥'ehot strictly a filtering operation; though
it would in principle be possible to apply filtering by
H(w) after the inverse Fourier transformation in 10.
Alternatively it is also possible to apply the attenuation

20 before the square root (9).

It is noted in passing that the estimation of L.P.C.
parameters is not as critical in this context as in coding
or recognition applications, since a small error in the
bandwidth or frequency of a pole of the filter will affect

25 the filtering only slightly; consequently L.P.C. algorithms
generally considered unsuitable for noisy situations may
nevertheless be of use here.

However, there are a number of further steps that can
be taken to improve the accuracy of the L.P.C. estimation,

30 as will now be described with reference to Figure 4. When
. a segment of speech containing uncorrelated noise is
analysed, the contribution of the speech component (as
opposed to the noise component) to the results is enhanced

by a factor dependent on the segment 1length. Theory

35 predicts that when the speech is entirely stationary (i.e.
P, (w) is not changing with time) the degree of enhancement
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caorrespondin FﬁH[' r i nponent nd the 4| I n,sigga
segnent s recg:'ne rué:tfee&eﬁlf :a”n %%ggrsggaFoﬁ‘Ei (glra%crrgnsfo?m%drﬁ[?h%mpgr%t gse
al ong with phesd taxmpobbat sthgiohatisyr |9f dihecihputr speerh RARYamE tagd(via
a line 11). Phewiduloves sneasih&RaRitonde 22" faRY ihiPPCS | fodguNiid2 to
provi de the reconstructed output, signal at_an output 13._ As already
di scussed i nCORReGHISRAICct POR, tifdu§idated) a control signal ° CSL

15 indicating the segment length that is to be used. Tests

have indicated that a typical range of segment length
variation is from 38 to 205 ms. ]

The mode of operation of the detector 23 might be as
follows:

20 (1) The LP spectrum of the central 25 ms of the

present frame of noisy speech is calculated.

(ii) LP spectra of neighbouring 25 ms portions are
also calculated, and spectral distances between the central
LP spectrum and the neighbouring LP spectra are calculated.

25 (iii) Any neighbouring 25 ms portions judged
sufficiently similar to the present portion are included in
the ‘statiocnary section’. A maximum of four 25 ms segments

forward and back from the present portion are used. Thus
stationary sections might range in length from 25 ms to 225

30 mS, and will not necessarily be centred around the present
windowed frame.

(iv) Spectral subtraction is then performed on the
stationary section as a whole, and the LP spectral estimate
is calculated.

35 Additionally, it is found that L.P.C parameters
derived from spectrally subtracted speech tend to move the
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di sadvant age dampihge thiet paraneteEmh girissr nbo syalBulathen ofhéhei IpE. C.
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segnent of nolSe-free speech is contained wthin oné or nore high energy
frequency banBbgukeonpzoceedsa®ys. I n the case of speech corrupted by
white additive n0t§f1 L B8 riWS ngle nRO! ke £ S04 ShEY éftfi 5i $pertbel an
subtraction is equally likely at all freggen0|es. It follows that the

f or mant 4%gi ons of the frequency &pBcfrubiditer Rf/OTdSTH&al signal -t o- noi se

ratio (s.n.r.) whitd)i sphinghag thetddFEriticdnts udind ehet beafs §o2hadson
whol e. 20 Wthin the_f,ormant regions thenselves, the nusical noise

is largely nasked out by th%isﬁééﬁhoitself. Figure 2 illustrates a first
enbodi nent of the present iwhenéi enishaclcomisimnto Testhucthameunitlyble. g.

musi cal noi sg )a}ttenuati ng the signal in the regions of the frequency 25
spectrum | ying between the formant regions. Attenuation of the regions

bet weenlfhe for nelitist haGompeting efthect fdd tee Fesponpsed &iaNit from tkae
speech itself, so that tddmped coefficients a, .

Figure 6 shows graphically a comparison of the results
obtained.

The first plot shows a short term spectrum of the

20 corrupted vowel sound ‘o’ from the word ’'hogs’ after
enhancement by spectral subtraction. The second plot shows
the same frame of corrupted ' speech after spectral
subtraction followed by the post processing algorithm. The
peaks marked # in the first plot have been removed by the

25 spectral weighting function in the second plot. It can be
shown that these peaks are uncorrelated with the §peech,
and are the cause of the musical noise. Secondly, the
attenuation of the lower amplitude formants is greater in
the first plot, due to higher value of «,leading to more

30 distorted speech.

A further embodiment of the invention employs spectral
scaling rather than spectral subtraction. Figure 7 shows
the basic principle of this, where the transformed
coefficients are subjected to processing (in unit 30) by a

35 nonlinear transfer characteristic which progressively
attenuates lower intensity spectral components (assumed to
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Thus t he
15 . spectrum estimation is now obtained from the nonlinear

processing stage 30. Analogously to the case of the
apparatus of Figure 4 or 5, this input may be obtained from
an auxiliary spectral scaling arrangement having a
different value of a« and/or a different, or adaptively

20 variable segment length.
It should be noted that the preprocessing for the
L.B.C. spectrum estimation and the main spectral
subtraction or scaling do not necessarily have to be of the
same type; thus, if desired, the apparatus of Figure 5
25 could utilise spectral scaling to feed the L.P.C. analysis
unit 21, or the apparatus of Figure 8 could employ sPectral

subtraction.



= LOLVeLslilll eadlls LOL CUIUVELLLIYy a Lidie~valyllly

response H([etnphti signadnlimbar signalsorepires@nadng thel msgobtudesd df a

o] "Tera ! ppgRet ety BonpBhetteOLd, el bl WMananhies 11 HIFLY),
[err] Preferably thePFRFESEEING FRAGRS [oaerqablse e onsfert #oreéppgen in
frequenci es agwle f abgak budeeash Wmtudé henekolsE ithe Shiangbkceeiaged
segnent of speech, o

t b t.t t ed,
wher eas i n qmpe%aatrﬁgm&p‘” Ao te (PR AR BETA AT AR A
typi cal val ueobfthdosai. spécotral heoppakeatpbignddsef anlde speech is 20
found tggqmork well, &&8&’§§£—s¥8§ﬁﬁegﬁs[EErLo%thpEﬂguggﬁ SRt hsh
| NCT eas or "hi gher

filtering operatlon
signal to noicampenert, sigualowente 2crirenearviggabigoahei se ratios. The
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15 outside the formant regions.

2, A noise reduction apparatus according to Claim 1 in
which the conversion means is operable to perform a
discrete Fourier transform on segments of the input signal.

3. A noise reduction apparatus according to Claim 1 or 2
20 including means for recognising periods during which speech
is absent from the input signal and to store signals
representing the power spectrum of the input signal during
such periods to represent an éstimated noise spectrum of
the input signal and the processing means is operable to
25 subtract, from signals representing the power spectrum of
the input signal, the signals representing an estimated

noise spectrum of the input signal.

4. A noise reduction apparatus according to Claim 1 or 2
in which the processing means is operable to apply to the
30 said magnitude signals a nonlinear transfer characteristic
such as to attenuate low magnitude spectral component

signals relative to high magnitude ones.
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Lod e - yd-vuu\-w &&v‘uG§‘Uz Nt S yvcbnv B‘-”‘.a-ﬁg haawa A d

As is well 2kEBRMaticme meamsc isy,QpeLable s tqemMuldiprlEenh’ i ROYRE t he
presence of ngpeetiramt bE Theeelgnagnady R FrafipdycSpidrespotibeeytynal § he
estimation of L.P.C. paraneters in the presence of noise is inproved by
usi ng -7- spectral subtraction prior to the L. P.C. analysis, and for
this reason the esdi mise Zleducﬁicgurepﬁatakes acdamdiinguto t Béadmt Juti rof

o ht g iy lcn\/{,ﬁ] f)\rﬁ?r” vﬁje%%eI%c‘jac%ﬂnsgvi?%(}%ééggﬁ%earused

wei ghting function
([err] in Fi gﬁﬁ%%lqthﬁa éyalmlsameensf te proguce AMmdd SREGHTWe ratio of

10dB has been found to work well. It has been found that a higher value of
resul ts fo he auxiliary spectral_  subtrac

[err] giyves getter t on 1

([err] i*? Fi dures % BRSS) re‘{‘ft\}zﬂ%éaﬁﬁaﬁa%u?la§°58§ g, hP ¢ 2V\é‘|n| at

a signal noi swhirel i i hitadd) ; tHohus dentEifgur €oémamtepaeationsul ﬁ.nplluales81

and subtract Q’hxsetsﬁl'ﬂ?lgi]ng %eeaﬁg%qxch that the frequency response signals
are unity wherever the LP spectrum is above a threshold

value and otherwise are a function of the LP spectrum.

15 8. A noise reduction apparatus according to Claim 5, 6 or
7 in which the means to identify formant regions is

responsive to the output of the processing means.

9. A noise reduction apparatus according to Claim 5, 6 or
7 in which the means to identify the formant regions is
20 responsive to the spectral signals following processing by
auxiliary processing means operable to effect a reduction
in the magnitude of low-magnitude ones of the said spectral
component signals relative to that of higher magnitude ones

of the said spectral component signals.

25 10. A noise reduction apparatus according to Claim 5, 6 or
7 including auxiliary conversion means for converting the
time-varying input signal into signals representing the
magnitudes of spectral components of the input signals and
auxiliary processing means operable to effect a reduction

30 in the magnitude of low-magnitude ones of the said spectral
component signals relative to that of higher magnitude ones
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to feed the LJPE sp%c??ﬁﬁ?egﬁiﬁﬁfi‘fﬁ 3pPaxatyg, arcé:ggg&sng |Fr(‘t ecr""rﬁj)m ils0 a&;ﬂ I ed
to the arfpli twhibcii5thet eongerandndmeansoisabpecrablketphpsrodupecspenstral

, , ; . g i . o
though 1 1 i1 SR Crekt MHERAEP 1o Whoir e Sickedoiiig FLAd WRuielppoTons
after the inwf seheolprPrE Fignatopnd: ithe iapxidiawyY FoRYFTRI 9| PepBS 3R &0

possible to apraBle @bt PrEddew 2hectRalordohitnémtiasegnade (Mx bhchs
noted in passi n est1 nat | araneters 1§

%tha,t the{\:, o% of L.P.C..p tgs .
critical in CRCEFHE: A28 nPeEHPRAg Fr FREBGH t | BAPLPpPEHIHBhsP2EE REe a
smal | edpor iduddts dyvendiid fiférng f feometity 9did pbkedotimeeperiipds. w | |

af fect 25 the filtering only slightly; consequently L. P. C. algorithns
general ly considered unsuitable for noisy situations nmay neverthel ess be of
use here. How@ver A t heisearreducitidrer appamatiuser ascepdingatteaflpdm akén to

i nprove the aqediADhP! mbARsL: Fo.C nBak k&R, tRE s@tivﬁﬂérir\g%’ B¢ the

described with referénce tqQ Figure_4. \Wen a segment of . spee cont ai ni ng
uncorr el at ediABMEeSPeeSR P83l BRE EBNEPRBEPLORRBfARRAtigReCh ERPIRRAL

(as periods employed by the auxiliary conversion means.

15 13. Noise reduction apparatus substantially as herein
described with reference to figures 2 to 6 and 8 of the
accompanying drawings.
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scalin%, fi%yre 7) f??l noisﬁ reduction is follqwed by
opposed to the nol s’ conpbnent) "to the results s enhanced by a factor
dependentS on atkenwapion |(@&Wt hof Thager-Formantedregionfatidanti fird spdech

is entirely %qu{éé)f'aﬁfeéic'@ivg[ﬂﬁélﬂfé_rkil?.s not changing with tine) the
degree of enhancenent -8- is proportional to the square root of the

segnent | ength. Consequently it is preferable to use, for the spectral
subtraction preceding the L. P. C analysis, a |onger segnent |ength when
the speech is stationary. Thus the apparatus 5 of Figure 5 includes an
auxi liary spectral subtraction arrangenment conprising units 2' to 8 which
are identical(Fig.uriXs 2 to 8 in all respects except for the segnent

| engt h. The L.P.C. estimator 21 now takes its input fromthe auxiliary
subtractor 7'. 10 The speech is divided into stationary sections and
the segnent |ength adjusted to nmatch. A further unit 23 nonitors the

stationarity of the input speech signal and
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provi des to the w ndow n un|t 2' (anﬂfi
illustrated) a control—Zsignal CSL
that is to be used. Test} have indicatp ddeggA§F1

de  of

l ength variation is from@Bto 205 ns. The

detector 23 m ght be as fotlows: 20 (|)

central 25 ns of the prégent franme of nof sy speech
spectra of nei ghbouring 25 ns portions are awso ca
di stances between the central LP spé&etrum afd the

5
Y

are cal cul ated. 25 (iii) Any i gitbeurin
judged sufficiently simlar to the presept RoFi on

‘stationary section'. A maxinum of four 25 TMs“Se

a)

8', via connections not
ing the segnent |ength
ypi cal range of segnent
operation of the

The LP spectrum of the

is calculated. (ii) LP
cul ated, and spectral
ei ghbouring LP spectra
25 ms portions
are included in the

bnts forward and back

fromthe present portion are used. Thus statipnary sections mght range in
length from25 ns to 225 30 ms, and w || ret—necessarily be centred
around the present wi ndowed frame. (iv) Spggtral su§§ra:tion is then
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stationary section as a whol e gn?j(t-ﬁe LP sgectral estimate is cal cul at ed.
35 Addifionally, i —f-ound t ha \L. P.C paraneters jderived
from spect ~subtract ed spe Cferyj t o . D of the
respons ‘ ared \ tlhe t+te pesitd ons_t hat t@‘hed by

anal ysi gg-'y §§T-F-:;:;ler-ss-m of ~shgf speedH) *f¥Heynit i rcle
(i.e. thei Gﬁﬁ‘o&te—m—\m’ap (&S When—L:PP. C pa]“rafn rs aqrq galcuigit ed
directly 5—fromaoi éy speech\; - This ef-fect can be—nmi-tilgated by danping
t he paranet ers3pr| of to calculatior,b6f)the LLP.C. ispectrumL([err]). Thus
the L.P.C estlrratlgn—élhkt—Ll—t-n—El_g.uLe_S_prcee.ds‘ by: (i) deriving the
coefficients aferr] (1 [err] i [err] p) of—an-1Q »

L.P.C filter of order p. (ii) Danping thé‘%‘d)‘é’ﬁfu:mnts usi ng the
transformation aferr] = aferr]

21
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V\/nerealsh br\statﬂ’esgthan‘umt.y Lg——-e—— (iii)
Conputing the Bflt res:)onse L([Burr‘] fr'?omt e danped coefficients
aferr]'. Figure 6 s LW aplll catty—aTtonpari son_of the results obtained.
The first plot shows a shprt t;ermspectrum of the 20 corrupted vowel
sound 'o' fromthe word hogsé' after enhancenment byggpectral subtraction.
The second plot shows the{ sanme frame of corrupteg speech after
spectral subtraction follpwed by the post processinglalgesithm The peaks
marked # in the first plof haje been renoved by th@nlﬂsjj:_,spectral wei ghti ng
function in the second pl pt ' t can be showngt hat_ T hRee® peaks are
uncorrelated with the spegc are the calse of the si cal noi se.
Secondly, the attenuatiop of it he* | Swer alﬁpl i tude ﬁpqrmapzk is greater in
the first plot, due to hifghef vz va gg/of [ '%“F"éétd gpp@triw [nore 30 distorted
speech. A furt her embodi rrent \venq enp| B¥s smbect ral scaling
rat her than spectral subtract Fi gure F—shows
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the basic principle of this, where the transfornmed coefficients are
subjected to processing (in unit 30) by a 35 nonl i near transfer
characteristic which progressively attenuates |lower intensity spectral
conmponents (assumed to - 10 - consist mainly of noise) but passes higher
intensity spectral conponents relatively unattenuated. As desgribed by
Minday (U.S. patent No. 5,133,013) different transfer Qharact%rlstlcs may
be used for different frequency 5 conmponent s, ;@d/oﬂ | eveld aut omati ¢

gain control or other arrangenments may by pro. Jed f or scallqg t he
nonl i near characteristic according to signal* de Specta al
attenuation as envi saged by the present |nvent|t be enplédyed in this
case al so, as shown in 10 Figure 8 where tyg 20 s inserted
between the nonlinear processing 30 and_ihe—t -rse F—T unlg ;0 As in the
case of Figure 4, the response H([err]) +&wprovided by{an E.g
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L.P.C. estimation unit 21 and no&l i near unit ,22, which function as
descri bed above, save that the i [9ut to t he spectf@m estimation i s now

obt ai ned from tAa_no ar processing
of the apparzt s of |gufe 4 -pnlg,nea}'m S lnput may peZopt ai ned from an

auxiliary spgctWan; scBFT hg_af [ angenept hhlnverse dif f2r val ue of [err]
and/or a differdotw br abapt el/;;/1 20 vaFF3bl e s_e]gnﬁn gt It shoul d
be noted that the prleprogkss the[lL. P. C! spec ru%a estimation and
the main spettral 48Ubtrpaction or scal I Wg—d(‘)—rﬁt necessarily have to be of
the sane type; thus, if desited, the apparatus of Figure 5 25 coul d
utilise spectral scaling ~P. C. analysis unit 21, or the
apparatus of Figure 8 could enploy spectral subtraction. CLAI M5 1. A
noi se reduction apparatus conpri sing:

ogously to the case

Figure 8
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5 Due to non-stationarity in the noise, the estimated noise

- conversion ans for.converti S Vatyings 4 J € ek n [ | s
5 representspﬁggf‘ﬁ'g WEThi °Ed§§g8?9%%e%%ac%3%oﬁé%?gégof&i he ier?lgutkgg?ggg?s;
- processi ggtiRBnNhciger ayertiramaphiningo speecni despadyral Fodgorrrnosi mal s

a spectral suybtraction or spectral scalin [ 0CLSS, - [Eeco |.on to
convert th8°38FdSSHEBRFLP™ ¢ %%%e{\? E?gﬁﬁ sg‘f‘ f gp??trr%a?lva&/ J?log'g'isgiCéil';rlnzi?f;}é10
the appar abuspht!| t heid CosPercagvedans t shofiendukytiat mranhdoagitoesof ohe

speech spectrum _and neans, connected after said processi ng nean opey abl e
to ef felt mupifel @edERuati BRiLIt tHoSR APEGTedly V&Yﬁgiﬁerﬁ‘%W c'f‘sp"‘frf et{:le

outsi de t h%rﬁ.g?.ﬂéifﬁggsé OBt mh8PfMSnoilse Zends té HOiwery GdiiGtia@liing to
apparat us according to Jaim1 in which the conversion neans is operable to
perform a distent &orour Persimidast wifient seemnt sinf thRe Gafsut °Li §REFErad

3. A ng'cggiﬁgduct i on apparatus according to aim1 or 2 including
means for recognrsing periods during which speech is absent fromthe input
signal and to sSeveeali gethsis gmvesdeenngmpheyedwit afpaitamRtoto RENERpEE

R R i b e L e
subtracti okhpesecaggifacud chltliough this can result in temporal smearing,
due to the non-stationarity of the speech. Another method
consists of subtracting an overestimate of the noise spectrum,
and preventing the output spectrum from going below a pre-set
20 minimum level. This technique can be very effective, but can
lead t'o greater distortion to the speech.

According to the present invention there is provided a noise
reduction apparatus comprising:

- conversion means for converting a time-varying input signal

25 into signals representing the magnitudes of spectral components
of the input signals; '

- processing means operable to apply to the said spectral
component signals a spectral subtraction or spectral scaling
process;

30 - reconversion means to convert the said spectral component
signals into a time-varying sigmal;

- the apparatus further comprising wmeans to identify formant

regions of the speech spectrum; and qy‘( /‘Tﬁ’



5 way of example, with reference to the accompanying drawings.
25 subtracts, fromsignals representi ng t he power sgectrum of the input
SPF &

signal, the siTml S0y efekbPRg R cSPEFRETY MWPSEACHERR r HFEFILYSR | ASut

signal. 4.571yustRaR8hSan SSLlAlied N APBALEASE ALE O&rli BStiMatd abM thel shdrt
whi ch the processing nmeans 1s operable to performa spectral scaling

pr olcess i reesw gtpiise 3EPwepplspestremt FEOBafbhe sBRe¥ Y aFe X RRANRF SRS iFars of
nonl i near n h tgpistic i ASshdbcM LSRRG, | O NBRE EUdRA of
spectral c%ﬁnego%%crgig%g%sﬁ%?%tivg&floyﬁi% magni t'ude ones. 12 5. °
n(r)\I se nedutigiomlapsmpdess aic corsinpg ing aareonf, offor] sixagples 018 KEzn#A%Eh
the neans to identify forpmant, regio I S..I onsj v Bputs S or
a derivat i VDS .attyo Ht ot f:r?équg'?ilgyssrpgg%gngt% sslee ngf‘gggnéa{?hemstogwgs
att enuat i GvePER2RPing Opammitie windowsi pbfy tSespoderatsipect atd oé tymisi @nal
by the frequency response 5 signals. noi.se redugl i.on

accor di ng I FLEH 5Fn SRAPche %n'?’reaag%et[ &~ é.ec’ﬁ’trii]e;’?' FS?#%ln 1ernétgs|031ﬁs;i%tgusa
i ncl udes LdfaafetRr adbet | ¥and\TturSes Beamstdmn.produce an LP spectrum 10
15 If a segment of speech {s(t)} is corrupted by additive noise
{n(t)}, then the corrupted signal {y(t)} can be written as
y{t) = s(t) + n(t).
It can be shown that the short term power spectrum of the
corrupted signal, Py(®), can likewise be written as the sum of

20 the noise and speech power spectra, viz.

P(0) = Pg() + P(o)
If an estimate of the noise power spectrum, ?n(a>), can be

obtained, then an approximation ?s(m) to the speech power

spectrum can be obtained from

25 P,(@) = p0) - PB.(o).
The short term power spectrum P,(®) is obtained by squaring
(4) the Fourier coefficients from the unit 3.
The noise spectrum cannot be calculated precisely, but can be
'estimated during periods when no speech is present in the input
30 signal. This condition is recognised by a voice activity
detector 5§ to produce a control signal C which permits the
updating of a store 6 with P,(®) when speech is absent from the
current segment. This spectrﬁm is smoothed, for example by

firstly making each frequency --------=--===-=----=----c-coo-c---



5 representing the magnitudes of spectral components of the input signals;
7 A noi se reduction apparatus ai:cor di e neans

. ] qr;,gtoCIa.lmGinV\,hicht
to identify for merRrOFeRFiRghEIERAS CRARDIY 1 BRAIY 1RItAY SHEARECYALFPTRAE T he
frequency IGaRAns SpaLaRRrdbrlichion r Spe el Ruhg phitebl spectrum i s above a
t hreshol d val ue ang ot herw se are a function of the LP spectrum 15 8.

A noi se reduct i o reGpAYESD raeAs (9 erNVEst thessaid speatrah compPeRenhsigRals ito R ans
to identify,. ARG & LENS is responsive to the output of the processing
nmeans. 20 .8 'i«g rslgﬁg'gfé) reduction apparatus according to Claimb5, 6 or 7
i n whi chOt he neanthetappadatns iffirghererprisieg meapgito identify ferspnidegions of the

spectral signals follow ng,processing by auxiliary processing neans
oper abl e tﬁ@??@é?e%trgrﬂeéﬁ?al scaling or spectral subtraction process. 25
10. A noi se r edmebhs)conppetedt afteraaich peicegsihg nidanis Toferabledo éfféatdbttieng

auxi liary conversjon neans,for converting.the.tipe-vatyi N i gnal
into si gnal¥WStieeAfithAse f’ﬁgu?%n?qrﬂﬂ%%eqﬁ? @B&F&Bygb%n%%n'gﬁﬁ@%f t he
i nput  si gnajopmantredfiorid.i ary processing means operable to effect a spectral

scaling or spectral subtraction process; and in which the neans to identify
the fordint regions is 30 responsive to the output of the auxiliary

processi ng seans. Alndlse redlictih 3BpAratiChENIIRGRECHINS1 ¢ WHich Bigs Eonversiom 10
I n which the conversion neans i s operable to produce spectral conmponent
si gnal s f ormearsisodperable to perform a discrete Fourier transform on segments of the input

signal.

20 3. A noise reduction apparatus according to Claim 1 or 2 including means for
récognising periods during which speech is absent from the input signal and to
store signals representing the power spectrum of the input signal during such
periods to represent an estimated noise spectrum of the input signal and the
processing means is operable to perform a spectral subtraction process in which it

25 subtracts, from signals representing the power spectrum of the input signal, the

signals representing an estimated noise spectrum of the input signal.

4, A noise reduction apparatus according to Claim 1 or 2 in which the

processing means is operable to perform a spectral scaling process in which it
30 applies to the said spectral component signals a nonlinear transfer characteristic

such as to attenuate low magnitude spectral component signals relative to high

magnitude ones.



13 Successf{%'a*sl xed tinme periods of the input signal and the auxiliary
conversion neans is operable to produce spectral conponent signals for each

successive i me period of eech, those e.iogs Eavi durations differing
fromthe s&d fi ) 8°is|e_rF8d‘b°3P "O?Psﬁ.ar%tuffccg"{&n% TR a"'f‘eéc]ﬁ’c‘fvly‘bc g‘ﬁp'g?%?sugso
accor di ng fidentifpiféirddnti regiors imgudesalifedroPredictive Mrialy@is in@ans ab ipestiucetan of
t he i nput Beech signal and to control the duration of the tinme periods
enpl oyed byTtIPEYHYR) | iary conversion neans. 10 13. Noi se reduction
appar atyg substantially as herein described with reference to figures 2 to
6 and 8 of _the acconpanying draw ngs. .

7. A noise reduction apparatus according to Claim 6 in which the means to

identify formant regions includes thresholding means such that the frequency

response signals are unity wherever the LP spectrum is above a threshold value

and otherwise are a function of the LP spectrum.

15
8. A noise reduction apparatus according to Claim 5, 6 or 7 in which the
means to identify formant regions is responsive to the output of the processing

means.

20 9. A noise reduction apparatus according to Claim 5, 6 or 7 in which the
means to identify the formant regions is responsive to the spectral signals
following processing by auxiliary processing means operable to effect a spectral

scaling or spectral subtraction process.

25 10. A noise reduction apparatus according to Claim 5, 6 or 7 including
auxiliary conversion means for converting the time-varying input signal into signals
representing the magnitudes of spectral components of the input signals and
auxitiary prdcessing means oberable to effect a spectral scaling or spectral
subtraction process; and in which the means to identify the formant regions is

30 responsive to the output of the auxiliary processing means.

11. A noise reduction apparatus a'ccording to Claim 10 in which the

conversion means is operable to produce spectral component signals for each of



10

periods.

12. A noise reduction apparatus according to Claim.1.1 including means for
monitoring the stationar_ity of the input speech signal and to control the duration of

the time periods employed by the auxiliary conversion means.

13. Noise reduction apparatus substantially as herein described with reference

to figures 2 to 6 and 8 of the accompanying drawings.



