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Description

The present invention relates to a voice signal processing device of the kind as described in the prechar-
acterizing portion of patent claim 1. Such a voice signal processing device is known from SIGNAL PROCESS-
ING, vol. 15, no. 1, July 1988, pages 43-56, Amsterdam, NL; N. DAL DEGAN et al.: "Acoustic noise analysis
and speech enhancement techniques for mobile radio applications®.

DESCRIPTION OF THE RELATED ART

Fig. 1 is a diagram showing the outline of a prior art noise suppression system (Japanese Patent Application
Publication No. 63-500543).

In Fig. 1, a voice-plus-noise signal at an input is divided by a channel divider 19 into many selected chan-
nels. Then, the gain of these individual pre-processed volce channels is adjusted by a channel gain modifier
21 in response to a modified signal described later so that the gain of the channels exhibiting a ow voice-to-
noise ratlo is reduced. Then, the Individual channels comprising the post-processed voice are recombined In
a channel combiner 26 fo form a noise-suppressed voice signal avallable at an output,

Also, the Individual channels comprising the pre-processed voice are applied to a channel energy estimator
20 which serves to generate snergy envelope values for each channel. The post-processed volce Is inputted
into a channel energy estimator 22. The post-processed estimated channel energy is utilized by a background
noise estimator 23 to determine voice/noise.

A channel SNR estimator 24 compares the background noise estimate of the estimator 23 to the channel
energy estimate of the estimator 20 to form an SNR estimate. The SNR estimate Is utilized to select a specified
gain value from a channel gain table comprising experimentally beforehand determined gains. A channel gain
controller 25 generates the individual channel gain values of the modified signal in response to the SNR es-
timate.

However, such prior art nolse suppression system adjusts the gain to suppress noise without eliminating
noise, so that a sufficiently noise-eliminated signal cannot be obtained.

The above mentioned article from DAL DEGAN et al. discloses a voice signal processing device comprising
frequency analysis means for inputting thersin a signal of a mingling of a noise and voics, and for frequency-
analyzing said signal by a frequency-analysis method to output a frequency-analyzed signal, signal detection
means for detecting a first time period containing said voice and noise and a second time period containing
only noise, noise predicting means for inputting therein said frequency-analyzed signal to predict noise of said
signal of said first time period containing said voice and noise on the basis of a past noise infermation, and
cancel means for subtracting said predicted noise from said frequency-analyzed signal.

Itls an object of the present invention to provide a signal processing device for generating a securely noise-
eliminated signal by solving the problem of such prior art noise suppression system.

This object is accompiished with a voice signal processing device according to claim 1.

Dependent claims are directed on features of preferred embodiments of the invention.

BRIEF DESCRIPTION OF THE DRAWINGS

Fig. 1 is a block diagram showing a prior art noise suppression system;

Fig. 2 is a block diagram showing an embodiment of a signal proceasing device according to the present
invention;

Fig. 3 is graphs of spectrum and cepstrum in the embodiment;

Fig. 4 is & graph illustrating a noise prediction method in the embodiment;

Fig. 5 is a graph Illustrating a cancellation method with the time as a basis in the embodiment;

Fig. 6 is a graph illustrating a cancellation method with the frequency as a basis in the embodiment;

Fig. 7 is a block diagram showing an embodiment of a signal processing device according to another
embodiment of the present invention;

Fig. 8 is a block diagram showing an embodiment of a signal processing device according to ancther
embodiment of the present invention;

Fig. 9 is a graph illustrating a cancel coefficient in the embodiment;

Fig. 10 Is a block diagram showing an embodiment of a signal processing device according to another
embodiment of the present invention;

Fig. 11 is a block diagram showing an embodiment of a signal processing device according to another

embodiment of the present invention.
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DESCRIPTION OF THE PREFERRED EMBODIMENTS

With reference to the drawings, embodiments of the present invention will be explained hereinafter.

Fig. 2 is a block diagram showing an embodiment of a signal processing device according to the present
invention.

Into a microphone 1, usually a noise such as engine sound in addition to voice S is entered. Accordingly,
the microphone 1 outputs a voice signal with a mingling of noise{S+N).

A/D (Analog-to-Digital) conversion means 2 converts the voice signal with a mingling of noise being an
analog signal to a digital signal.

FFT (Fast Fourier Transformation) means 3 as an example of frequency analysis means performs fast
Fourler transformation on the voice signal with a mingling of noise thus converted to the digital signal.

Signal detection means 45 detects a signal portion from the signal with a mingling of nolse thus Fourler-
transformed. For example, the means 45 Is provided with a cepstrum analysis means 4 for cepstrum analyzing
the Fourier-transformed signal and signai detacting means 5 for detecting the signal portion utifizing the cep-
strum thus analyzed. The term "cepstrum” which is derived from the term "spectrum® is in this application sym-
bolized by c(z) and obtained by inverse-Fourier-transforming the logarithm of a short-time spectrum S(w).

M
c{r) =% log}S(wa)l? cos(T wa)
m={

The dimension of 1 is time and ¢ (time) is named "quefrency” which Is derived from the word "frequency".

As example the wavsforms as shown in Fig. 3 are given. Fig. 3(a) is a short-time spactrum, and Fig. 3(b)
is a cepstrum thereof. The signal detecting means 5 detects the signal portion from a noise portion utilizing
the cepstrum. As a method of discriminating the signal portion utitizing the cepstrum, for exampls, a method
has been known of detecting the peak of the cepstrum. That is, the method utilizes a peak detection means
51 for detecting the peak of the analyzed cepstrum and signal-noise detection means 52 for discriminating
signal on the basis of the peak information thus detected. The P in Fig. 3(b) shows the peak, and the portion
in which the peak exists is determined to be a voice signal portion. The peak is detected, for example, in such
a manner that a specified threshold has been previously set and the peak value is compared to the threshcld.

Noise prediction means 8 inputs therein the Fourier-transformed signal with a mingling of nolse and pre-
dicts the noige in the signal portion on the basis of a past noise information. For example, as shown in Fig. 4,
the axis X represents frequency, the axis Y does voice level and the axis Z does time. The data of p1 and p2
through pi at a frequency fl are taken to predict the preceding pj. For example, the mean value of the noise
portions p1 through pi is predicted to be pj. Alternatively, when the voice signal portion continues further, the
pj is further multiplied by an attenuation coefficient. In the present embodiment, the noise prediction means
6 predicts the noise in the signal portion utilizing the signal portion information detected by the signal detection
means 45. For example when the signal portion Is detected, the means 45 predicts the noise in the signal por-
tlon on the basis of the data of the noise portion at the neareat past when viewed from the point beginning
with the signal portion. 1t is also preferable that the noise prediction means 6 utilizes the signat portion (noise
portion) information detected by the signal detection means 45 to accumulate the past noise information.

Cancel means 7 subtracts the noise predicted by the noise pradiction means 6 from the Fourier-trans-
formed signal with a mingling of noise. For example, the cancellation with the time as a basis is performed in
a manner to subtract the predicted noise waveform (b) from the noise-contained voice signal {(a) as shown in
Fig. 5, thereby allowing only the signal to be taken out (c). Also, as shown in Fig. 6, the cancellation with the
frequency as a basis is performed in such a manner that the noiss-contained voice signal (a) is Fourier trans-
formed (b), then from the signal thus transformed ,the predicted noise spectrum (c) is subtracted (d}, and the
remain is inverse Fourier transformed to obtain a voice signal without noise (e). Of course, the portion without
signal can be determined to be only noiss, so that a signal obtained by inversing the output of the FFT means
3 is generated, and in the portion without signal, the inversed signal is added directly to the output of the FFT
means 3 to sliminate completely noise.

IFFT means 8, as an example of signal composition means, inverse-Fourier transforms the noise-
eliminated signal obtained by the cancel means 7.

D/A conversion means 9 converts the noisa-eliminated voice signal being a digital signal obtained by the
IFFT means 8 to an analog signal. The fin F1G.2 indicates the noise-sliminated signal being the analog signal.

A voice recognizer 10 recognizes what word the noise-eliminated voice signal thus obtained is.
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The operation of the above-described embodiment will be explained hereinafter.

The microphone 1 inputs therein a volce with a mingling of noise and outputs the volce signal with a min-
gling of noise (S + N) (see Fig. 2, a ). The A/D conversion means 2 converts the voice signal with & mingling
of noise being an analog signal to a digital signal. The FFT means 3 performs fast Fourler transformation on
the voice signal with a mingling of noise thus converted to the digital signal (see Fig.2,b).

The signal detection means 45 detects a signal portion from the signal with a mingling of nolse thus Fourier
transformed. For example, the cepstrum analysis means 4 performs cepstrum analysis on the Fourier-trans-
formed signal. Further, the signal detection means 5 detects the signal portion utilizing the cepstrum thus ana-
lyzed (see Fig.2, c ). For sxample the means 5 detects the peak of the cepstrum to detect signal .

The noise prediction means 6 inputs therein the Fourler-transformed signal with a mingling of noise, takes
the data of p1 and p2 through pl at a frequency fl, and calculates the mean value of the noise portions p1
through pi to be made pj. Also, in the present embodiment, the noise prediction means & predicts the noise in
the signal portion (see Fig. 2, d ), on the basis of the data of the noise porticn at the nearest past when viewed
from the point beginning with the signal portion when the signal is detected utllizing the signal portion infor-
mation detected by the signal detection means 45 .

The cancel means 7 subtracts the noise predicted by the noise prediction means 6 from the Fourier-trans-
formed signal with a mingling of noise (see Fig. 2, e ).

The IFFT means 8 inverse-Fourier transforms the noise-eliminated signal obtained by the cancel means
7.

The D/A conversion means 9 converts the noise-eliminated voice signal being a digital signal obtained by
the IFFT means 8 to an analog signal (see Fig.2, f ).

The voice recognizer 10 racognizes what word the noise-eliminated voice signal thus obtained is. Since
the signal contains no noise, the recognition rate thereof bacomes high.

The noise detection means 6 of the present invention may be such means as to predict the noise compo-
nent of the signal portion simply on the basis of the past nolse information without utilizing the detected signal
from the signal detection means 45. For example, the means 6 predicts simply that the past noise continues
even in the signal portion. .

The present invention also can apply to the processing of other signals with a mingling of noise not limiting
to that of voice signal.

Further, the present invention, though implemented in software utilizing a computer, may also be imple-
mented utilizing a dedicated hardware circuit.

As described above, the signal processing device according to the present invention detects a signal por-
tion from a frequency-analyzed signal with a mingling of noise, predicts a noise of the signal portion on the
basis of the past noise information, and subtracts the predicted noise from the signal with a mingling of noise,
thereby allowing a completely noise-eliminated signal to be generated.

Where noise prediction means & uses a signal detected by signal detection means 45 as a trigger to predict
a noise of the signal portion, the noise can more accurately predicted, whereby a signal from which the noise
is more securely eliminated can be generated.

With reference to the drawings, embodiments of another present invention will be explained hereinafter.

Fig. 7 Is a block diagram of a signal processing device in another embodiment of the preset invention. In
Fig. 7, the numeral 71 indicates band division means for dividing a voice signal containing noise for each fre-
quency band as an example of frequency analysis means for frequency analyzing a signal, the numeral 72
does noise prediction means for inputting therein the output of the band division means 71 to predict a noise
component, the numeral 73 does cancel means for eliminating the noise in a such a manner as described later,
and the numeral 74 does band composition means for composing a voice as an example of signal composition
means for composing a signal.

The above-described means will be explained in detail hereinafter. The band division means 71 is supplied
with a voice containing noise/noise input, performs band division into m-channel frequency bands, and supplies
them to the noiss prediction means 72 and the cancel means 73. The nolse prediction means 72 predicts noise
component for each channel on the basis of the voice/noise input divided into m-channels, and supplies them
to the cancel means 73. For example, the noise pradiction is performed as described previously and as shown
in Fig. 4. The cancel means 73 is supplied with 2 m-channel signal from the band division means 71 and the
noise prediction means 72, cancels noise in a manner to subtract the noise for each channel in response to
the cancel coefficient input, and supplies them to the band composition means 74. That is, the cancellation is
performed by muitiplying the predicted noise component by the cance! coefficient. tisuaily, the cancellation
with the time axis as an example of cancel method is performed as described previously and as shown in Fig.
5. Also, as described previously and as shown in Fig. 8, the cancellation with the frequency as a basis is per-
formed. The band composition means 74 composes the m-channel signat supplied from the cancel means 73
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to obtain a voice output.

The operation of the signal processing device thus configured In the embodiments of the present invention
will be explained hersinafter.

A voice containing noise/noise input is band divided into m-channal signals by the band division means
71, and a noise component thereof is predicted for each channel by the nolse prediction means 72. From the
signal band-divided into m-channels by the band division means 71, the noise component supplied for each
channel from the noise prediction means 72 is eliminated. The noise selimination ratio at that time is properly
set 80 as to improve articulation for each channel by the cancel coefficient input. For example, articulation is
improved in such a manner that, where a voice signal exists, the cancel coefficient is made low even if a noise
exists so as not to eliminate much the noise. Then, the noise-eliminated m-channel signal obtained by the can-
cel means 73 is composed by the band composition means 73 to obtain a voice output.

As described above, according to the present embodiment, the noise elimination ratio of the cancel means
73 can be properly set for each band by the cancel coefficient input, and the cancel coefficient is accurately
selected according to a voice, thereby allowing an articulation noise-suppressed voice output to be obtained.

Fig. 8 is a block diagram of a signa! processing device in an embodiment of the present invention.

In Fig. 8, the same numeral is assigned to the same means as that of the embodiment in Fig. 7. That is,
the numeral 71 indicates band division means, the numeral 72 does noise prediction means, the numeral 73
does cancel means, and the numeral 74 does band composition means. Pitch frequency detection means 87
detects a pitch frequency of the voice of the inputted voice/noise input and supplies it to channel coefficient
setting means 88. The pitch frequency of the voice is determined by various method as shown in Table 1 and
expresses the presence/absence and characteristic of a voice.

Instead of the pitch frequency detection means 87, another means for detecting voice portion may also
be provided. The cancel coefficient setting means 88 is configured in a manner to set a number m of cancel
coefficients on the basis of the pitch frequency supplied from the pitch frequency detection means 87 and
supply them to the cancel means 73. '

The operation of the signal processing device thus configured in the embodiments of the present invention
will be explained hereinafter.

A voice containing noise/noise input is band-divided into m-channel signals by the band division means
71, and a noise component thereof is predicted for each channel by the noise prediction means 72. From the
signal band-divided into m-channels by the band division means 71, the noise component supplied for each
channel from the noise
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prediction means 72 s eliminated. The nolse elimination ratio at that time is set for each channel by the cancel
coefficient supplied from the cancel coefficient setting means 88. Thatis, when the predicted noise component
represents a, signal containing noise b, and cancel cosfficient alpha, the output ¢, of the cancel means 73
becomes (b, - alpha, x a). And the cancel coefficient thereof is determined on the basis of the information from
the pitch frequency detection means 87. That is, the pitch frequency detection means 87 inputs therein a
voice/noise input and detects the pitch frequency of the voice. The cancel cosfficient setting means 88 sets
cancel coefficients as shown in Fig. 9 . That is, Fig.9(a) shows cancel cosefficients at each band, where the
f,-f, indicates the entire band of the voice/noise input. The f-f; is divided into m-channeis to set the cancel
coefficient. The f,-f, indicates particularly a band containing voice obtained utilizing pitch frequency. Thus, in
the voice band, the cancel coefficient is made low (close to zero) to eliminate noise as little as possible, thereby
causing articulation to be improved. That is because human acoustic sense can hear a voice even though the
volce has a little naoise. In the non-voice bands f,-f; and f,-f;, the cancel coefficient is made 1 to remove suf-
ficiently noise. The cancel coefficient in Fig.9(b) is used when it is firmly found that no voice exists and only
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noise is considered to exist, and is made 1 to remove sufficiently noise. For example, where no vowel continues
to axist from view of peak frequency, the signal cannot be determined to be voice signal, so that the signal is
determined to be noise. It is praferable that the cancel coefficient in Fig.9 (a) and (b) can be properly changed
over.

The present invention can apply not only to voice signal but also to other signals processing.

Also, the present invention, though implemented in software utilizing a computer, may also be implement-
ed utilizing a dedicated hardware circukt.

As apparent by the above description, the signal processing device according to the present invention com-
prises noise prediction means for predicting a noise compenent, cancel means into which a nolge-predicted
output of the noise prediction means, a frequency analysis output of frequency analysis means and a cancel
cosfficient signal are inputted and which cancels the noise component congidering the cancel ratio from the
frequency analysis output, and signal composition means for composing the canceled output of the cancel
means, $o that, when the noise compenent is eliminated from a voice containing a noise, the degree of the
elimination is properly controlled, thereby allowing the noliss to be eliminated and articulation to be improved.

With reference to the drawings, another embodiment of the present invention will be explained.

Fig. 10 is a block diagram of a signal processing device in an embodiment of the present invention. The
device is configured as shown inFig. 10. That s, a noise prediction section 101 predicts a naise by a voice/noise
input and by a control signal supplied by a voice detection section 103, and supplies a predicted noise to &
cancel section 102. The cancel section 102 sliminates the noise from the voice/noise input in response to the
predicted noise supplied from the nolse prediction section 101 to obtain a voice output, and supplies the voice
output to the voice detection section 103. The voice detection section 103 detects the presence/absence of
actual voice by the voice output to obtaln a voice-detected output, and supplies the voice-detected output as
a control signal to the noige prediction section 101.

The operation in the above configuration will be explained. A voice overlapping with noise/noise input is
supplied to the cancel section 102 where the noise is eliminated in response to the predicted noise supplied
from the noise prediction section 101 to obtain a voice output. The voice/noise input from which the noise Is
efiminated by the cancel section 102 is supplied to the voice detection section 103 where the presence/ ab-
sence of volce is detected to obtain a voice-detected output. Thus, the noise prediction section 101 operates
such that the section uses as a control signal the voice-detected output indicating the presence/absence of a
voice supplied from the voice detection section 103 to predict the noise of the voice/noise input signal, and
supplies the volce-detected signal to the cancel section 102.

Thus, according to the signal processing device in the embodiment of the present invention, voice detection
is performed by the signal in which a noise is previously eliminated from a voice/noise input, thereby allowing
the presence/absence of a voice to be accurately detected regardless of noise. With such detection, noise pre-
diction can also be performed accurately and the noise is eliminated effectively from the voice/noise input to
obtain a clear voica ouiput.

With referance to Fig. 11, an embodiment of another embodiment of the present invention will be explained
hereinafter.

Fig. 11 is a block diagram of a signal processing device in an embodiment of the present invention. The
device is configured as shown in Fig. 11. That is, a first cance! section 105 eliminates a noise predicted by a
first noise prediction section 104 from a voice/noise input, and supplies the noise-eliminated signal to a voice
detection section 108, a second noise prediction saction 107 and & second cancel section 108, The voice de-
tection section 108 detects the presence/absence of the signal supplied from the first cancel section 105 to
obtain a voice-detected output, and supplies the voice-detected output as a control signal to the first noise pre-
diction section 104 and the second noise prediction section 107. The second cancel section 108 eliminates
the noise predicted by the second noise prediction section 107 from the signal supplied from the first cancel
section 105 to obtain a voice output. The first noise prediction section 104 and the second noise prediction
section 107 both use the control signal from the voice detection section 106 to predict the noise of the
voice/noise input and to predict the naise of the signal supplied from the first cancel section 105, respectively.
Then, the second noise prediction section 107 aupplies the predicted-result to the second cancel sectlon 108
which in turn makes the canceled-result a voice output.

The operation in the above configuration will be explained. A voice overlapping with neise/noise input is
supplied to the first cancel section 105 where the noise is eiiminated In response to predicted noise suppiied
from the first noise prediction section 104. A first voice output from which the noise has been previousty elim-
inated by the first cancel section 105 is suppliad to the second cancel section 108 where the noise is further
eliminated accurately in response to a second predicted noise supplied from the second noise prediction sec-
tion 107 to obtain a voice output. Also, the first voice output from which the noise has been previously eliminated
by the first cance! section 105 is supplied to the voice detection section 108 where the presence/absence is
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detected to obtain a voice-detected output (control signal). Now, the first noise prediction section 104 uses
the control signal indicating the presence/abssence of a voice supplied from the voice detection section 106 to
predict the noise of the volce/noise input, and supplies a first noise-predicted signal to the first cancel section
105. Further, the second noise prediction section 107 operates such that the section 107 uses similarly the
control signal Indicating the presence/absence of a voice supplied from the voice detection section 106 to fur-
ther predict accuratsly the noise from the first voice output signal from which the noise has been previously
eliminated by the first cancel section 105, and supplies the second predicted noise to the second cancsl section
108. Thus, according to the signal processing device in the present invention, the presence/absence of a voice
can be accurately detected regardiess of noise, and the noise is further predicted accurately and eliminated
from the first voice output from which the noise has been previously liminated, thereby allowing a much lower
level and rapidly fluctuated unsteady noise to be eliminated.

It is further understood by those skilled in the art that the foregoing description is a preferred embodiment
and that various changes and modifications may be made in the invention without departing from the scope
thereof.

Claims

1. Avoice signal processing device comprising:

- frequency analysis means (3) for inputting therein a signal of a mingling of a noise and voice, and
for frequency-analyzing said signal by a frequency-analysis method to output a frequency-analyzed
signal,

- signal detection means (20) for detecting voice signal portions as first time periods containing said
voice and noise and noise portions as second time periods containing only noise,

- noise predicting means (6) for inputting therein sald frequency-analyzed signal to predict noise of
said signal of said first time period containing said voice and noise on the basis of a past noise in-
formation, and

- cancel means (7) for subtracting said predicted noise from said frequency-analyzed signal,

characterized by
cepstrum analysis means (4) for performing a cepstrum analysis on said frequency analyzed signal to
determine said voice signal portions.

2. Avoice signal processing device in accordance with claim 1, wherein
the noise prediction means (6) predicts the noise using as a trigger, the first time period being detected
by said signal detection means.

3, Asignal processing device in accordance with claim 2, wherein said signal detecting means (5) includes:
peak detection maans (51) for detecting a peak of said analyzed cepstrum; and
signal-noise detection means (52) for discriminating the first time period on a bais of the peak detected
by the peak detection means.

4. Avoice signal processing device in accordance with claim 1, 2, wherein
said noise prediction means (6) accumutates the noise during the second time period.

5. Asignal processing device in accordance with claim 1, wherein
sald cance! means (73) inputs therein further a cancel coefficlent signal, and executes the subtracting
considering the cancel coefficient,

6. A voice signal processing device accerding to cfaim 1, comprising:
band division means (71) for dividing a frequancy band of an inputted signal of a mingling of a noise and
volce;
noise prediction means (72) for inputting thersin said band-divided output of said band division means
(71) to predict a noise component;
cancel means (73} for inputting therein said predicted noise output of said noise prediction means (72),
said band-divided output of said band division means (71) and a cancel coefficient signal to cancel said
noise component considering the cancel coefficient from said band-divided output; and
band composition means (74) for composing said cancelled-output of the cancel means,
characterized by
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pitch frequency detection means (87) for detecting a pitch frequency of said inputted signal by using cep-
strum information; and

cancel coefficient setting means (88) for setting said cancel coefficient signal in response to sald pitch
frequency output of said pitch frequency detection means (87).

A voice signal processing device according to claim 1 comprising:

a noise prediction section (101) for outputting a predicted noise in an outputted signal of a mingling of a
noise and voice;

a cance! section (102) for inputting therein said inputted signal and said predicted noise to obtain a noise-
eliminated voice output;

a volce detection section (103) for detecting a presence/absence of a voice from said noisse-eliminated
voice output to output a control signal corresponding to said presence/absence of the veice; and

said noise prediction section (101) performing noise prediction utilizing said control signal of said volce
detection section.

A voice signal processing device according to claim 1 comprising:

a first noise prediction section (104) for outputting a first predicted noise in an inputted signal of a mingling
of a noise and voice,

a first cancel section (105) into which said inputted signal and said first predicted noise are inputted, to
obtain a first noise-eliminated voice output;

a voice detection section (106) for detecting a presence/absencs of a voice from said noise-eliminated
voice output to output a control signal corresponding to the presence/absence of the voice;

said first noise prediction section (104) performing noise prediction utilizing said contro! signal of said
voice detection section; and further

said device provided with:

a second noise prediction section (107) for outputting a second predicted noise by using said first noise-
sliminated voice output and said control signal;

a second cancel section (108) into which said first noise-eliminated voice output and said second pre-
dicted noise are inputted to obtain a second noise-eliminated voice output.

Patentanspriiche

1.

Einrichtung zur Sprachsignalverarbeitung mit;

- einer Freguenzanalyseeinrichtung (3} zum Eingeben eines Signals aus Rauschen und Sprache und
zur Frequenzanalyse des Signals mit einem Frequenzanalyseverfahren zur Ausgabe eines frequenz- -
analysierten Signals,

- eine Signalerfassungssinrichtung {20) zum Erfassen von Sprachsignalabschnitten als erste Zeitin-
tervalle, die Sprache und Rauschen enthalten, und von Rauschabschnitien als zweite Zeitintervalle,
die nur Rauschen enthaiten,

- eline Einrichtung zur Rauschvorhersage (6) zum Eingeben des fraquenzanalysierten Signals zur Vor-
hersage des Rauschens des Signals des ersten Zeitintervalls, das Sprache und Rauschen enthdit,
auf der Basis einer vorherigen Rauschinformation und

- eine Lascheinrichtung (7) zum Substrahieren des vorhergesagten Rauschens vom frequenzanaly-
sierten Signal,

gekennzelchnet durch
eine Cepstrum-Analyseeinrichtung (4) zum Durchfiihren einer Cepstrum-Analyse des frequenzanalysier-
ten Signals zum Bestimmen der Sprachsignalabschnitte.

Einrichtung zur Sprachsignalverarbeitung gemaf Anspruch 1, wobei die Einrichtung zur Rauschvorher-
sage (6) vorhersagt, indem sie das Rauschen als einen Trigger verwendet, wobei das erste Zeitintervall
durch die Signalerfassungseinrichtung erfaft wird.

Einrichtung zur Sprachsignalverarbeitung geméR Anspruch 2, wobeidie Signalerfassungseinrichtung (5)
- eine Peak-Erfassungseinrichtung (51) zum Erfassen eines Peaks des analysierten Cepstrums und
- eine Signal-Rausch-Erfagsungseinrichtung (52) zum Unterscheiden des ersten Zeitintervalls auf der
Basis des von der Peak-Erfassungseinrichtung (51) erfaltten Peaks
umfaft.
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4. Einrichtung zur Sprachsignatverarbeitung gem#n den Anspriichen 1, 2, wobei die Einrichtung zur Rausch-
vorharsage (6) das Rauschen wéhrend des zweiten Zeitintervalls aufsummiert.

5. FEinrichtung zur Sprachsignalverarbeitung gemé® Anspruch 1, wobel die Léscheinrichtung (73) des wei-
teren ein Lischkoeffizientensignal erhélt und eine Subtraktion unter Berlicksichtigung des Lischkoeffi-
zienten durchfihrt.

6. Einrichtung zur Sprachsignaiverarbeitung gemés Anspruch 1, mit

einer Bandteileinrichtung (71} zum Aufteiien eines Frequenzbandes eines eingegebenen Signals,
das Rauschen und Sprache enthalt,

einer Einrichtung zur Rauschvorhersage (72) zum Eingeben des Ausgabesignals mit aufgeteiltem
Band der Bandteileinrichtung (71) zur Vorhersage einer Rauschkomponente,

siner L&scheinrichtung (73) zum Eingeben des Ausgabesignals mit vorhergesagtem Rauschen von
der Einrichtung zur Rauschvorhersage (72), des Ausgabesignals mit aufgeteiltem Band von der
Bandteileinrichtung (7 1) und elnes Loschkoeffizientensignals zum Loschen der Rauschkomponente
unter Bsriicksichtigung des Loschkoeffizlanten vom Ausgabesignal mit aufgetelltem Band, und
einer Randbildungseinrichtung (74) zum Zusammenstellen der gelfischten Ausgabe der Lschein-
richtung,

gekennzeichnet durch

eine Erfassungseinrichtung der Tonhdhenfrequenz (87) zum Erfassen siner Tonhhenfrequenz des
eingegebenen Signals unter Verwendung der Cepstrum-Information und

eine Einstelleinrichtung der L8schkoeffizienten (88) zum Einstellen des Loschkoeffizientensignals
in Abhangigkeit von der Tonhdhenfrequenz-Signalausgabe der Erfassungseinrichtung der Tonhd-
henfrequenz (87).

7. Einrichtung zur Sprachsignalverarbeitung gemaR Anspruch 1, mit

einer Einrichtung zur Rauschvorhersage (101) zum Ausgeben eines vorhergesagten Rauschens in
einem ausgegebenan Signal, das Rauschen und Sprache enthlt,

einer Ldscheinrichtung (102) zum Eingebsen dieses eingegebenen Signals und des vorhergesagten
Rauschens, um ein Sprachausgabesignal zu erhalten, bei dem das Rauschen eliminiert ist,

einer Spracherfassungssinrichtung (103) zum Erfassen des Vorhandenseins/Nichtvorhandenseins
von Sprache im Sprachausgabesignal mit eliminiertem Rauschen zur Ausgabe eines dem Vorhan-
densein/Nichtvorhandenssin von Sprache entsprechenden Steusrsignals und wobei

die Einrichtung zur Rauschvorhersage (101) eine Rauschvorhersage unter Verwendung des Steu-
ersignals der Spracherfassungseinrichtung (103) durchfiihrt.

8. Einrichtung zur Sprachsignalverarbeitung gemé&fR Anspruch 1, mit

einer ersten Einrichtung zur Rauschvorhersage (104} zur Ausgabe eines ersten vorhergesagten
Rauschens in einem eingegebenen Signal, in dem Rauschen und Sprache enthalten sind,

siner ersten L&scheinrichtung {(105), der zum Erhalten eines ersten Sprachausgabesignals, aus dem
das Rauschen eliminiert ist, das eingegebens Signal und das erste vorhergesagte Rauschen ainge-
geben werden,

einer Spracherfassungseinrichtung (106) zum Erfassen des Vorhandenseina/Nichtvorhandenseins
von Sprache im Sprachausgabesignal, aus dem das Rauschen eliminiert ist, zur Ausgabe eines dem
Vorhandensein/Nichtvorhandensein von Sprache entsprechenden Steuersignals,

waobei die erste Einrichtung zur Rauschvorhersage (104) sine Rauschvorhersage durchfiihrt, indem
sie das Steuersignal der Spracherfassungseinrichtung verwendet, und

wobei die Einrichtung mit

einer zweiten Einrichtung zur Rauschverhersage (107) zur Ausgabe eines zweiten vorhergesagten
Rauschens ausgestattet ist, wobei das erste Sprachausgabesignal, aus dem das Rauschen elimi-
niert ist, und das Steuersignal verwendet werder,

einer zweiten Léscheinrichtung (108), in die zum Erhalten eines zweiten Sprachausgabesignals, aus
dem das Rauschen eliminiert ist, das erste Sprachausgabesignal, aus dem das Rauschen eliminiert
ist, und das zweite vorhergesagte Rauschen eingegeben werden.

10
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Revendlcations

1.

Dispositif de traitement d'un signal vocal comprenant :

- des moyens d’analyse de fréquence (3) destinés & y entrer un signal d'un mélange de bruits et de
voix, et & effectuer une analyse de fréquences de ce signal par un procédé d'analyses de fréquences
pour émettre un signal de fréquences analysées,

- des moyens de détection de signal (20) destinés & détecter des portions de bruits des premiéres
périodes de temps contsnant la voix et le bruit et des secondes pérlodes de temps ne contenant que
le bruit,

- des moyens de prédiction de bruit (6) destinés & y entrer le signal analysé en fréquence pour prédire
le bruit de ce signal de la premidre période de temps contenant la voix et le bruit sur la base d'une
information de bruit ancien, et

- des moyens d'annulation (7) destinés & soustraire le bruit prédit & partir du signal de fréquences ana-
lysées,

caractérisé par,
des moyens d'analyse de cepstre (4) pour réaliser une analyse de cepstre sur le signal de fréquences
analysées pour déterminer les portions de signal de voix.

Dispositif de traitement de signal de voix selon la revendication 1, dans lequel
les moyens de prédiction de bruit (6) prédisent le bruit en utilisant comme déclenchement la pre-
midre période de temps détectée par les moysns de détection de signal.

Dispositif de traitement de signal selon la revendication 2, dans lequel las moyens de détection de signal
(5) comprennent :

des moyens de détaction de pic (51) pour détecter un pic du cepstre analysé, et

des moyens de détection de brult de signal (52) pour distinguer ou discriminer la premiére péricde
de temps sur la base du pic détecté par les moyens de détection de pic.

Dispositif de traitement de signal de voix selon la revendication 1 ou 2, dans lequel
ies moyens de prédiction de bruit (6) accumulent le bruit pendant la seconde période de temps.

Dispositif de traitement de signal selon Ia revendication 1, dans lequel les moyens d’annulation {73) y
introdulsent de plus un signal de coefficient d'annulation et effectuent la-soustraction en faisant entrer
en ligne de compte le coefficient d'annuiation.

Dispositif de traitement de signal de bruit selon ia revendication 1, comprenant :

des moyens de division de bande (71) destinés & diviser une bande de fréquence d'un signal entré
d’un mélange de bruit et de voix ;

des moyens de détection de bruit (72) pour y introduire le signal de sortie de bandes divisées des
moyens de division de bande (71) pour prédire une composante bruit ;

des moyens d'annulation (73) pour y introduire |e signal de sortie de bruit prédit des moyens de
prédiction de brult (72), le signal de sortie de bandes divisées des moyens de division de bande (T1) et
un signal de coefficient d’'annulation pour annuler la composante bruit en falsant entrer en iigne de compte
le coefficient d’annulation & partir du signal de sortie de bandes divisées, et

des moyens de composition de bandes (74) pour composer le signal de sortie annulé des moyens
d'annulation,

caractérisé par

des moyens de détection de fréquence audible (87) pour détecter une fréquence audible du signal
entré en utilisant I'information de cepstre ; et

des moyens de fixation du coefficient d’annulation (88) pour fixer e signal de coefficient d'annu-
lation en réponse au signal de sortie de fréquence audible des moyens de détection de fréquence audible
{87).

Dispositif de traitemant de signal vocal selon la revendication 1, comprenant :

une section de prédiction de bruit {101) pour émettre un bruit prédit dans un signal émis d'un mé-
lange de bruit et de voix ;

une section d'annulation {102) pour y intreduire le signal entré et le bruit prédit pour obtenir un si-
gnal de sortie de voix avec élimination du bruit ;

une section de détection de voix (103) pour détecter ia présence ou I'absence d'une voix & partir
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d'un signal de sortie de voix ot 1e bruit a 6té éliminé pour émettre un signal de commande correspondant
4 la présence/absence de la voix ; et '

une section de prédiction de bruit (101) effectuant une prédiction de bruit en utilisant le signal de
commande de la section de détection de voix.

Dispositif de traitement de signal de voix selon fa ravendication 1, comprenant :

une premiare section de prédiction de bruit (104) pour émettre un premier bruit prédit dans un si-
gnal entré d'un mélange de bruit et de voix ;

une premiére section d'annulation (105) dans laquelle le signal entrée et le premiar bruit prédit sont
entrés pour obtenir un premier signal de sortie de voix dont le bruit a &té éliminé ;

une section de détection de voix (108) pour détecter uns présénce/absence de voix & partir du si-
gnal de sortie de voix dont le bruit a été éliminé pour émettre un signal de commande correspondant &
la présencefabsence de la voix ;

cetta premidre section de prédiction de bruit (104) effectuant une prédiction de bruit en utilisant
le signal de commande de la section de détection de voix ; et de plus,

ce dispositif tant équipé de :

une seconds section de prédiction de bruit (107) pour émettre un second bruit prédit en utilisant
| premier signal de sortie de voix dont le bruit a été éliminé et le signal de commande ;

une seconde section d'annulation (108) dans laguelle le premier signal de sortle de voix dont le
bruit a &té sliminé et le second brult prédit sont introduits pour obtenir un second signal de sortie de voix
dont le bruit a 6té éliminé.

12
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