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TITLE OF THE INVENTION
Method for Noise Reduction
BACKGROUND OF THE INVéNTION

This invention re]ates to a method for remoVing the noise

contained in a speech signal for suppressing or reducing the

noise therein.

In the field .60f a portable telephone set or speech

recognitioh, it is felt to be necessary to suppress the noise
éqch as background noise or environmenfa] noise contained in the
collected speech signal for emphasizing its speech components.

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

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

enhancement technique to eliminate the noise sufficiently without
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generating distortion 1in the speech signal susceptible to

"significant variation in the SNR in short time.

Such speech ehhgncement or noise reducing technique employs
a technique of discriminating a noise domain by comparing the
input power or level to a pre-set threshoid value. However, if
the time constant of the threshold value is increased with this
technique for prohibiting the threshold value from.tracking the
sbeech, a changing noise 1éve1, especially an increasing noise
Tevel, cannot be followed approbriate]y,' thus leading
occasionally fo mistaken discrimination.

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

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

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

may be achieved.
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However, since complex and voluminous processing operations'
are required for calculating the speech presence probability, it

has been desired to simplify the processing operations.

SUMMARY OF THE INVENTION

It is therefore- an object of the preseht invention to
provide a ﬁoise reducing method for an input speech signal
whereby the processing operations for noiSe-suppreésioh for the
input speech signa]lmay be simpiified.

In one aspect, the present invention provides a method for

-reducing the noise in an input speech signal for noise

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

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

characteristics based upon a first value obtained on the basis
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of the ratio of a level of the frequency spectrum to an estimated

level of the noise spectrum contained in the frequency spectrum
and a second value as found from the maximum.Value of the ratio
of the frame—based signal level of the frequency spectrum to the
est{mated noise 1eve1 aﬁd from the estima{ed noise level, and
means for reducing fhe noise'in the input speech signal by
filtering responsive to the filter characteristics. |

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

and " is a value for variably controlling the filter

- characteristics. The noise may be removed in an amount

corresponding to the maximum SNR from the inpﬁt speedh signal by
the filtering conforming to the filter characteristics variably
controlled by the first and second values.

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

spectrum and the estimated levels of the noise spectrum entered
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therein may be used for finding the first value, the processing

volume may be advantageously reduced.

Ajso, the second vafue is obtained rgsponsive to the maximum
SNR.apd the frame-based noise level, the filter characteristics
may be adjusted so tHat the maximum noise reduction aﬁount by the
filtering will be changed substantially 1inear1j in a dB area
résponsive to the maximum SN ratio.
| With the above-described noige ‘reducing method of the
present invention, the first and the second value are used for
controlling the ff1ter characteristics for fiitering for remdving
the noise from the input speech signal, whereby the noise may'be
femovéd from the input speech signal by fi]tering'conforming to
the maximum SNR in the input speech signal, in particular, the
distortioﬁ in thé speech signal caused by the filtering at the
high SN ratio may be diminished and the volume of the processing
operations for achieving the filter characteristics may also be
reduced.

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

Also, according to the present invention, the seébnd value

obtained responsive to the maximum SN ratio and to the . frame-
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based noise level may be used for ‘controlling the filter

characteristics for reducing the.processing volume for achieving
the filter characteristics. The-maximgm~no€se reduction amount
achieved.by the filter characteristics méy be changed responsive
to the N ratio of the input speech signal.

BRIEF_DESCRIPTION OF THE DRAWINGS

Fig.1 il1lustrates a first embodiment of the noise reducing
method for the speech signal of the present invenfion, as applied
to a noise reducing apparatus.'. '

Fig.2 illustrates a specific example of the energy E[k] and
the decay eﬁergy E““yﬂ<] in the embodiment of Fig.1. .

Fig.3 illustrates specific ekamp1es of an RMS value RMS[k];
an estimated noise level value MinRMka] and a maximum RMS value
MaxRMS[K] in the ehbodiment of #19.1.
| Fig.4 111ustrateé specific examples of the relative energy
émﬁk], a maximum SNR MaxSNR[k] in.dB, a maxihum SNR'MaxSNR[k]
and a value dBthresm][k], as ‘one of threshold values for noise
discrimination, in the embodiment shown in Fig.1.

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

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

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

k] and Hn{w,k] responsive to NR[w,k] in dB, in the embodiment
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shown in Fig.1. .

Fig.8-111ustfates a second embodiment of the_noiée reducing
method for the speeeh signé] of the'presént invention, as applied
to a noise reducing apparatus.

Fig.9 is a graph showing the distortion of segment portions

.of the speech signal obtained on noise-suppression by the noise

reducing apparatus of Figs.1 and 8 with respect to the SN ratio
of the segment portions.
DETATLED DESCRIPTION OF THE PREFERRED EMBODIMENTS

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

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

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

calculation unit 7.

An input speech signal y[t], entering a speech signal input
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terminaI-is of the noise reducing'apparatus, is provided to a
framing unit 1. A framed signal y__ frameLk outputted by the
framing unit t, is provided to a windowing unit 2, a root mean
square (RMS) calculation unit within a noise estimation unit 5,
and a filtering unit 8.

An output of the windowing unit 2 is provided to the fast
fourier transform unit 3, an output of which is provided to both
the spectrum correction unit 10 and a band-splitting unit 4. An
output of the band-splitting unit 3 is provided to the spectrum

correction unit 10, a noise spectrum estimation unit 26 within

"the noise estimation unit's and to the Hn value calculation unit

7. An output of the spectrum correction unit 10 is proVided to
a speech signal output terminal 14 via the fast Fourier transform
unit 11 and an overlap-and-add unit 12.

An output of the RMS calculation ‘unit 21_is provided to a

relative energy calculation unit 22, a maximum RMS calculation

unit 23, an eétimated noise level calculation unit 24 and to a

noise spectrum estimation unit 26. An output of @he maximum RMS
calculation unit 23 1is provided to an estimated noise 1level
caicu1ation unit 24 and to a maximum SNR calculation unit 25. An
oufput of the relative energy calculation unit 22 is provided to

a noise spectrum estimation unit 26. An outpdﬁ of the estiméted
noise level calculation unit 24 is provided to the filtering unit
8, maximum SNR célcq]ation unit 25, noise spectrum estimation

unit 26 and to the NR value calculation unit 6. An output of the
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maximum éNR calculation unit 25 is provided to the NR value
calculation unit 6 and to the noise spectrum estimation unit 26,
an output of which is provided to the Hn value calculation unit
7.

An output of the NR value calculation unit 6 1s again
prdvided to the NR value calculation unit 6, while being also
provided to the Hn value ca]cu]atioh unit 7.

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

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

To the speech signal input terminal 13 is supplied an input

-speech signal y{tl] containing a speech component and a noise

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

interva1 FI of 80 sampies corresponds to 10 ms, while the frame
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1éﬁ§th Fg of 160 samples corresponds to 20 ms.

Prior to orthogonal transform pa]cﬁ]ations by the fast
Fourier transform uni£ 2, the windpwing unit 2 multiplies each
framed signa] y__framej’k from the fram%ng unit 1 with a windowing
funct1on Winput - Following the inverse FFI, performed at the
terminal stage of the frame—based signal processing operations,
as will be explained later, an output signal is multiplied with
a windowing function w

output - The windowing functions Winput and

Woutput may be respectively exemp]ified'by the following equations

(1) and (2):
Wypae [31 = (-12- - Ecos(z’U))« 0 <3 s FL
Lo (1)
11 287y 3
Wout_put[j] = (—2' - ECOS(?—L'Z)) ¢, 0<J<sFL

.(2)

The fast Fourier transform unit 3 then performs 256-point

fast Fourier trahéform operations to produce frequency spectral
amp]itude.va1ues, which then are spiit by the band splitting
porfion 4 into, fér.example, 18 bands. The frequéncy ranges of

these bands are shown as an example in Table 1:
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TABLE 1
band numbers frequency ranges
0 0 to 125 Hz
1 125 to 250 Hz
2 250 to 275 Hz
3 375 to 563 Hz
4 563 to 750 Hz .
5 750 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
i4 _ 2813 to 3063 hz
15 3063 to 3375 hz
16 : 3375 to 3688 Hz
17 3688 to 4000 Hz

The amplitude values of the frequency bands, resulting from

frequency spectrum sp1itt{ng, become amplitudes Y[w,k] of the

.input - signal spectrum, which are outputted to respective

portions, as explained previously.

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

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

value and the maximum SN ratio are provided to the NR value
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ca]cuIation unit 6. The noisy domain estimation or the noisy
- frame detection is'performed by combination'of, for exampie,
three detection operations. An illustrative example of the noisy
domain estimatién is now exp1ained.

Thé RMS calculation unit é1 calculates RMS values of signals
every frame and oufputs the calculated RMS values. The R@S value
-of the k’th frame, or RMS[k], is calculated by the following

equation (3):

FL-l

RMS[k] =\] E (y—frame,, ,)?

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

is found by the following equation (4):
| Epay [K]
dB,,, [k] = 1010910(—9%(3—)

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

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

.(5)
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o -FT
Baccay (K} = max{BUK] (030 G Bacay L - 1]

.(86)

The equation (5) may be expressed from the equation'(s) as
FL*(RMS[k])?. OFf course, the.va1ue of the equation (5), obtained
during calculations of tﬁe equation (3) by the RMS. calculation
unit 21, may be airectly provided to the relative energy
ca]cu1ation unit 21. In the equation (6), the decay time is set
to 0.65 second. | -

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

The -maximum RMS calculation unit 23 finds and outputs a
maximum RMS value necessary for estimating the-makimum value of
the ratio of the signal level to the noise level, that is the
maximum SN ratio. This maximum RMS value MaxRMS[k] may be”found

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

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

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

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

-
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smallest value of five local minimum values previous to the

currenf time point, that is five values satisfying the equation
.(8):

(RMS{k] < O0.6*MaxRMS[k] and

RMS[k] < 4000 and

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

RMS[k] < RMS{k-1] and

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

(RMS[K] < MinRMS)

. (8)

The estimated.nbise level value minRMS[k] is set so as to
rise for the background noise freed of speech. The rise rate for
the high noise level is exponential, while a fixed rise rate is
used for the low noise level for realizing a more outstanding
rise.

Fig.3 shows illustrative examples of the RMS values RMS[k],
estimated noise level va1ﬁe minRMS[kj and the maximum RMS values
MaxRMS[k]. |

The maximum SNR calculation unit 25 estimates and calculates
the maximum SN ratio MéxSNRIk], using fhe maximum RMS value and

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

MaxSNR [k] = zolloglo( MaxRMS [ k] )__1

MinRMS [ k]

.(9)

From the maximum SNR value MaxSNR, a normalization parameter
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NR_ level in a range from 0 to 1, representing the relative noise
level, 1is ¢a1cu1ated. For NR_Tevel, the following function is

employed:

MaxSNR [k} -30

(%+%cos(n ))x(1-0.002 (MéxSNR tk] -30)2;

20
NR-level [k] = 30<MaxSNR([k] <50
. 0.0 _ MaxSNR (k] >50
1.0 MaxSNR[k] : othe

... (10)
Theuoperation-of-the noise spectrum eétimation unit 26 is
explained. The respéctive values found in the relative energy
calculation unit 22; estimated noise level calculation unit 24
and fhe méximuﬁ SNR- calculation wunit 25 are used for
discriminating the speech from_the background noise. If the
_fo11owing conditions:
((RMS[k] < NoiseRMSy, . ..[k]) or
(dB,g[K] > dBy o [k1)) and
(RMS[k] < RMS[k-1]+200)
' (1)
where
NOT8eRMSy o [K] = 1.05+0.45%NR_level[k]xMinAMS[k]
dBmmsrﬂ[k] = max(MaxSNR{k]-4.0, 0.9*MaxSNR[k]
are valid, the signal in the k’th ffame is classified as the
background noise. The amplitude of the background noise, thus
classified, is calculated and outputted as a time averaged

estimated value N{w,k] of the noise spectrum.
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Fig.4. shows illustrative examples of the relative energy in
dB, shown in Fig:11, that is dém][k], the maximum SNR[k] and
dBthres ,, as one of the | threshold values for noise
discrimination.

Fig.6 shows NR_level[k], as a function of MaxSNR[k] in the
‘equation (10).

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

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

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

~FI )
0.5%xFS"

& = exp(
where w specifies the band number in the band splitting.

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

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

equation (13):

....(13)
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adj[w, k] NR([w, k-1] -8 <adj [w, k] <NR([w, k-1) +8
NR[w. k] =| NRIw,k-1)-3,; NR[w, k-1]-3,z2adilw, ki
NR[w, k-1]+8,, NR[w,k-1] +8sadjiw, k]
O = 0.004
adj{w,k] = min(adji1[k],adj2{k])-adj3[w,k]

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

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

In the equation (14), adji[k] is a value having the effect
of éqppressing the noise_supp?essing effect by the filtering at
the high SNR by the filtering described below, and is defined by

the following equafion (15):

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

...(15)

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

of suppressing the noise suppression }ate with respect to an

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

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

...(18)

In the above equation (14), adj3[k] is a value having the
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0 MinRMS (K] <20
| MinRMfgk] ~20 . 20<MinRMS[K] <60
adjzlk] = 1 60<MinRMS [K] <1000
1-Minmf£§3)‘1°°° 1000 <MinRMS [k] <1800
{ 0.2 - 1800sMinRMS[K]

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

following equation (17):

0 ' w<2375Hz

4000-2375

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

egquivalent to optimum characteristics- of a noise suppression
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filter when the SNR is fiXéd at a value r, and is found by the

following equation (19):

_ _ 1 _ . 1 Vv .
H{w] [S/N=y] = 3[1+\] 1 xz—[W'—k]—]*P(Hlu Y.) ts/n=y1 *Garn*E(HOI X} (s/ney)

... {19)

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

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

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

§(S(. . . (20)
where P(h1) = P(HO) = 0.5
It is seen from the equation (20) that P(H1|Yw)[S/N=r] and
P(HOIYW)[S/N=rJlare functions of x[w,k], while I°(2*r*x [w,k]) is

a Bessel function and is found responsive to the values of r and
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[w,k]. Both P(H1) and P(HO) are fixed at 0.5. The processing
volume may be reduced to approximately oneffifth of that with the
.conventional method'by_simp1ifying the parameters as described
above.

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

The fi]tering unit 8 pefforms filtering for smoothing the
Hrifw, k] a16ng.both the frequency axis and the time axis, so that"
a smoothed signal Ht—fmwm[w’k] is prodﬁced as an output signal.
-The-fi1tering in a direction along the frequency axis has the
effect of reducing the effective 1mpu1se‘rééponse length of the
signal Hn[w,k]. Thjs prohibits the aliasing from being produced

due to cic]ic convolution resulting from realization of a filter
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by mu1tiplication in the frequency domain. The filtering in a
direction along the t{me axis has the effect of 1Timiting the rate
éf change in filter characteristics in suppressing abrupt noise
'generation.

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

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

,Hn[w+1,k],Hn[w,k]) .. (21)
step 2: H2[w,k] = min(median(H1[wf1,k],Hl[w,k]
JH1Lw+1,K]1,H1[w, k1) L. (22)

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

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

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

time axis, as shown by the equation (23):
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Hepeecn (WK1 = O.7*H2[w,Kk]+0.3%H2[w, k=1] ... (23)

The background noise is smoothed in a direction along the
axis as shown in the equation (24):

r%ﬂ%[w' kl= 0.7%Min_H+0.3*xMax_H ... (24)

In the above equation (24), Min_H and Max_H may be found by
Min H = min(H2[w,k], H2[w,k-1]) and Max_H = max (H2[w,Kk],H2[w, k-
1]), reéespectively.
| The signals in the transient state are not smoothed in the
direction along the timé axis., |

Using the above-described smoothed signals, a smoothed
output signal HLmﬁm is produced by the equation (25) :

HLﬂMMh[wj kl ='(1—a”)(a”*Hspeech[w,k]

+ (1—uw)*Hnois¢[w,k])+a”*H2[w,k]
125)
In the above equation (25)"aw and aﬁ may be respectively

found from the equation (26):

.

l L3 0 SlvRinsc>4 . 0
o, = % (SNRye-1) 1.0<SNR;,,.<4.0
' 0 SNR;,,. : otherwise
...(28)
where
- RMS k]
SNRy o0 =

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

(27)
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1.0 | 5

eme>3+5
asp = % (51.,“3“2.) 1.'O<arms<3‘5
0 8, : Oterwise
where
S RMSloca.l [k]

zme = RMSJ.ocaJ. [k_ll ‘o

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

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

F-fL
1

. _
RMS; .y (K] = = EFI (y.frame,; ,)?
j=

2
by interpolation to, for example, a 128—band signal Hmaﬁw,k],
which is outputtéd. This conversion s performed by,-for example,
two stages, while the expansion from 18 to 64 bands and that from
64 bandé to 128 bands are performed'by zero-order holding and by
low pass filter type interpolation, respectively.

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

are corrected without changes in phase.

L4
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The iﬁverse FFT unit i1 then performs inverse FFT on the
output Signa1 of the spectrum correction unit 10 in order to
output the resultant IFFTed signal.

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

Fig.8 shows another embodiment of a hnoise reduction
appafatus for carrying out the noise reducing method for a speech
signal according to the present invention. The parts or
components which are used in common with the noise reduction
apparatus shown in Figi1 are represented by the same numerals and
the descrjbtion of the operatfon is omitted for simpiicity.

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

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

outputted from the FFT unit 3 into, for. example, 18 bands, and
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outputs the band—baseq amplitude Y[w,k] to a calculation unit 31
for calculating the RMS, estimated noise level and the maximum
SNR, a noise'spectrum estimating unit 26 and to an initial filter
response calculation unit 33.

The calculation wunit 31 calculates, from y__frameLk,
outputted from the framing unit 1 and Y[w,k] outputted by the
band sp]itting unit 4, the frame-based RMS value RMS[k], an
estimated noise level value MinRARMS[k] and a maximum RMS value Max
[k], and transmits these values to the noise spectrum estimating
uﬁit 26 and an adjt1, adj2 and adj3 calculation unit 32.

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

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

decoder output signal of the portable telephone set..
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Figs.9 and 10 illustrate the distortion 1in the speech
signals obtained on noise suppression by the noise reduction
method-of the present invention, shown in b1ack.co1or, and the
distortion in the speech signals obtained on noise sﬁppression
by the conventional noise reduction method , shown in white
coIor; résbective]y. In the graph of Fig.9, the SNR values of
segments sampled every 20 ms a?e plotted against the distortion
for these segménts..Ih the graph of Fig.10, the SNR Qa1ues for
thehsegments are plotted against‘distortion of the entire input
speech signal. In Figs.9 and 10, the ord{nate ‘stands for
_distortion which becomes smaller with the height from the origin,.
while the abscissa stands for the SN ratio of the segments which
becomes higher towards right.
| It is seen from these figures tha“, as compared to the
speech signals obtained by noise suppression_by the conventional
noise reddging .method, the speech signal obtaineq- on noise
suppression by the noise reducing metﬁod of the present inventfon
- undergoes distortion to a lesser extent especially at a high SNR

value exceeding 20.
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WHAT IS CLAIMED 1IS:
1. A method for reducing the noise in an input speech signal
for noise suppression compfising:
converting the input speech signal into a frequency
spectrum}
determining filter charactefistics based upon a first'Vaiue
obtained on the basis of the ratio of a level of the frequeﬁcy
spectrum to an estimated level of the noise spe&trum contained
in the frequency spectrum and a second value as found from the
maximum value of the ratio of the frame-based signal level of the
frequency spectrum to the estimated noiser level and said
estimated noise level; and
reducing the ﬁoise in said input speech signal.by fiitering
responsiVe to saﬁd filter characteristics.
2.- The method for noise reduction as claimed in claim ﬁ
wherein said firsf value is found using a value obtained from a
table containing the pre;sét-1eve1s of the input signal and'the
-estimated levels of the noise spectrum.
3. The method for noise reduction as claimed in claim 1
wherein said second value is a value obtained responsive to the
méximum value of the ratio of the signal level to the estimated
ﬁoise level and the ffame—based noise level, and is a value of
adjusting tﬁe maximum noise reduction ambunﬁ by filtering
conforming to the filter characteristics so that the max imum

noise reduction amount will be changed substantially linearly in

*¥ ¢ L M. s = -
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a dB domain. |
4. The method for noise reduction as claimed 1n-c1aim 1
wherein saig estimated noise level is a value obtained on the
basis of a root mean square value of the amp]ftude of the frame-
based input signal and thg maximum value of the mean root square
values, the maximum value of the ratio of the signal level to the
estimafed noise level is a'value calculated on the basis of the
maximum value of the root mean squares and the estimated noise
level and wherein the maximum value of the root mean squares is
a maximum value among the root mean square values of the
amplitudes of the frame—based input signai, a value obtaized on
the basis of the maximum value of the mean.rdot mean squares of
the directly prévious frame and a pre-set value.
5. An apparatus for reducing the noise in an jnput speech
signal for noise suppression comprising:

means for converting the input speech signal into .a
frequency spectrum;

means for determining filter characteristics baseq upon a
first value obtained on the basis of the ratio of a level of the.
frequency spectrum to an estimated level of the noise spectrum
contained in the frequency spéctrum and a second va]ﬁe as found
from the maximum value of the rétiolof the frame-based signal
level of the frequency spectrum to the estimated noise 1ev§1.and

said estimated noise level; and

means for reducing the noise in said input speech signal by

(U
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filtering responsive to said filter characteristics.
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