
EP 0 248 609 B1 Description This invention relates to speech processors
having automatic gain control, and in particular to speech recognisers. 5
Automatic speech recognisers work by comparing features extracted from
audible speech signals. Features extracted from the speech to be recognised
are compared with stored features extracted from a known utterance. For
accurate recognition it is important that the features extracted from the
same word or sound then spoken at different times are sufficiently similar.
However, the large dynamic range of speech makes this 10 difficult to
achieve, particularly in areas such as hands-free telephony where the sound
level received by the microphone can vary over a wide range. In order to
compensate for this speech level variation, most speech recognisers use
some form of automatic gain control (AGC). The AGC circuit controls the
gain to ensure that the average signal level used by the feature extractor
is as near constant as possible over a given time period. Hence quiet
speech utterances are given greater 15  gain than loud utterances. This
form of AGC performs well when continuous speech is the input signal since
after a period of time, the circuit gain will optimise the signal level to
give consistent feature extraction. However, in the absence of speech, the
gain of the AGC circuit will increase to a level determined by the
background noise, so that at the onset of a speech utterance the gain of
the AGC circuit will be set too high. During the utterance the gain of the
circuit is automatically reduced, the speed of the gain change 20  being
determined by the 'attack' time of the AGC. The start of the utterance is
thus subjected to a much greater gain and any features extracted will have
a much greater energy content than similar features extracted later, when
the gain has been reduced. This distortion effect is dependent on the input
signal level; the higher the speech level the larger is the distortion.
Hence the first few features extracted will not correspond to the
notionally similar stored features, 25 and this can often result in poor
recognition performance. The present invention seeks to provide a solution
to this problem. According to the present invention there is provided a
speech processor comprising an input to receive speech signals; signal
processing means to extract spectral parameters from said speech signals;
an analogue to digital converter to digitise said extracted parameters; an
automatic gain control means to 30 control the signal level applied to said
converter; characterised in that the spectral parameters are stored at
least temporarily, and for each such stored parameter a gain coefficient
indicative of the gain applied by the gain control means is also stored;
and in that at the end of a sampling period the gain coefficients stored in
that period are, if different, set equal to the lowest gain coefficient
stored in that period, the magnitudes of the corresponding stored spectral
parameters being adjusted proportionally. 35     The invention also
provides a method according to claim 9 or 10. In a speech processor
according to the invention, configured as a speech recogniser, automatic
gain control is provided by a digitally switched attenuator, the gain of
which is determined by the microprocessor performing the speech
recognition. The microprocessor controls the gain to ensure that the
dynamic range of the Analogue to Digital converter (which occurs between
feature extraction and the microprocessor 40 controlling the recogniser
even when analogue AGCs are used) is not exceeded (except during the
adaption of the AGC). The principal difference between the known analogue
AGCs and the system according to the invention is that in the latter the
microprocessor has control of the gain setting and can therefore store the
gain used for each feature extracted. After the utterance has finished, the
microprocessor can determine the optimum gain setting for the complete
utterance. All the features stored are then normalised to this optimum 45
gain setting. By this means a consistent set of features are extracted
independent of the input signal gain. Embodiments of the invention will be
further described and explained by the reference to the accompanying
drawing, in which Figure 1   is a schematic diagram of a speech recogniser
according to the present invention. Throughout this patent application the
invention is described with reference to a speech recogniser 50 utilising
template-matching, but as those skilled in the art will be aware, the
invention is equally applicable to any of the conventional types of speech
recogniser, including those using stochastic modelling, Markov chains,
dynamic-timewarping and phoneme-recognition. Speech recognition is based on
comparing energy contours from a number (generally 8 to 16) of filter
channels. While speech is present, the energy spectrum from each filter
channel is digitized with an 55 Analogue to Digital (A-D) converter to
produce a template which is stored in a memory. The initial stage of
recognition is known as 'training' and consists of producing the reference
templates by speaking to the recogniser the words which are to be
recognised. Once reference templates have been made for the words to be
recognised, recognition of speech can be attempted. 



3    EP 0 248 609 B1 When the recogniser is exposed to an utterance, it
produces a test template which can be compared with the reference templates
in the memory to find the closest match. The fundamental elements of the
speech recogniser according to the present invention are shown in Figure 1.
Voice signals received by the microphone 1 and amplified by amplifier 2 are
passed to a filter 5  bank 3a. In the filter bank the voice signals are
filtered into a plurality (in this case 16) of frequency bands, and the
signals are rectified by rectifier 4. The filtered and rectified signals
are smoothed by low pass filters 3b and then sequentially sampled by a
multiplexer 5 which feeds the resultant single channel signal to the DAGC
circuit 8 which is turn feeds an Analogue to Digital converter 6 from which
the digitized signal stream is passed to the controlling microprocessor 7.
10     The multiplexer addresses each filter channel for 20 microseconds
before addressing the next one. At the end of each 10 millisecond time
slot, each channel's sampled energy for that period is stored. The
templates, which are produced during training or recognition, consist of
upto 100 timeslot samples for each filter channel. The digital AGC operates
in the following way. Each time the multiplexer addresses a filter channel,
the 15 microprocessor assesses the channel's energy level to determine
whether the A-D converter has been overloaded and hence that the gain is
too high. When the microprocessor determines that the gain is too high it
decrements the AGC's gain by 1 step, which corresponds to a reduction in
gain of 1.5dB, and looks again at the channel's energy level. The
multiplexer does not cycle to the next channel until the microprocessor has
determined that the gain has been reduced sufficiently to prevent
overloading of the A- 20 D converter. When the multiplexer does cycle to
the next filter channel, the gain of the AGC circuit is held at the new low
level unless that level results in the overloading of the A-D converter
with the new channel's energy level, in which case the gain is incremented
down as previously described. When the multiplexer has addressed the final
filter channel, the microprocessor normalises the energy levels of all the
channels by setting their gain coefficients (which have been stored
together with the energy level information in 25 memory 9 associated with
the microprocessor) to the new minimum established by the microprocessor.
In this way a consistent set of features are extracted independent of the
initial output signal gain and any changes in the gain during formation of
the template. The speech recogniser is also required to detect the
beginning and end of the speech or word with a high degree of accuracy. The
speech recogniser according to the present invention uses the following 30
technique: A. The energy level of the background noise is measured and
stored for 32 time slots (at 10 milliseconds a sample) while simultaneously
adjusting (reducing) the gains of the AGC circuit as described above to
cope with the maximum noise energy. B The maximum energy sample is found by
adding all the filter values for each time slot, dividing by 16 35    (the
number of filter channels) and multiplying by a gain factor corresponding
to the gain of the DAGC circuit, and then comparing each time slot to find
the maximum. C. The threshold which needs to be exceeded before speech is
deemed to be present is set to be equal to 1.5 times the maximum noise
energy determined in Step B. D. The average noise energy for each filter
channel is found and stored (for each channel it is the sum of 40
energies over all 32 time slots, divided by 32) to establish a noise
template. E. Thereafter, the filter bank is scanned every 10 milliseconds
and the data is stored in a temporary cyclic store, of 100 time samples,
until the average filter energy exceeds the noise/speech threshold
calculated in C. F. If the noise/speech threshold is not exceeded after 32
samples, a check is performed to ensure that 45   the gain of the DAGC
circuit is not set too low. This is done by looking at the maximum filter
channel value stored in those 32 time slots. If that maximum level is 1.5dB
or more below the maximum acceptable input level for the A-D converter, the
gain of the AGC is incremented by 1 to increase the gain by 1.5dB. If the
threshold is not exceeded after 32 samples and the DAGC setting is correct,
then the noise/speech threshold is recalculated by finding the maximum
energy over the last 32 samples (as 50   in B) and multiplying by 1.5 (as
in C). G. Once the noise/speech threshold has been exceeded the filter bank
is scanned every 10 milliseconds and the filter data is stored in memory,
to form the speech templates, until either 100 samples have been entered or
until the energy level drops below the noise/speech threshold for 20
consecutive samples. As 



described above, if during the data input the A-D converter is overloaded,
the AGC setting is 55    decremented by 1 and the data for that filter
channel is reprocessed. If during the scan of the 16 filter channels the
gain of the DAGC circuit is reduced, the data from all 16 channels is
re-input so that all the filter data corresponds to the same AGC setting.
The AGC value used is recorded in memory along with the filter data. The
AGC setting used at the start of each time slot is taken from the previous
time frame, 4    EP 0 248 609 B1 hence the gain can only be reduced (not
increased) during the speech processing phase. This is not a problem since
at the end of the template period all the template data is normalised to a
uniform AGC setting. H. To ensure that the start of speech was not missed
by the speech/noise detector threshold, the 15 5    time samples prior to
speech detection are transferred from the temporary cyclic store to the
front of the 'speech' template. I. If more than 100 samples were processed
prior to speech being detected, the noise template is recalculated by
analysing (as in D) the oldest 32 time frames in the temporary cyclic
store. If less than 100 samples were processed prior to speech being
detected, the noise template established in step D is 10   used in the
following steps. J. The minimum gain setting of the AGC over the speech
template is then found and both the speech and noise templates are
normalised to this setting, which results in both templates containing the
values that would have been entered had that gain been used from the start.
K. The normalised noise template is then subtracted from every time frame
of the normalised speech 15   template. L. The maximum energy in the
normalised speech template is now found and a new noise/speech threshold
calculated - equal to the maximum energy minus 18dB. This new threshold is
used to scan the normalised speech template to determine the start and
finish points of the speech. M. The speech template is then truncated to
the start and finish points and is either stored in memory 20   (training)
or is used for recognition. The following tabular example represents the
values stored after measuring the background noise for 320 milliseconds (32
time slots of 10 milliseconds each). Filter bank number 25 DAGC     2
3   4    5   6 7  8 9 10   11   12 13 14  15 16  energy 4  210 220 232 245
224 216 167 168 176 234 250 177 134 170 213 209 408 4  216 210 230  250
220 222 170 190 173 230 235 170 137 172 215 212 409 4  216 222 234 247 216
225 171 169 178 233 253 171 140 170 214 206 416 30    4  213 220 231 251
216 223 166  184 174 230 250 168 133 165 220  216 480 4  215 217 228 253
220  220 160  184 198 231 254 166   132 144 223 220  489 4  210 220 232 245
224 214 172 187 .177 235 253 148 136 172 214 287 487 4  216 220  232 245
224 214  147 188  176 234 256 177 134 176 213 289 408 4  211 216 236 256
226 222 176 196 173 236 255 178 137 172 215 212 489 T 4  210 222 234 247
216 225 171 189 176 233 253 171 148 178 214 208  418 4  213 220 231 251 218
223 166 164 174 238 250  148  133 165 229 216 488 M 4  215 217 228 253 220
226 146 186 188 231 254 144 132 164 223 228 478 4  216 228 232 245 224 214
172 187 177 235 253 148 130 172 214 267 487 F 4  210 220 232 245 224 214
147 188  174 234 2   177 134 176 213 289 4898 R 4  211 210 235 255 226 222
176 198  173 236 255 176 137 172 215 212 469 A 4  21  222    234 247 216
225 171 189   170   23 25  171 14  178 214  298  418 40  M 4  213 226 231
251 218 223 144 164 174 230 250 148 133 165 228 214 408 E 4  215 217 228
253 22 22 146 106 1n 231 254 1U 132 144 223 226 469 S 4  21U 228 232 245
224 214 172 167 177 23  253 14  130 172 214 267 467 4  216 228 232 245 224
216 147 1n  174 234 256 177 134 176 213 269 4U 4  211 216 23 250 226 222
170  190 173 238 255 178 137 172 215 212 489 4  213 222 234 247 216 225 171
189 178 233 253 171 148 178 214 208 418 45                   231 213  226
231 251 218 223 166 184 174 238 250 1    133 165 228 21  408 4  215 217 228
253 22 228 168   186  180 231 254 166  132 164 223 228 489 4  218 228 232
245 224 216 172 187 .177 235 253 168  130  172 214 287 487 



4  218   222 234 247 216 225 171 189 178 233 253 171 148 178  214 288 418 4
213 228 231 251 218 223 166 184 174 238 230 168 133 165 228 216 408 4  215
217 22  253 228 220  168  186 188  231 254 166 132 164 223 220 489 50    4
218 22  232 245 224 216 172 187 177 235 253 168 138 172 214 287 487 4  218
228 232 245 224 216 167 188 176 234 258 177 134  178 213 209 488 4  211 218
230 250  220 222 178 198  173 230 255 170 137 172 215 212 489 4  213 220
231 251 218 223 166 184 174 238 258 168  133 165 220 214 488 215 217 228
253 22 220 168 186 180 231 254 166 132 164 223 220 409 55 Average noise
template :- 212 219 231 248 228  220 167 187 176 232 252 169 134 169 217
212 5    EP 0 248 609 B1 A DAGC value of 4 is equivalent to a 6dB
attenuation of the signal going into the A/D, hence to calculate the "real"
energy all the filter bank values above would have to be doubled. Maximum
real energy (averaged over all filters) was:- 410 Threshold to be exceeded
to start/end template recording:- 615 5      Because the invention's
primary application is to voice recognition it has been described with
reference to that application. However, as those skilled in the art will be
aware, the invention is not only applicable to voice recognition, but is
applicable to practically any situation where voice signals are processed
for feature extraction. The speech processor according to the present
invention is particularly suitable for use in applications 10   where
background noise and variations in the level of that background noise are a
problem for known speech processors. One such application is in hands-free
telephony, and in particular hands-free telephony involving cellular radio
terminals. Such terminals are frequently used in cars, where it is
convenient to use speech recognition to provide hands-free call connection
and dialling. The problem arises however that wind, road and engine noise
fluctuate widely and make accurate recognition of speech difficult.
Clearly, if 15 speech recognition for hands-free telephony is to be fully
acceptable in this application it is necessary that the recogniser accepts
and acts correctly in response to voiced commands in the presence of
background noise, without routinely requiring that the commands be
repeated. The improved accuracy of recognition provided by the present
invention is of particular advantage in this application. 20 Claims 1. A
speech processor comprising an input (1) to receive speech signals; signal
processing means (3) to extract spectral parameters from said speech
signals; an analogue to digital converter (6) to digitise 25     said
extracted parameters; an automatic gain control means (8) to control the
signal level applied to said converter; characterised in that the spectral
parameters are stored at least temporarily, and for each such stored
parameter a gain coefficient indicative of the gain applied by the gain
control means is also stored; and in that at the end of a sampling period
the gain coefficients stored in that period are, if different, set equal to
the lowest gain coefficient stored in that period, the magnitudes of the 30
corresponding stored spectral parameters being adjusted proportionally. 2.
A speech processor as claimed in claim 1 in which each extracted spectral
parameter corresponds to the energy content of a particular frequency band
in a time slot of length t, further characterised in that for each
extracted parameter the signal level applied to the analogue to digital
converter is determined 35     in a small fraction of time t, and if the
signal level is greater than a predetermined level the gain is reduced and
the signal level re-assessed, the signal strength assessment and the gain
reduction being repeated within time slot t until the signal level is at a
finalised level not exceeding said predetermined level. 40  3  A speech
processor as claimed in claim 2 wherein said predetermined level is equal
to the maximum level which does not exceed the dynamic range of the
analogue to digital converter. 4. A speech processor as claimed in claim 2
or claim 3 wherein in a single time slot of length t spectral parameters
are established for a plurality of discrete frequency bands, further
characterised in that the 45     different frequency bands are addressed
sequentially, with the finalised gain coefficient of any frequency band
being used as the initial gain coefficient of the next addressed frequency
band. 



5. A speech processor as claimed in any one of claims 2 to 4 wherein the
sampling period is made up of a plurality of time slots of length t. 50 6.
A speech processor as claimed in any one of the preceding claims,
configured as a speech recogniser. 7. A speech processor as claimed in any
one of the preceding claims, wherein the gain control means comprises a
digitally switched attenuator under the control of a microprocessor one of
whose inputs is 55     connected to the digitised output of the analogue to
digital converter, the gain of the attenuator being determined by the
microprocessor. 6    EP 0 248 609 B1 A DAGC value of 4 is equivalent to a
6dB attenuation of the signal going into the A/D, hence to calculate the
"real" energy all the filter bank values above would have to be doubled.
Maximum real energy (averaged over all filters) was:- 410 Threshold to be
exceeded to start/end template recording:- 615 5      Because the
invention's primary application is to voice recognition it has been
described with reference to that application. However, as those skilled in
the art will be aware, the invention is not only applicable to voice
recognition, but is applicable to practically any situation where voice
signals are processed for feature extraction. The speech processor
according to the present invention is particularly suitable for use in
applications 10   where background noise and variations in the level of
that background noise are a problem for known speech processors. One such
application is in hands-free telephony, and in particular hands-free
telephony involving cellular radio terminals. Such terminals are frequently
used in cars, where it is convenient to use speech recognition to provide
hands-free call connection and dialling. The problem arises however that
wind, road and engine noise fluctuate widely and make accurate recognition
of speech difficult. Clearly, if is  speech recognition for hands-free
telephony is to be fully acceptable in this application it is necessary
that the recogniser accepts and acts correctly in response to voiced
commands in the presence of background noise, without routinely requiring
that the commands be repeated. The improved accuracy of recognition
provided by the present invention is of particular advantage in this
application. 20 Claims 1. A speech processor comprising an input (1) to
receive speech signals; signal processing means (3) to extract spectral
parameters from said speech signals; an analogue to digital converter (6)
to digitise 25     said extracted parameters; an automatic gain control
means (8) to control the signal level applied to said converter;
characterised in that the spectral parameters are stored at least
temporarily, and for each such stored parameter a gain coefficient
indicative of the gain applied by the gain control means is also stored;
and in that at the end of a sampling period the gain coefficients stored in
that period are, if different, set equal to the lowest gain coefficient
stored in that period, the magnitudes of the 30     corresponding stored
spectral parameters being adjusted proportionally. 2. A speech processor as
claimed in claim 1 in which each extracted spectral parameter corresponds
to the energy content of a particular frequency band in a time slot of
length t, further characterised in that for each extracted parameter the
signal level applied to the analogue to digital converter is determined 35
in a small fraction of time t, and if the signal level is greater than a
predetermined level the gain is reduced and the signal level re-assessed,
the signal strength assessment and the gain reduction being repeated within
time slot t until the signal level is at a finalised level not exceeding
said predetermined level. 40  3. A speech processor as claimed in claim 2
wherein said predetermined level is equal to the maximum level which does
not exceed the dynamic range of the analogue to digital converter. 4. A
speech processor as claimed in claim 2 or claim 3 wherein in a single time
slot of length t spectral parameters are established for a plurality of
discrete frequency bands, further characterised in that the 45
different frequency bands are addressed sequentially, with the finalised
gain coefficient of any frequency band being used as the initial gain
coefficient of the next addressed frequency band. 5. A speech processor as
claimed in any one of claims 2 to 4 wherein the sampling period is made up
of a plurality of time slots of length t. 50 



6. A speech processor as claimed in any one of the preceding claims,
configured as a speech recogniser. 7. A speech processor as claimed in any
one of the preceding claims, wherein the gain control means comprises a
digitally switched attenuator under the control of a microprocessor one of
whose inputs is 55     connected to the digitised output of the analogue to
digital converter, the gain of the attenuator being determined by the
microprocessor.    EP 0 248 609 B1 8. A cellular radio terminal comprising
a speech recogniser for selecting functions in response to voiced
instructions, characterised in that the speech recogniser comprises a
speech processor as claimed in any one of claims 1 to 5. 5     9. A method
of processing speech comprising: filtering an input speech signal into a
plurality of spectral components over a sampling period; sequentially
amplifying said plurality of spectral components by corresponding signal
gain factors; converting said amplified plurality of spectral components
into digital signals representing said spectral components; 10
measuring and storing signals representing (a) spectral components of the
input speech signal, and (b) said corresponding signal gain factors: and
adjusting the value of stored spectral components asso- ciated with at
least an initial portion of said speech signal so as to be based on the
smallest signal gain factor used in the sampling period to amplify
subsequent spectral components of said speech signal. 15  10. A method of
processing speech comprising: receiving input speech signals and providing
measured spectral parameter digital data therefrom including an automatic
gain adjustment adjusting the level of speech signal components being
measured but which, upon the initial portion of a speech signal may
inherently provide excessive signal gain which gain is thereafter
automatically adjusted to lesser levels during the continuance of the 20
speech signal; and storing and subsequently reducing excessive signal gain
factors associated with the speech signal components during at least said
initial portion of a speech signal to produce an optimised effective signal
gain over the entire speech signal, which optimised gain is based on the
smallest signal gain used during the continuance of the speech signal. 25
PatentansprUche 1. Sprachprozessor, der aufweist: einem Eingang (1), um
Sprachsignale zu empfangen; eine Signalverar- beitungseinrichtung (3), um
Spektralparameter aus den Sprachsignalen zu entnehmen; einen Analog- 30
Digital-Wandler (6), um die entnommenen Parameter zu digitalisieren; eine
automatische Verstarkungs- steuerungseirichtung (8), um den an den Wandler
angelegten Signalpegel zu steuern; dadurch gekenn- zeichnet, daB die
Spektralparameter zumindest vorUbergehend gespeichert werden und daB fUr
jeden solchen gespeicherten Parameter auch ein Verstarkungskoeffizient
gespeichert wird, der flr den an die Verstarkungssteuerungseinrichtung
angelegte Verstarkung anzeigend ist; und daB am Ende einer 35
Abtastperiode die gespeicherten Verstarkungskoeffizienten in dieser
Periode, wenn unterschiedlich, gleich dem niedrigsten in dieser Periode
gespeicherten Verstarkungskoeffizienten gesetzt werden, wobei die GroBen
der entsprechenden gespeicherten Spektralparameter proportional eingestellt
wer- den. 40  2. Sprachprozessor nach Anspruch 1, bei dem jeder entnommene
Spektralparameter dem Energiegebalt eines bestimmten Frequenzbandes in
einem Zeitschlitz der Lnge t entspricht, weiterhin dadurch gekennzeichnet,
daB ftr jeden entnommenen Parameter der an den Analog-Digital-Wandler
angelegte Signalpegel in einem kleinen Bruchteil der Zeit t bestimmt wird,
und wenn der Signalpegel gr6Ber als ein vorbestimmter Pegel ist, wird die
Verstarkung reduziert und der Signalpegel erneut bemessen, 45     wobei die
Signalst~rkebemessung und die Verstfrkungsreduzierung innerhalb des
Zeitschlitzes t wiederholt werden, bis der Signalpegel an einem Endpegel
ist, der den vorbestimmten Pegel nicht Uberschreitet. 3. Sprachprozessor
nach Anspruch 2, wobel der vorbestimmte Pegel gleich dem Maximalpegel ist,
der 50     nicht den Dynamikbereich des Analog-Digital-Wandlers
Oberschreitet. 4. Sprachprozessor nach Anspruch 2 oder 3, wobei in einem
einzelnen Zeitschlitz der LAnge t die spektrale Parameter far eine Vielzahl
von diskreten Frequenzbandern festgelegt werden, weiterhin dadurch
gekennzeichnet, daB die unterschiedlichen Frequenzbander sequentiell
adressiert werden, 55     wobei der Endverstiirkungskoeffizient jedes
Frequenzbandes als der anfangliche Verstarkungskoeffi- 



zient des nachsten adressierten Frequenzbandes verwendet wird. 7    EP 0
248 609 Bi 5. Sprachprozessor nach einem der Ansprlche 2 bis 4, wobel die
Abtastperiode sich aus einer Vielzahl von Zeitschlitzen der Lange t
zusammensetzt. 6. Sprachprozessor nach einem der vorhergehenden AnsprOche,
wobel dieser als Spracherkenner konfi- 5      guriert ist. 7.
Sprachprozessor nach einem der vorhergehenden AnsprOche, wobel die
Verstarkungssteuerungsein- richtung ein digital geschaltetes Dampfungsglied
unter der Steuerung eines Mikroprozessors aufweist, wobel einer dessen
EingInge mit dem Digitalausgang des Analog-Digital-Wandlers verbunden ist,
10     wobei die Verstirkung des Dampfungsglieds durch den Mikroprozessor
bestimmt wird. 8. Zellulares Funk-Endgerat, das einen Sprachorkenner zum
Wahlen von Funktionen in Antwort auf gesprochene Anweisungen aufweist,
dadurch gekennzeichnet, daB der Spracherkenner einen Sprach- prozessor nach
einem der Ansprache 1 bis 5 aufweist. 15 9. Verfahren zurn Verarbeiten von
Sprache, das aufweist; Filtem eines Eingabesprachsignals in eine Vielzahl
von Spektralkomponenten Uber eine Abtastperiode; sequentielles Verstarken
der Vielzahl von Spektralkomponenten durch entsprechende Signalverstar-
kungsfaktoren; 20     Umwandeln der verstirkten Vielzahl von
Spektralkomponenten in Digitalsignale, die die Spektralkompo- nenten
darstellen; Messen und Speichern von Signalen, die (a) Spektralkomponen ton
des Eingabe- sprachsignals und (b) die entsprechenden
Signalverstarkungsfaktoren darstellen; und Einstellen des Wertes der
gespeicherten Spektralkomponenten, die zumindest zu einem anfinglichen
Abschnitt des Sprachsignals gehoren, um auf dem kleinsten
Signalverstarkungsfaktor, der in der 25     Abtastperiode verwendet wird,
zu beruhen, um nachfolgende Spektralkomponenten des Sprachsignals innerhalb
der Abtastperiode zu verstarken. 10. Verfahren zum Verarbeiten von Sprache,
das aufweist: Empfangen von Eingabesprachsignalen und Bereitstellen von
davon gemessenen Spektralparameter- 30     Digitaldaten einschlieBlich
einer automatischen Verstlrkungseinstellung, die den Pegel der gemessenen
Sprachsignalkomponenten einstellt, die jedoch nach dem anfanglichen Teil
eines Sprachsignals inha- rent eine UbermaBige Signalverst-rkung
bereitstellen kann, welche Verstarkung danach automatisch auf geringere
Pagel wahrend des Fortlanfs des Sprachsignals eingestellt wird; und
Speichern und nachfolgendes Reduzieren UbermaBiger
Signalverstlrkungsfaktoren, die zu den 35     Sprachsignalkomponenten
wahrend zumindest des anfinglichen Teiles eines Sprachsignals geh6ren, um
eine optimierte offektive Signalverstarkung Uber das gesamte Sprachsignal
zu erzeugen, dessen optimierte Verstirkung auf der kleinsten
Signalverstarkung beruht, die wahrend des Fortlaufs des Sprachsignals
verwendet wird. 40 Revendlcatlons 1. Un processeur de parole comprenant une
entr6e (1) pour recevoir des signaux de parole; un moyen de traitement (3)
de signaux pour extraire des parambtres spectraux I partir desdits signaux
de parole; un convertisseur (6) d'analogique I numerique pour num6riser
lesdits parambtres extraits; un moyen (8) 45     de commande automatique de
gain pour commander le niveau de signal appliqu4 audit convertisseur;
caract~risd en co quo les parambtres spectraux sont m6moris6s au moins
temporairement et un coefficient de gain, indicatif du gain applique par le
moyen de commande de gain, est lul aussi m~moris6 pour chacun de ces
parametres memorisds; et en co quo les coefficients de gain mdmorisds dans
cette periode sont, s'ils sont diff6rents, rendus 6gaux & la fin de la
periode d'6chantillonnage au 50     coefficient de gain le plus faible
mdmoris5 dans cette p~riode, les amplitudes des parambtres spectraux
correspondants m~morisds dtant ajust6s de fagon proportionnelle. 2. Un
processeur de parole selon Ia revendication 1, dans lequel un parambtre
spectral extrait correspond h la toneur en 6nergie d'une bande particulibre
de frequence dans une tranche de temps d'une 55     longueur t, caract~ris4
en outre en ce quo le niveau de signal appliqu4 au convertisseur analogique
& num~rique est d6termin6, pour chaque parambtre extrait, dans une petite
fraction de temps t et le gain est reduit et le niveau de signal est
r44valul, si le niveau de signal est superieur & un niveau pr~ddtermind,
N'dvaluation de l'amplitude de signal et la reduction de gain 6tant
rdpet~es a l'int6rieur de 8             E1iil1ii ii  ll lll 



EP 0248609 Bi la tranche de temps t jusqu'a ce quo l niveau de signal soit
& un niveau finalis4 qui no depasse pas ledit niveau pr~ddtermin6. 3. Un
processeur de parole solon la revendication 2 dans loquel ledit niveau
pr~ddtermine est 6gal au a      niveau maximal qui ne ddpasse pas la plage
dynamique du convertisseur analogique A num~rique. 4. Un processeur de
parole solon la revendication 2 ou la revendication 3 dans loquel les
parambtres sont etablis, dans une tranche de temps unique d'une longuour t,
pour une s6rie de bandes discrbtes de fr6quence, caract~ris6 en outre en ce
que les diff6rentes bandes de frdquence sont adressdes en 10    s~quence,
le coefficient finalls6 de gain d'une bande de fr~quence quelconque 6tant
utilis6 comme coefficient initial de gain de la bande suivante de fr~quence
adressoe. 5. Un processeur de parole solon l'une quelconque des
revendications 2 & 4 dans loquel la pdriode d'4chantillonnage consiste en
une sdrie de tranches de temps de longueur t. 15 6. Un processeur de parole
solon l'une quelconque des revendications pr~cddentes, configure comme
dispositif de reconnaissance de parole. 7. Un processour de parole solon
l'une quelconque des revendications pr~cddentes, dans loquel le moyen 20
de commande de gain comprend un att~nuateur A commutation num~rique sous la
commande d'un microprocesseur dont l'une des entrdes est reliee a la sortie
num6risde du convertisseur analogique A numerique, le gain de l'att6nuateur
etant d~termin6 par le microprocesseur. 8  Un terminal collulaire de radio
comprenant un dispositif de reconnaissance de la parole pour choisir 25
des fonctions en rdponse & des instructions vocales, caract~ris6 en ce quo
le dispositif de reconnais- sance de parole comprend un processeur de
parole solon l'une quelconque des revendications 1 & 5. 9. Un proc~d6 de
filtrage de la parole comprenant les dtapes consistant &: filtrer un signal
de parole entrW en une sdrie de composantes spectrales pendant une p~riode
d'4chantillonnage; 30        amplifier en sequence la dite sdrie de
composantes spectrales par des facteurs correspondants de gain de signaux;
convertir la dite s6rie amplifi6e de composantes spectrales sous forme de
signaux numnriques repr~sentant lesdites composantes spectrales; mesurer et
mdmoriser des signaux representant (a) des composantes spectrales du signal
de 35     parole entr6, et (b) lesdits facteurs correspondants de gain de
signaux; et ajuster la valeur de composantes spectrales m6morisdes
assocides & au moins une partie initiale dudit signal de parole de fagon A
Otre basd sur le plus petit facteur de gain de signal utilis6 dans la
periode d'echantillonnage de manibre & amplifier des composantes spectrales
ult~rieures dudit signal de parole & l'int~rieur de la p~riode
d'4chantillonnage. 40 10. Un proced6 de traitement de la parole comprenant
les 6tapes consistant h: recevoir des signaux de parole entres et produire
& partir de ceux-ci des donndes numkriques mosurees de parambtres spectraux
incluant un ajustement automatique de gain qui ajuste le niveau de
composantes de signaux de parole en cours de mesure mais qui pout produire
de fagon inh~rente un 45     gain excessif de signal pendant la partie
initiale d'un signal de parole, gain qui est ensuite automatique- ment
ajust6 A des niveaux moindres pendant la poursuite du signal de parole; et
m6moriser puis rdduire, des facteurs de gain excessif de signal associds
aux composantes du signal de parole pendant au moins ladite partie initiale
du signal de parole de maniere & produire un signal de gain effectif
optimis6 sur tout le signal de parole, gain optimis6 quoi est base sur le
plus petit signal de gain utilis6 50     pendant la poursuite du signal de
parole. 55    


