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Description 

This invention relates to apparatus for processing 
speech signals for a communication line and to meth­
ods of processing speech signals In a voice signal 

~(._/ controller. 
"'- The use of analog speakerphones have been the 

primary hands free means of communicating during 
a telephone conversation for a great number of years. 
This convenient service ·has been obtained at the 
price of some limitations, however. 

There are two basic limitations that must be ad­
dressed in the design of analog as well as other 
speakerphones: a tendency for self e>Scillatlon or re­
generation and the generation of a reverberant return 
echo to a far-end talker. Both limitations are present 
because of the high gain needed in both an outgoing 
or transmit channel and an Incoming or receive chan­
nel of a speakerphone for acceptable hands free op­
eration. The signal in the transmit channel must be 

V amplified from a microphone associated with the 
speakerphone to a level high enough to comply with 
predefined telephone transmit specifications over a 
telephone's tip-ring connection. And the signal In the 
receive channel must be amplified from the tip-ring 
connection to a power level high enough to drive a 
loudspeaker also associated with the speakerphone. 
Undesirable coupling between these channels is pro­
vided by _both a two-wire to four-wire hybrid coupling 
path and the loudspeaker-to-microphone acoustic 
coupling path which respectively comprise the electri­
cal and acoustical portions of a local closed loop. This 
loop will typically have a gain much greater than unity 
and self oscillation will occur when uncompensated. 

Because of the proximity of the loudspeaker to 
the microphone in most speakerphone arrange­
ments, the speech level at the microphone resulting 
from speech at the loudspeaker Is typically much 
greaterthan that produced by the speakerphone user 

V or near-end party. This causes the far-end party's 
speech emanating from the loudspeaker to be cou­
pled into the microphone and back through the tele­
phone line to the far-end party. The result Is a loud 
and reverberant return echo heard by the far-end par-

~- . 

ty. 
Historically; these limitations have been ad­

dressed in the design of conventional analog speak­
erphones. The operation of conventional analog 
speakerphones Is well known and is described in an 
article by A. Busala, •Fundamental Considerations In 
the Design of a Voice-switched Speakerphone, • Bell 
System Technical Journal, Vol. 39, No. 2, March 1960, 
pp 265-294. Analog speakerphones generally use a 
switched;.loss technique through which the energy of 
the voice signals In both the transmit and the receive 
channels are sensed and a switching decision made 

.• based upon that Information. The voice signal having 
the highest energy level In either channel will be given 

a clear talking path and the voice signal in the other 
channel will be attenuated by having loss switched 
into Its talking path. If voice signals are not present in 
eitherthe transmit channel or the receive channel, the 

6 speakerphone typically goes to an "at rest" mode in 
which loss is switched Into the transmit channel, the 
receive channel or both channels. The amount of 
voice switched loss inserted into each talking path by 
variable loss elements Is determined by the margin 

10 necessary to guard against local loop self oscillation 
and is typically set by the position of the speaker­
phone volume control. 

Far-end reverberant return echo is not normally 
a limitation In the operation of conventional analog 

16 speakerphones since more loss is switched Into the 
transmit channel during the reception of receive 
speech to avoid self oscillation than is necessary to 
satisfactorily attenuate the return echo. Although 
these conventional analog speakerphones effectlve-

20 ly address the two basic limitations, In so doing they 
inherently introduce others: noise induced false 
switching; transmit and/or receive lock-out caused by 
background conversations or intermittent noise; and 
Initial clipping ·of syllables. Full duplex or •double talk-

26 Ing• Is also not possible with these speakerphones 
iince voice sWitched loss is always Inserted Into one 
or the other of the two channels. In recent more so­
phisticated v0ic'e switched speakerphones, which un­
der certain limited Ideal electrical and acoustical con-

30 ditions may operate In a near-full to full duplex mode, 
this return echo appears as a limitation and has to be 
addressed In the design of these speakerphones. 

Another approach for addressing the basic limit­
ations Inherent _in speakerphone design Is through 

36 employing echo cancelers therein. In operation, an 
echo canceler continuously estimates an Impulse re­
sponse between the speakerphone's loudspeaker 
and microphone and subtracts an echo estimate from 
the return path. The theory of operation of echo can-

40 celers and their use In reducing the effects of echoes 
and acoustic coupling between loudspeakers and mi­
crophones in close proximity Is described in detail in 
a number of references. A few of these are: R Cerutl 
and F. Plra, •Application of Echo-canceling Technl-

45 questoAudloconference,•Proc.oflEEElnterriational 
Conference on Acoustics, Speech, and Signal Proc­
essing, March 1982; 0. Horna, •cancellation of 
Acoustic Feedback,• COMSAT Technical Review, · 
Vol.12, Fall 1982. pp. 319-333; Y. ltoh, U. Maruyama, 

60 N. Furuya, and T. Araseki, •An Acioustlc Echo Cancel­
er for Teleconference, -Proc. of IEEE International 
Communications Conference, June 1985. pp. 46.6.1-
46.6.5; and B. Wldrow, S. D. Stearn~. Adaptive Signal 
Processing, Prentice-Hall, 1985. 

66 The adaptive filtering t$Qhnlques of echo cancel-

2 

ers Is thus known and has been employed In the 
transmit and receive channels in an echo canceling 
speakerphone, e.g. In the document WO-A-
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86103912. Through this approach, local loop loss can loss and without the unreliability and associated cost 
be effectively added to both the hybrid and acoustic of a very long ·adaptive filter for use as an acoustic 
coupling paths. The time span for the impulse re- echo canceler. 
sponse across the hybrid is typically on the order of 
4 milliseconds and this echo may be canceled with a 5 Brief Description of the Drawing 

;-:_,; relatively short adaptive filter In an echo canceler 
·J which cancels the electrical portion of the loop signal FIG. 1 depicts a general speakerphone circuit 

provided through the hybrid coupling path. The irn- and two types of coupling that most affect its op-

pulse response of the acoustic coupling path Is typi- eration; 
cally much longer, however, requiring a very long or 10 FIG. 2 is a block representation of the majorfuno-

cascadable adaptive filter In an echo ca_nceler for tlonal components of an echo canceler-suppres-

canceling the acoustic portion of the loop signal pro- sor speakerphone embodying the Invention; 

vided through the loudspeaker-to-microphone cou- FIG. 3 is a schematic of an amplifier and control 

piing path. In addition, because acoustic paths are section therefor tor limiting the gain of the ampll-

sensitive to any motion, the impulse response can 15 fier, both being employed in this Invention; and 

vary in time as the speakerphone user moves, the FIG. 4 depicts a flow chart illustrating the opera-

speakerphone is moved or the acoustic environment tion of the speakerphone of FIG. 1. 
changes, all resulting in little or no enhancement Throughout the drawings, the same elements 

When applied to the acoustic coupling path, there- when shown in more than one figure are designated 

fore, the echo canceling technique can be somewhat 20 by the same reference numerals. 

v unreliable and expensive to implement 
According to one aspect of this invention there Is Detailed Description 

provided apparatus as claimed In claim 1. 
According to another aspect of this Invention Referring·now to FIG. 1, there Is shown a general 

there is provided a method as claimed in claim 7. 25 speakerphone circuit 100 to which the invention can 

An arrangement of an echo canceler-supp~r be applied. This circuit Illustrates the hybrid or eleo-

speakerphone may effectively address the llmltatlons trical and acou~tlcal coupling that most affect the op-

of regeneration and reverberant return echo Inherent eration of a speakerphone being employed in a tele-

In the design of speakerphones. The tendency for re- phone connection. A hybrid 110 connects transmit 

generation may be eliminated by employing adaptive 30 and receive channels of the speakerphone to a tele-
.. echo cancellation in the receive channel to cancel phone line whose impedance may vary depending 
. , 

speakerphone talker echo across the hybrid and upon, tor example, its length from a central office, as 

thereby reduce the local loop gain to below unity. With well as other hybrids In the connection. And the hybrid 

. this arrangement, the receive channel remains open 110 only provides a best case approximation to a per-

at all times. Receive speech Is never Interrupted irres- 35 feet Impedance match to this line. A part of the signal 

pective of whether the speakerphone user Is talking In the transmit channel to the hybrid 11 O thus returns 
or not over the receive channel as hybrid coupling or side-

The generation of a reverberant return echo to tone. With ttiis limitation and the Inevitable acoustic 

the far-end party may be avoided by employing adap- coupling between a loudspeaker 111 and a micro-
\..,./ tive echo suppression In the transmit channel. A vari- 40 phone 112, transmit and receive loss controls 113 and 

able gain element in the transmit channel Is controlled 114 are Inserted in the appropriate channels to avoid 

. solely by the receive signal level at a loudspeaker as- regeneration or self oscillation. 
sociated with the speakerphone. Thus transmit chan- Referring next to FIG. 2, there Is shown an echo 

nel gain is reduced only when a receive signal Is pres- canceler-suppressor speakerphone including circuit 

ent at the loudspeaker and the gain reduction Is ap- 45 components suitable for use in the general speaker-

plied only to the extent necessary to suppress the re- phone circuit 100 of FIG. 1. As illustrated, the hybrid 

verberant return echo to an acceptable level. 110 Is employed for connecting the speakerphone 
The speakerphone may be virtually duplex from configured in a tour-wire circuit configuration with a 

the idle mode. There is no Initial clipping of transmit trip-ring line 201 to a central office. It Is to be under-

or receive speech when eitherthe near-end or far-end 50 stood that If the speakerphone was implemented In a 

party beg.Ins speaking, regardless of speech level. digital telephone envlron'11ent, the hybrid 110 would 

Moreover, since the receive channel remains open at not be required. Speech from a speakerphone user is 
all times, •double talking• is also achieved during nor- picked up by the microphone 112 and coupled 

mal operation of the arrangement through the transmit channel via a microphone pre-
Thus this arrangement of Implementing the 55 amplifier 212, an echo sup.presslon varlolosser 214 

speakerphone functions avoids the limitations inher- and a transmit channel amplifier 213 to the hybrid 
ant in speakerphone design without introducing the 110. Transmit channel gain Is provided by the micro-

undesirable effects of conventional voice-switched phone preamplifier 212 and the transmit channel am-

3 
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,: 

plifier 213. Speech from a far-end party is r,eceived signal from the transmit channel through an adaptive 

by the hybrid 110 and coupled through the receive digital transversal filter In the canceler. Coefficients 

channel via a receive channel amplifier 222, an ana- In the filter are updated based on minimizing the dif-

log-to-digital converter 224, an echo canceler 225, a ference between the echo canceler output and the 

digital-to-analog converter 226, a volume control 300 5 reference inpul An echo canceler error signal contin-

A~ and a poweramplifler223 to the loudspeaker 111. Re- ually provided to the control unit 231 by the echo can-

celve channel gain is provided by the receive channel celer reflects this difference. This sample error signal 

ampllfler222 and the power amplifier 223 analog with Is used by the canceler In updating the coefficients In 

the volume control 300. the filter. 
After amplification by the receive channel ampli- 10 The duration of the impulse response of the echo 

fler 222, the speech from the far-end party is coupled path determines the number of taps necessary in the 

to the analog-to-digital converter 224 where.It is con- filter. At an 8 KHz sampling rate, for example, 64 taps 

verted to a digital signal and provided to a first input (8 milliseconds) are generally sufficient to cancel the 

to the echo canceler 225. This digital signal is also echo. When the transfer function of the filter is adapt-

provided to a control unit 231. This control unit 231 15 ed to be the same as that of the hybrid coupling path, 

provides control functions for the speakerphone, complete cancellation of the echo is achieved with 

some of which are described In detail later herein. A negligible measurable error. In that the canceler is not 

digital signal processor having part number TMS provided in advance with a transferfunctlon of the hy-

32010 is available from Texas Instrument and Is suit- brid coupling path, it continuously adapts the coeffl-

able for use as control unit 231 with the appropriate 20 clents of the filter when adapting is permitted by the 

\ .. ) coding. control unit 231. There are many echo cancelers pre-

After amplification by the transmit channel ampli- sently available and suitable for use In implementing 

fler 213, a sample of the speech sign.al in the transmit the canceler function required by the canceler 225. 

channel Is similarly coupled to an analog-to-digital One such canceler is an AT&T 25780 cascadable 

converter 232 where It is converted to a digital signal 25 echo canceler. 
and provided as a reference signal to a second. input The limitation associated with the generation of 

to the echo canceler 225. This sample of the speech a reverberant return echo to a far-end talker Is ad-

signal In the transmit channel Is also provided to the dressed in the echo canceler-suppressor speaker-

control unit 231. The control unit 231 compares the phone by employing an adaptive varlolosser 214 In 

relative levels of the two signals provided by analog- 30 the transmit channel. This varlolosser 214 Inserts a 

to-digital converter 224 and analog-to-digital conver- variable amount of loss in the transmit channel In re-

ter 232. If the signal from analog-to-digital converter sponse to the level of receive speech present at the 

224 Is higher than the signal from analog-to-digital loudspeaker 111. A sample of the signal provided to 
converter 232, the control unit 231 assumes that the loudspeaker 111 Is rectified and filtered by a rec-

speech Is being received by the hybrid from a far-end 35 tifier and filter section 233 to achieve a very fast (less 

party. If, on the other hand, the speech frorri analog- than 1 millisecond) attack time and a release time 

to-digital converter 232 ls higher than the signal from consistent with typical room reverberation time and 

analog-to-digital converter 224, the control unit 231 the burst nature of speech (approximately 150 milli-

assumes that speech Is being provided in the transmit seconds). The rectified and filtered signal is then con-
;,_.: channel by the near-end party. Certain other condl- 40 verted to a logarithmic control signal by a logarithmic 

tions are possible and are considered by the control amplifier 234. 
unit 231 in Combination with the relative levels of A threshold d~tector 235 receives the output of 

these two signals. These other possibilities are the logarithmic amplifier 234 and prevents low level 

shown In the flow chart of FIG. 4 and also described signals at the loudspeaker 111 from causing a reduc-

later herein. 45 tion in the transmit channel gain. Once the echo can-

The sample of the speech signal in'the transmit celer 225 has adapted, such low level signals result 

channel is used by the echo canceler 225 to generate In negligible far-end return echo and are therefore not 

a replica of the Impulse response of the speech in the coupled to the echo suppression 'Varlolosser 214 by 

hybrid coupling path which Is subtracted from the the threshold detector 235. The threshold of threshold 

combination of the far-end speech plus the local echo 60 detector 235 is preset to a level dependent upon the 

provided by the hybrid 110 to yield only the farend acoustic coupling between the loudspeaker 111 and 

speech as the output from the echo canceler 225. In the microphone 112 in a particular environment 
this manner, the transmit signal provided· across the In the absence of receive speech orwhen receive 

hybrid coupling path into the receive channel Is can- speech at the loudspeaker 111 is at a very low level, 

eel ed. 66 speech from the near-end_ party at the microphone 

In the operation of the echo canceler 225 In great- 112 Is amplified to a first level by the preamplifier 

. er detail, a replica of the echo signal Is generated by 212, passes through the echo suppression varioloss-

passing as a reference input the sample of the speech er 214 .unattenuated, amplified to a second level by 

4 
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the transmit channel amplifier 213 and then coupled of 1 O dB less than the maximum gain that might other-
to the tip-ring line by the hybrid 11 O. When the receive wise be set by the user controlled volume control 300 
speech level at the loudspeaker 111 exceeds the and Is implemented to prevent the possible occur-
threshold of the threshold detector 235, the transmit rence of local loop regeneration. This is required If the 
channel gain is reduced by the varlolosser214 in pro- 5 echo canceler· 225 has not yet adapted to the near-

kV portion to the signal level at the loudspeaker. Since end generated speech in the transmit channel or is re-

both the transmit and receive channels are fully open quired to readapt as determined by control circuit231. 

in the absence of speech, no thresholds have to be Referring next to FIG, 3, there Is shown the sche-

overcome In either direction before full gain is sch- matic of an amplifier and control section suitable for 

ieved. This speakerphone Is therefore at full duplex In 10 use In volume control 300 for preventing local loop re-

the idle mode and clipping of initial syllables does not generation in the speakerphone. A received signal 

occur. Moreover, receive speech is never interrupted from the digital-to-analog converter 226 shown in 

whether the near-end party Is talking or not since dur- FIG. 2 is provided over line 301 to the non-inverting 

ing normal operation the receive channel remains input of an amplifier 310. This signal is coupled 

fully open. This advantage is especially apparent dur- 15 through capacitor 311 and serially arranged resistors 

Ing teleconferencing when more than one person is comprising variable resistor 312 and resistor 313. 

using the speakerphone and background converse- Feedback resistance comprising serially arranged re-

tlons are occurring. In addition, In the presence of re- slstor 314 and resistor 315 along with reference resls-

ceive speech, only as much loss Is Inserted Into the tor 316 are also induded as circuitry associated with 

transmit channel as Is necessary to reduce return 20 the amplifier310. The outputofamplifier310 Is cou-

\.,_.; echo to the far-end party to an acceptable level. The pied to the power amplifier 223, shown in FIG. 1 over 

amoilnt of loss Inserted by the varlolosser 214 Is de- line 303. 
termined not by the local loop gain, therefore, but Variable resistors 312 and 314 are ganged to-

rather by the current receive speech level at the loud- gether and comprise the user adjustable volume con-

speaker 111. 25 trol. Bridged across variable resistor 314 is an analog 

In the operation of the echo canceler-suppressor switch which pl'OVldes the functionality of a single 

speakerphone, high volume control settings in con- pole, double throw switch 320,.as shown. The position 

junction with low level receive speech tend to produce of this switch Is determined by the control unit 231 

echo canceler filter coefficient divergence. This filter which provides a volume control set and res~t flag 

coefficient divergence could possibly result In local 30 over line 302. The amplifier thus operates at two va-

loop regeneration. This Instability Is most likely to oc- rlable levels, a first level determined by the speaker-

cur if these conditions are met before the echo can- phone user and a second level designed to maintain 

celer has been allowed to adapt to near-end generat- stability in the local loop of the speakerphone while 

ed speech In the transmit channel. By way of exam- the echo canceler 225 Is adapting. 
pie, at high volume control settings, gain exists be- 35 In response to the set flag, the speakerphone op-

tween the echo canceler receive channel Input and erates at the volume level set by the speakerphone 

the transmit channel reference Input via the acoustic user. Responsive to the reset flag, the switch 320 re-

_coupling path. During normal operation of the speak- duces to a reduced variable level the maximum gain 

erphone, receive channel signals appearing at a level from the amplifier 310 by limiting the maximum level 

~- above the threshold In the threshold detector 235 are 40 of feedback resistance insertable by the speaker-

coupled to the echo suppression varlolosser 214 phone user across the amplifier 310. Amplification in 

which inserts sufficient loss to eliminate this gain. Re- this type of amplifier Is such that the greater the feed-
ceive channel signals below this threshold, however, back resistance, the greater the amplification from 
are blocked by the threshold detector 235 and do not the amplifier. 
insert loss into the echo suppression variolosser 214. 45 In order to maintain stability In the operation of 

Hence, these low level signals are coupled from the the speakerphone, the volume control 300 limits the 
receive channel into the transmit channel via the maximum level to which signals in the receive chan-
acoustic coupling path without a corresponding level nel may be amplified before the echo canceler 225 
of loss being Inserted Into the varlolosser 214. If the has had a chance to adapt After stabilization and dur-

gain provided by these low level signals is left uncom- 50 Ing normal operation, the speakerphone user may se-
pensated, the echo canceler 225 attempts to adapt to lect the normal operating range of volume control lev-
this receive speech In the transmit channel. els. Since the upper end of this range is much greater 

In order to preventthe echo canceler 225 from at- than is permitted during adapting. by the echo cancel-
tempting to adapt to this speech, a reduction in the er, operation In this range is prohibited by the control 

maximum level of the receive channel gain is provld- 55 unit 231 until after the echo .canceler 225 has adapt-
ed. ·The basis for this reduction is determined by the ed. 
control unit 231 which senses that the speakerphone An explanation as to how this arrangement pro-
might become unstable. This reduction is on the order vides for a variable volume control at both a high level 

5 
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volume range and a reduced volume level range Is volume level change is apparent only when the user 
provided. During normal operation in the high level has the volume control set at the upper end of of its 
volume level range (set flag activated), as the tap on normal operating range. 
variable resistor 312 is moved toward the capacitor Referring ·now to FIG. 4, there Is shown a flow 
311 and the tap on variable resistor 314 is moved to- 5 chart illustrating a processing task performed by the 

!'._! ward the output of the amplifier 310, the gain at the circuitry of FIGS. 2 and 3. This processing operation 
output terminal of amplifier 31 O accordingly Increases will be more easily understood if the circuitry of FIGS. 
to its maximum possible level. During operation In the 2 and 3 are both referenced In combination with this 
reduced volume level range (reset flag activated), flow chart. The processing task is advantageously de-
moving the tap on variable resistor 312 towards the 10 termlned by a process or program stored in control 

capacitor 311 still causes an Increase In the output unit 231. The processing task is one of many per-
voltage of the amplifier 310. As the tap on variable re- formed by the control unit 231 and is., therefore en-
sistor 314 moves toward the output terminal of the tered once each 125 microseconds. 
amplifier 310, however, the gain at the output of am- The processing task Is entered at decision 401 

pllfler 310 due to this variable resistor is decreased 16 where it determines If far-end speech is present. lffar-

accordingly since in this operating configuration the end speech Is present, the process advances to step 

feedback resistance decreases as the volume control 402 where the coefficient freeze flag to the echo can-
ts Increased. The net effect is that the output of the celer225 ls set and then the processing task is exited. 
volume control unit 300 increases somewhat, but at In this step 402, the speakerphone is prevented from 

a greatly reduced level from that available during op- '20 adapting whenever far-end speech is present This is 

\ ... .! eration In the high volume level range. achieved by freezing the coefficients in the echo can-
If during normal operations, the control unit 231 celer In their existing positions. If at step 401, far-end 

detects that the speakerphone might become un- speeeh Is not present then the process is allowed to 
stable, the control unit requires the echo canceler to advance to step 403. At step 403, the process calcu-
readapt to ~he transmit speech. For this condlt!Qn, 26 la~ the. power or magnitude of the echo canceler er-
and with reference again to FIG. 2, the control uriit r0r ·and tlien advances· to decision 405. At this deci-

231 provides the reset flag to the switch 320 reducing slon 405; the process determines If the echo canceler 

the gain available in the receive channel from the vol- has adapted by comparing the error calculated in step 

ume control 300. The control unit 231 determines 403 with that of the canceler reference input. If the 
when to have the echo canceler 225 readapt to trans- 30 echo canceler has adapted, the pr<>Cess next advanc-
mttspeech by monitoring the signal level at the output es to step 406 where an unadapted counter is set 
of transmit channel amplifier 213, provided by digital- The unadapted counter along with an adapted 
to-analog converter232, also the signal level present- counter are both used in the processing task for pro-
ed to the echo canceler 225 by the analog-to-digital viding control functions for the .speakerphone. In op-
converter 224, and also the echo canceler error signal 35 eration, the unadapted counter ts preset to a given 
provided by the echo canceler 225. The conditions . count once the process indicates that the speaker-
thatin combination cause the echo canceler 225 to re- phone is adapted as in decision 405. To guard against 
adapt are: when the output of the transmit channel a few samples causing the echo canceler to prema-
amplifier 213 exceeds a certain threshold; when the turely readapt, multiple samples reflective of such 

\ ' ......_.., relative level of the signal presented to the echo can- 40 need are required before the echo canceler ts config-
. celer 225 by the analog-to-digital converter 224 Is ured permitting It to adapt In one illustrated embodi-
less than the signal at the QUtput of the transmit chan- ment, the unadapted counter Is preset to a count Of 
nel amplifier 213; and when the difference between 1,024. In this embodiment, therefore, 1,024 samples 
the level of the output of the transmit channel ampli- indicating that the speakerphone.ls unadapted must 
fier and the echo canceler error signal Is less than a 45 be provided before the unadapted counter is decre-
certain threshold. The control unit 231, detecting the mented to zero. Since a sample may be provided 
presence of these conditions for a predefined period, each time the processing task is performed (every 
assumes that an unstable state exists and thus re- 125 microseconds), the minimum time required to 
quires the echo canceler 225 to readapt to a signal In decrement the unadapted counter to zero is 0.128 
the transmit channel from the near-end location. 50 seconds. 

For most normal mid-range operating volume lev- To similarly guard against a few samples from the 
els, no appreciable change In the gain of the amplifier echo canceler prematurely Indicating that it has 
310 to prevent self oscillation is necessary. And no adapted, multiple samples reflective of such need are 
change Is necessary at the low-range operating vol- · also required before it Is considered to have adapted. 
ume levels. During operation of the speakerphone at 55 In the illustrated embodiment, the adapted counter is 
these levels, the perceived level of receive speech set at a count of 8, 192. Thus 8, 192 samples Indicating 
provided to a near-end user while the echo canceler that the speakerphone Is adapted must be provided 
is adapting and after it has adapted is the same. The before the adapted counter is decremented to zero. 

6 
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Since a sample may be provided each time the proc- to be understood, therefore, that within the scope of 
essing task Is performed, the minimum time required the appended claims the Invention may be practiced 
to decrement the adapted counter to zero is 1.024 otherwise than as specifically· described. 
seconds. 

I 
After the processing step 406, the process next 5. 

' advances to decision 407 where it Is determined if the Claims ; ·~ 

adapted counter Is set at zero. If set to zero, the proc-
ess advances to step 409 where the volume control 1. An apparatus for processing speech signals for a 
set flag Is activated_ and the coefficient freeze flag Is communication line (201), the apparatus lnclud-
set. The processing task is then exited. If the adapted 10 Ing a transmit signal path for transmitting speech 
counter is not set to zero the process advances to signals to the communication line and a receive 
step 408 where the adapted counter Is decremented signal path for receiving speech signals from the 
and then the processing task Is exited. communication line, the apparatus comprising: 

. Referring once again to d~clslon 405, if the echo loss insertion means (214) In the transmit 
canceler is not adapted, the process advances to step 15 signal path for attenuating the speech signals for 
41 O where the adapted counter is set From this step, transmission over the communication line; 
the process advances to decision 411 where a deter- echo canceling means (225) in the receive 
mlnatlon is made as to whether the volume control set signal path for canceling transmit speech signals 
flag is activated. If the volume control set flag is not appearing In the receive signal path; and charac-

rr:, activated, the process advances to step 412 where 20 terlsed by: 
'· . ' the coefficient freeze flag is reset and then the proc- means (233) for measuring the level of 

esslng task is exited. Resetting the coefflcientfreeze speech signals received from the communication 
flag unfreezes the coefficients In the echo canceler line; and 
225 and permits it to adapt as is possible when near- lo8s adjusting means (234,235) operably 
end generated sounds are present. If the volume con- 25 responsive.to the measuring means for propor-· 
trol flag is activated at step 411, however, the process tionally adjusting the level of attenuation Inserted 
then advances to decision 413 where a deterinlnatlon by·the loss Insertion means into the transmit path : 
is made as to whether low level reeelve signals are In response to the level of the speech signals re-
present. If low level receive signals are present, the ceived from the communication line~ 
process advances to step 409 where the volume con- 30 

trol set flag is activated and the coefficient freeze flag 2. The apparatus for processing speech signals as 
is set and the processing task then exited. If low level In claim 1 wherein the loss adjusting means in-
receive signals are not present at step 413, the proc- eludes a predetermined threshold coupling level 
ess advances to decision 414 where It Is determined and comparison means (235) for comparing the 
if the unadapted counter has decremented to zero. If 35 speech signal received from the communication 
the unadapted counter is not set at zero, the process line with the threshold coupling level, the loss ad-
ae!vances to step 416 where the unadapted counter Is justing means being operabl~ for proportionally 
decremented. The processing task next advances to adjusting the level of attenuation Inserted by the 
step 409 where the volume control set flag Is activat- loss insertion means (214) Into the transmit path 
ed and the coefficient freeze flag is set. If In step 414 4() when the level of the received speech signal ex-
the unadapted counter Is set at zero, however, the ceeds that of the threshold coupling level. 
processing task advances to step 415 where the vol-
ume control reset flag is activated permitting opera- 3. The apparatus for processing speech signals as 
tion atthe reduced maximum volume levels set by the in claim 1 further including means (232) for meas-
control unlt231 and the coefficientfreezeflag Is reset 45 uring the level of the transmit speech signals pro-
enabling the coefficients in the canceler 225 to re- vided by the apparatus to the communication line 
adapt as appropriate to near-end generated sounds in for transmission thereover. 
the transmit channel. The processing task is then ex-
ited. 4. The apparatus for processing speech signals as 

Although a specific embodiment of the invention 50 in claim 3 further comprising receive speech level 
has been shown and described, It will be understood adjusting means (300) in the receive path for con-
that it is but Illustrative and that various modifications trolling the level of the speech signals received 
may be made therein without departing from the from the communication lfne, the receive speech 
scope of the invention as defined in the appended level adjusting means being operable both in a 
claims. An example of such a modification is a speak- 55 first condition and in a second condition, opera-
erphone employing a single digital signal processor tion of the receive speech level adjusting means 
which. is capable of Implementing both the echo can- In the first condition providing a first range of 
cellation function and the control logic function. -It is available signal levels and In the second condl-
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Since a sample may be provided each time the proc- to be·understOOd; therefore, that within the scope of 

essing task is performed, the minimum time required the appended claims the invention may be practiced 
to decrement the adapted counter to zero is 1.024 otherwise than as specifically described. 
seconds. 

After the processing step 406, the process next 5 .. ,.,..._., advances to decision 407 where it is determined If the Cl alms 
adapted counter Is set at zero. If set to zero, the proc-
ess advances to step 409 where the volume control 1. An apparatus for processing speech signals for a 

set flag Is activated and the coefficient freeze flag Is communication line (201), the apparatus lnclud-
set The processing task Is then exited. If the adapted 10 Ing a transmit signal path for transmitting speech 

counter Is not set to zero the process advances to signals to the communication line and a receive 

step 408 where the adapted counter is decremented signal path for receiving speech signals from the 

and then the processing task is exited. communication line, the apparatus comprising: 

Referring once again to decision 405, if the echo loss insertion means (214) In the transmit 

canceler Is not adapted, the process advances to step 15 signal path for attenuating the speech signals for 

41 O where the adapted counter is set From this step, transmission over the communication line; 
the process advances to decision 411 where a deter- echo canceling means (225) in the receive 

minatlon is made as to whether the volume control set signal path for canceling transmit speech signals 

flag Is activated. If the volume control set flag Is not appearing in the receive signal path; and charac-

activated, the process advances to step 412 where 20 terised by: 
-~ .- the coefficient freeze flag Is reset and then th• proc- means (233) for measuring the level of 'J 

easing task Is exited. Resetting the coefficient freeze speech signals received from the communication 

flag unfreezes the coefficients In the echo canceler llne; and 
225 and permits It to adapt as Is possible when near- lois adjusting means (234,235) operably 

end generated sounds are present If the volume con- 26 responsive to the measuring means for proper-

trot flag Is activated atstep411, however, the process tionally adjusting the level Of attenuation inserted 

then advances to decision 413 where a determination by the loss insertion means into the transmit path 

is made as to whether low level receive signals are in response to the level of the speech signals re-

present If tow level receive signals are present, the ceived from the communication llne. 
process advances to step 409 where the volume con- 30 

trol set flag.ls activated and the coefficient freeze flag 2. The apparatus for processing speech signals as 
Is set and the processing task then exited. If low level. in claim 1 wherein· the toss adjusting means In-

receive signals are not present at step 413, the proc- eludes a predetermined threshold coupling level 

ess advances to decision 414 where it is determined and comparison means (235) for comparing the 

if the unadapted counter has decremented to zero. If 35 speech signal received from the communication 
the unadapted counter is not set at zero, the process line with the threshold coupling level, the loss ad-

a~nces to step 416 where the unadapted counter is justing means being operabl~ for proportionally 
decremented. The processing task next advances to adjusting the level of attenuation inserted by the 
step 409 where the volume control set flag is activat- loss insertion means (214) into the transmit path 

\._,i ed and the coefficient freeze flag is set If in step 414 40 when the level Of the received speech signal ex-
the unadapted counter is set at zero, however, the ceeds that of the threshold coupling level. 
processing task advances to step 415 where the vol-
ume control reset flag Is activated permitting opera- 3. The apparatus for processing speech signals as 
tion at the reduced maximum volume levels set by the In claim 1 further Including means (232) for meas-
control unit231 and the coefflcientfreeze flag is reset 45 urtng the level of the transmit speech signals pro-
enabling the coefficients in the canceler 225 to re- vlded by the apparatus to the communication line 
adapt as appropriate to near-end generated sounds in for transmission thereover. 
the transmit channel. The processing task is then ex-
itad. 4. The apparatus for processing speech signals as 

Although a specific embodiment of the Invention 50 in claim 3further comprising receive speech level 
. has been shown and described, It will be understood adjusting means (300) in the receive path for con-
that it is but Illustrative and that various modifications trolling the level of the speech signals received 
may be made therein without departing from the from the communication line, the receive speech 
scope of the invention as defined in the appended level adjusting means being operable both in a 
claims. An example of such a modification is a speak- 56 first condition and In a .. second condition, opera-
erphone employing a single digital signal processor tlon of the receive speech level adjusting means 
which_ ls capable of implementing both the echo can- In the first condition providing a first range of 

cellatlon function and the control logic function. It Is available signal levels and In the second condl-

7 



13 EP 0 400 979 81 14 11111111 llllll lllll lllll ll llll 
* C L M S * 

tion providing a second reduced range of avail- uring a predetermined threshold coupling level 
able signal levels. and comparing the speech signal received from 

the communication line with the threshold cou-
5. The apparatus for processing speech signals as piing level, the level adjusting step being oper-

in claim 4 further comprising control means (231) 5 able for proportionally adjusting the level of at-
,";,_,; for controlllng the receive speech level adjusting tenuatlon Inserted by the loss Inserting step In the 

means, the control means configuring the re- transmit path when the level of the received 
ceive speech level adjusting means for operation speech signal exceeds that of the threshold cou-
in either the first condition or the second condi- piing level. 
tlon. 10 

9. The method of processing speech signals in a 
8. The apparatus for processing speech signals as voice signal controller as in claim 7 further includ-

in claim 5 wherein the echo canceling means Ing the step of measuring the level of the transmit 
(225) requires a period of time to adapt.for can- speech signals provided to the communication 
cellng the transmit speech signals appearing in 15 line for transmission thereover. 
the receive signal path, the echo canceling 
means providing an error adapting signal to the 1 O. The method of processing speech signals in a 
control means (231), responsive to this error voice signal controller as in claim 9 further lnclud-
adapting signal and to receipt of select relative ing the step of adjusting the level of the speech 
signal levels from the transmit speech level 20 signals received from the communication line, 

\. .. ) measuring means (232). and the receive speech the receive speech level adjusting step being op-
level measuring means (233), the control means erable both in a first condition and In a second 
determining the level of adaption by the echo condition, operation of the receive speech level 
canceling means to the transmit speech signals, adjusting· step In the first condition providing a 
the control means (231) configuring the receive 25 first range of available signal levels and in the 
speech level adjusting means for operation In the sec;ond condition providing a second reduced 
first condition when the echo canceling means is range of available signal levels. 
adapted to the transmit speech and configuring 
the receive speech level adjusting means for op- 11. The method of processing speech signals in a 
eration In the second condition during the time 30 voice signal controller as In claim 10 further In-
period when the echo canceling means Is not eluding the step of controlling the receive speech 
adapted to the transmit speech. level adjusting step, the controlling step configur-

ing the receive speech level adjusting step for op-
1. A method of processing speech signals in a voice eration In either the first condition or the second 

signal controller, the voice signal controller being 35 condition. 
connectable to a communication line (201) and 
including a transmit signal path for transmitting 12. The method of processing speech signals In a 
speech signals to the communication line and a voice signal controller as In claim 11 wherein the 
receive signal path for receiving speech signals time variant signal Inserting step requires a peri-

\.._,/ from the communication line, the method com- 40 od of time to adapt to the transmit speech signals 
prising the steps of: appearing in the receive signal path for canceling 

Inserting loss in the transmit signal path these transmit speech signals, the time variant 
for attenuating the speech signals for transmis- signal inserting step providing an· error adapting 
sion over the communication line; signal to the controlling step, responsive to this 

Inserting a time variant signal in the re- 45 error adapting signal and to receipt of select rel-
celve signal path for canceling transmit speech ative signal levels provided by the transmit 
signals appearing In the receive signal path; and speech level measuring step and the receive 
characterised by : speech level measuring step, the controlling step 

measuring the level of speech signals re- determining the level of adaption by the time va-
celved from the communication line; and 50 rlant signal Inserting step to the transmit speech 

proportionally adjusting the level of at- signals, the controlling step configuring the re-
tenuation inserted by ~he loss Insertion step into ceive speech level adjusting step for operation In 
the transmit path responsive to the receive the first condition when the time variant signal in-
speech signals measuring step. sertlng step Is adapted to the transmit speech 

55 and configuring the re~ive speech level adjust-
8. The method of processing speech signals In a Ing step for operation In the second condition dur-

voice signal controller as in claim 7 wherein the Ing the time period when the time variant signal 
level adjusting step Includes the steps of meas- inserting step is not adapted to the transmit 
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speech. 1st, die van der Vorrlchtung an die Kommunikati-

onsleitung zur Sendung ilber diese geliefert wird. 
13. The method of processing speech signals in a 

voice signal controller as in claim 12 wherein the 4. Vonichtung zur Verarbeitung von Sprachsigna-
time variant signal inserting step Is provided by 5 len nach Anspruch 3, dadurch gekennzeichnet, 

~'-" an echo canceler (225). daB elne Einstelleinrichtung (300) f ilr den 
Empfangssprechpegel In dem Empfangsweg vor-
gesehen 1st, um den Pegel der von der Kommu-

Patentanspriiche nikatlonsleltung empfangene Sprachsignal 
10 zu steuern, und daB die Einstellelnrichtung 

1. Vonichtung zur Verarbeitung von Sprachsigna- des Empfangssprachpegels sowohl In einem 
len fiirelne Kommunikatlonsleitung (201), mitfol- ersten Zustand als auch in einem zweiten Zu-
genden Merkmalen: stand betrelbbar sind, wobei der Betrieb der 
ein Sendesignalweg zur Sendung von Sprachsi- Einstelleinrichtung des Empfangssprachpegels 
gnalen zur Kommunikatlonsleitung und ein Emp- 15 In dem ersten Zustand einen ersten Bereich von 
fangssignalweg zum Empfangen von Sprachsi- verfilgbaren Slgnalpegeln schafft und in dem 
gnalen von der Kommunlkatlonsleitung; zweiten Zustand elnen zweiten reduzlerten Be-
elne Verlustlelstung-Einfiigelnrlchtung (214) In relch von verfQgbaren Slgnalpegeln lieferl 
dem Sendeslgnalweg zur Dlmpfung der Sprach-
signale zur Obertragung ilber die Kommunikati- 20 5. Vonichtung zur Verarbeitung von Sprachsignalen 

\ , .....,,,, onsleitung; nach Anspruch 4, dadurch gekennzelchnet, daB el-
elne Echol0schelnrlchtung (225) in dem Emp- ne Steuereinrichtung (231) zur Steuerung der 
fangsweg zum L.Oschen von gesendeten Sprach- Elnstellelnrichtung des Ernpfangssprachpegels 
slgnalen, die In dem Empfangssignalweg er- vorgesehen 1st und die Einstellelnrlchtung des 
schelnen; 25 Empfangssprachpegels zum Betrieb in entweder 
gekennzelchnet durch: . dem ersten oder dem zwelten Zustand konflgu-
elne Elnrichtung (233) zur Messung des Pegels riert. 
der von der Kommunikationsleitung empfange-
nen Sprachsignale; und 8. Vorrlchtung zur Verarbeltung von Sprachslgna-
elne Verlustleitung-Elnstellelnrichtung (234, 235), 30 len nach Anspruch 5, dadurch gekennzeichnet, 
die auf die MeBelnrichtung betrlebsmlBg anspricht daB die Echol0schelnrichtung (225) elne Zeitpe-
und den Dlmpfungspegel proportional einstellt, der rlode erforderllch macht, die Vonichtung zum ~ 

• durch die Verlustlelstungs-Einfilgelnrlchtung In schen der in dem Empfangsslgnalweg erschei-
deli Sendeweg elngefilgt warden ist, und zwar In nenden Sendesprachsignale zu vorzubereitn, 
Abhlnglgkelt von dem Peget der Sprachsignale, 35 daB die Echol6scheinrlchtung eln Fehleradapti-
wle sle von der Kommunikationsleltung empfan- onsslgnal an die Steuerelnrlchtung (231) liafert, 
genwerden. und zwar In Abhlnglgkelt von diesem Fehleradap-

tionsslgnal und vom Empfang von selektiven, rela-
2. Vorrlchtung zur Verarbeltung von Sprechsigna- tiven Signalpegeln von der.MeBeinrichtung (232) 

'-· len nach Anspruch 1, dadurch gekennzelchnet, 40 des gesendeten Sprachpegels und der MeBein-
daB die Verlustleistungs-Elnstellelnrichtung el- rlchtung (233) des Empfangssprachpegels, daB 
nen vorbestimmten Schwellwertkupplungspe- die Steuerelnrichtung den Pegel der Adaption 
gel und elne Vergleichselnrlchtung (235) um- durch d_le Echol6schelnrlchtung hinsichtlich der 
faBt, um das von der Kommunlkatlonsleitung Sendesprachslgnale bestlmmt, und daB die 
empfangene Sprachsignal mlt dem Schwell- 45 Steuerelnrlchtung (231) die Einstelleinrichtung 
wertkupplungspegel zu vergleichen, und daB des Empfangssprachpegels filr den Betrieb im er-
die Verlustlelstungs-Elnstelleinrichtung zum pro- sten Zustand konflgurlert, wenn die EcholOschein-
portlonalen Einstellen des Verlustpegels. betreib- richtung an die Sendesprache angepaBt 1st, und die 
bar ist, wie dieser von der Verlustleistung-Einfil- Empfangselnrichtung des Empfangssprachpegels 
gungselnrichtung (214) In den Sendepfad elnge- 50 fQr den Betrieb Im zweiten Zustand wlhrend der 
fQgt warden 1st, wenn der Pegel des empfange- Zeitperiode konfiguriert, wenn die Echol0scheln-
nen Sprachslgnals· den Schwellwertkupplungs- richtung nlcht an die Sendesprache angepaBt ist. 
pegel Qbersteigt. 

7. Verfahren der Verarbeitung von Sprachslgnalen 
3. Vorrichtung zur Verarbeitung von Sprachsigna- 55 in elner Stlmmensigm~lsteuerung, wobei die 

len nach Anspruch 1, dadurch gekennzelchnet, Stimmensignalsteuerung an elne Kommunlkati-
daB elne Einrlchtung (232) zur Messung des Pe- onsleitung (201) anschlleBbar ist und elnen Sen-
gels der gesendeten Sprachslgnale vorgesehen deslgnalweg zur Sendung von Sprachsignalen 

9 



17 EP 0 400 979 B1 18 I lllllll llllll lllll lllll II llll 
zur Kommunikatlonsleitung Lind elnen Emp­
fangssignalweg zum Empfangen von Sprachsl­
gnalen von der Kommunikatlonsleitung aufweist, 
mit folgenden Schritten: in den Sendesignalweg 
wlrd zur Dimpfung der Sprachilgnale fur die 
Obertragung Ober die Kommunlkatlonsleitung 
Verlustlelstung elngefugt; 
In dem Empfangsslgnalweg winl zur L6schung. 
von In dem Empfangsslgnalweg erscheinenden 
Sendesprachsignalen eln zeitvarlant Signal ein­
gef iigt; 
gekennzeichnet durch: 
dervon der Kommunlkatlonsleitung empfangene 
Pagel der Sprachsignale winl gemessen; 
der Pegel der Dimpfung wird proportional elnge­
stellt, wie diese durch den Schrltt der Verlustlei­
stungseinfiigung In den Sendewag eingefugt 
worden 1st, und zwar In Abhinglgkeit von dem 
MeBschritt der Empfangsprachslgnale. 

8. Verfahren der Verarbeitung von Sprachsignalen 
in einer Stlmmenslgnalsteuerung nach AnsP..ruch 
7, dadurch gekennzeichnet, dall der Schrltt der 
Einstellung des Pagels den Schritt der Messung 
elnes vorbestimmten Schwellwertkupplungspe­
gels und des Vergleichs des von der Kommunlka­
tionsleitung empfangenen Sprachsignals mlt 
dem Schwellwertkupplungspegel urnfaBt, und daB 
der Pegeleinstellschrittzum proportionalen Einstel­
len des Pagels der Dimpfung betrelbbar 1st, die 
durch den Verlustleistungs-ElnfQgungsschriU: in 
den Sendewag eingefuhrt wird, wenn der Pegel 
des empfangenen Sprachsignals den Schwell­
wertkupplungspegel iibersteigl 

9. Verfahren der Verarbeitung von Sprachslgnalen 
In elner Stlmmensignalsteuerung nach Anspruch 
7, gekennzeichnet durch den welteren Schrltt der 
Messung des Pagels der Sendesprachsignale, 
die an die Kommunikationsleitung zur darQber 
erfolgenden Sendung gegeben werden. 

· 1 O. Verfahren der Verarbeitung von Sprachslgnalen In 
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einer Stlmmensignalsteuerung nach Anspruch 9, 
gekennzeichnet durch den zusitzllchen Schritt der 45 

Einstellung des Pegels der von der Kommunikati­
onsleitung empfangenen Sprachslgnale, wobei der 
Einstellschritt des Empfangssprachpegels sowohl 
in einem ersten Zustand als auch in elnem zweiten 
Zustand betrleben wenlen kann, der Betrleb des 60 

Empfangssprachpegel-Elnstellschritts Im ersten 
ZUstand fur einen ersten Bereich von verfiigba-
ren Signalpegeln sorgt und in d~m zweiten Zu­
stand in einen zweiten reduzlerten Bereich von 
verfugbaren Signalpegeln sorgt 55 

11. Verfahren zur Verarbeltung von Sprachslgnalen 
in elner Stlmmensignalsteuerung nach Anspruch 

10 
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1 o, gekennzeichnet durch den weiteren Schritt 
der Steuerung des Empfangssprachpegel­
Elnstellschritts, wobel der Steuerschritt den 
Empfangssprachpegel-Einsteilschritt fur den Be­
trieb In entweder Im ersten Zustand oder dem 
zweiten Zustand konflguriert 

12. Verfahren derVerarbeitung von Sprachslgnalen in 
elner Stlmmensignalsteuerung nach Anspruch 11, 
dadurch gekennzelchnet, daB der EinfQgschritt des 
Zeitvarlantensignals eine Zeitperiode erforder­
lich macht, um die In dem Empfangsslgnalweg er­
scheinenden Sendesprachsignalen anzupassen 
und diese ubertragenen Sprachsignale zu I~ 
schen, daB der Einfiigschritt des Zeitvariantensi­
gnals ein Fehleranpassungsignal an den Steuer­
schritt liefert, daB in Abhingigkeit von diesem 
Fehleranpassungssignal und dem Empfang von 
ausgewihlten, relativen Signalpageln, die durch 
den MeBschritt des Sendesprachpegels und den 
MeBschritt des Empfangssprachpagels gellefert 
werden, der Steuerschritt den Pegel der Adaption 
festlegt, und zwar durch den ElnfQgschrltt des Zeit­
variantenslgnals In die Sendesprachslgnale, daB 
der Steuerschritt den Empfangssprachpegel­
Elnstellschrltt fur den Betrieb im ersten Zustand . . . . . 
konfiguriert, wenn der Einfugschrltt des Zeltvari-
antensignals an die Sendesprache angepaBt 1st, 
und den Empfangssprachpegel-Elnstellschrltt 
zum Betrieb im zweiten Zustand wihrend der 
Zeltperlode konfiguriert, wenn der Einfiigschritt · 
des Zeitvariantenslgnals nlcht an die Sendespra­
che angepaBt 1st. 

13. Verfahren der Verarbeltung von Sprachsignalen 
in einer Stlmmenslgnalsteuerung nach Anspruch 
12, dadurch gekennzeichnet, daB der Einfii­
gungssehritt des Zeitvariantenslgnals durch ei­
nen Echol&scher (225) gebildet winl. 

Revendlcatlons 

1. Un appareil pour trailer des signaux de parole 
pour une llgne de t616communicatlon (201), l'ap­
pareil comprenant une vole de signal d'6mission 
pour 6mettre des signaux de parole vers la ligne 
de t616communication et une vole de signal de r6-
ceptlon pour recevolr des signaux de parole pro­
venant de la ligne de t616communication, l'appa­
rell comprenant : 

des moyens d'insertion d'attenuation 
(214) dans la vole de signal d'6mlsslon, pour at­
t6nuer les slgnaux de parole pour 1'6mlsslon sur 
la llgne de t616communi.catlon; 

des moyens d'annulation d'6cho (225) 
dans la vole de signal de r6ceptlon, pour annular 
des signaux de parole d'6mission qui apparais-
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sent dans la vole de signal de rllceptlon; et lltant moyens de rllglage de niveau de parole de recep-
caractllrlsll par : tion la configuration approprllle pour qu'lls fonc-

des moyens (233) pour mesurer le niveau tionnent dans la premiere condition ou dans lase-
de slgnaux de parole qui sont reous ii partir de la conde condition. 
llgne de tlllllcommunlcatlon; et 5 . _.. des moyens de rllglage d'attllnuation 6 . L'apparell pour traiter des slgnaux de parole se-

(234, 235) qui rllagissent fonctlonnellement aux Ion la revendlcation 5, dans lequel les moyens 

moyens de mesure de taoon ii rllgler proportion- d'annulatlon d'llcho (225) exigent une durlle 

nellement le niveau de l'attllnuatlon que les d'adaptatlon pour annular les signaux de parole 

moyens d'lnsertion d'attllnuation lnserentdans la 10 d'llmlsslon qui apparalssent dans la vole de si-

vole d'llmlssion, sous la dllpendance du niveau gnal de rllception, les moyens d'annulatlon 

des signaux de parole qui sont ~us ii partir de d'llcho appliquant un signal d'erreur d'adaptation 

la ligne de tlllllcommunlcation. aux moyens de commande (231), et sous la dll-
pendance de ce signal d'erreurd'adaptatlon et de 

2. L'apparell pour traiter des slgnaux de parole se- 15 la rllception de niveaux de signal relatlfs slllec-

Ion la revendlcation 1, dans lequel les moyens de tlonnlls provenant des moyens de mesure de ni-

rllglage d'attllnuation comprennent un nlveau de veau de parole d'llmlssion (232) et des moyens 

couplage de seuil prlldlltermlnll et des moyens de mesure de niveau de parole de reception 

de comparalson (235) pour comparer le signal de (233), les moyens de commande dllterminant le 

parole qui est~ ii partlr de la ligne de tlllllcom- 20 nlveau d'adaptation des moyens d'annulation 

' .... ~.-_.,t"' .. munication avec le nlveau de couplage de seuil, d'llcho aux slgnaux de parole d'llmisslon, les 

les moyens de rllglage d'attllnuatlon pouvant moyens de commande (231) donnant aux 

ltre actlonnlls de faQon ii rllgler proportlonnelle- moyens de rllglage de niveau de parole de recep-

ment le nlveau de l'attllnuatlon qua les moyens tlon la cohfiguratlon approprille pour 1.e fonctlon-

d'lnsertlon d'attllnuatlon (214) inserent dans la 26 nement dans la premlilre condition lorsque les 

vole d'llrrtlssion, · 1oisque le nlveau du ~lgnal de 
·.· .. · .·· . . . 
moyens d'annulatlon d'llcho sont adaptlls ii la pa-

parole reou dllpasse le nlveau de couplage de role d'llmlssion, et donnant aux moyens de rllgla-

seull. ge de niveau de parole de rllception la conflgu-
ration approprille pour le fonctionnement dans la 

3. L'appareil pour tralter des slgnaux de parole se- 30 seconde condition, pendant la duree au cours de 

Ion la revendlcatlon 1, comprenant en outre des laquelle les moyens d'annulation d'llcho ne sont 

moyens (232) pour mesurer le nlveau des si- pas adaptlls ii la parole d'llmission. 
gnaux de parole d'llmlsslon qua l'apparell appli-
qua ii la ligne de tlllllcommunicatlon, pour l'llmis- 7. Un proc6d~ de traitement de slgnaux de parole 

slon sur celle-ci. 35 dans une unitll de commande de slgnauxvocaux, 
l'unltll de comrnande de slgnaux vocaux pouvant 

4. L'appareil pour traiter des signaux de parole se- Atre connectlle ii une ligne de tlllllcommunlcation 

Ion la revendicatlon 3, comprenant en outre des (201) et comprenant une vole de signal d'llmls-

moyens de rllglage de nlveau de parole de rllcep- slon pour llmettre des signaux de parole vers la 
_1 tlon (300) dans la vole de reception, pour 40 llgne de tlllllcommunlcatlon, et une vole de signal 

commander le niveau des signaux de parole qui de rllception pour recevoir des slgnaux de parole 

sont re9us ii partlr de la llgne de tlllllcommunlca- provenant de la llgne de tlllllcommunicatlon, le 

tion, les moyens de rllglage de nlveau de parole proclldll comprenant les lltapes suivantes : 
de reception pouvant fonctionner ii la fois dans on insere une attllnuation dans la voie de 
une premiilre condition et dans une seconde 45 signal d'llmlssion, pour attllnuer les slgnaux de 

condition, le fonctlonnement des moyens de rll- parole pourl'llmlsslon surla llgne de tlllllcommu-

glage de nlveau de parole de reception dans la nlcation; et 
premiere condition procurant une premiilre plage. on insere un signal variant dans le temps 
de niveaux de signal disponlbles et le fonctlonne- dans la vole de signal de reception, pour annular 
ment dans la seconde c:Ondition procurant une 50 des slgnaux de parole d'llmission qui apparais-
seconde plage, rllduite, de niveaux de signal dis- sent dans la vole de signal de rllception; 
ponlbles. et lltant caractllrisll en ce que 

on mesure le nlveau de slgnaux de parole 
5. L'apparell pour tralter des slgnaux de parole se- qui sont reous ii partlr de la llgne de tlllllcommu-

Ion la revendicatlon 4, comprenant en outre des 65 nlcation: et ... 
moyens de commande (231) pour commander on rilgle proportionnellement le nlveau de 
les moyens de rllglage de nlveau de parole de r6- l'attllnuatlon que l'lltape d'lnsertion d'attllnuation 
caption, les moyens de commande donnant aux lnsilre dans la vole d'llmisslon, sous la dllpen-
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dance de 1'6tape de mesure des slgnaux de pa­
role re9us. 

8. Le proc6d6 de traitement de signaux de parole 
dans une unit6 de commande de slgnaux vocaux 
selon la revendlcation 7, dans lequel 1'6tape de 
r6glage de nlveau comprend les 6tapes qui 
consistent ii mesurer un niveau de couplage de 
seull pr6d6termln6 et ii comparer le signal de pa­
role re9u ii partlr de la llgne de t616communlca­
tion avec le niveau de couplage de seull, 1'6tape 
de r6glage de niveau permettant de r6gler pro­
portlonnellement le nlveau de l'att6nuation que 
1'6tape d'insertion d'att6nuatlon ins6re dans la 
voie d'6mission, lorsque le niveau du signal de 
parole re9u d6passe le niveau de couplage de 
seuil. 

9. Le proc6d6 de traitement de signaux de parole 
dans une unlt6 de commande de signaux vocaux 
selon la revendlcation 7, comprenant en outre 
1'6tape de mesure du nlveau des slgnaux de pa­
role 6mls qui sont appllqu6s ii la ligne de t616com­
munlcation, pour 1'6mission sur celle-ci. 

10. Le proc6d6 de traitement de slgnaux de parole 
dans une unit6 de commande de slgnaux vocaux 
selon la revendication 9, comprenant en outre 
1'6tape de ~lage du niveau des slgnaux de pa­
role qui sont re!fUS ii partlr de la llgne de t616com­
municatlon, 1'6tape de r6glage du niveau de pa­
role de r6ception pouvant se d6rouler dans une 
preml6re et dans une seconde condition, le d6-
roulement de 1'6tape de ~lage de niveau de pa­
role de r6ception dans la preml6re condition pro­
curant une premi6re plage de niveaux de signal 
dlsponlbles, et son d6roulem~nt dans la seconde 
condition procurant une seconde plage, r6duite, 
de niveaux de signal. disponlbles. 

11. Le proc6d6 de traitement de slgnaux de· parole 
dans une unit6 de commande de signaux vocaux 
selon la revendlcation 10, comprenant en outre 
1'6tape de commande de 1'6tape de ~lage du ni-
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veau de parole de r6ceptlon, 1'6tape de comman- 46 

de donnant ii 1'6tape de ~lage du niveau de pa-
role de r6ception une configuration appropri6e 
pour qu'elle se d6roule dans ·1a premi6re condi-
tion ou dans la seconde condition. 

12. Le proc6d6 de traitement de signaux de parole 
dans une unlt6 de commande de signaux vocaux 
selon la revendication 11, dans leque! 1'6tape d'in­
sertlon d'un signal variant dans le temps exige 

50 

une durae d'adaptatlon aux signaux de parole 56 

d'6missiori qui apparalssent dans la vole de si-
gnal de r6~ption, pour l'annulation de ces si­
gnaux de parole d'llmlsslon, 1'6tape d'lnsertlon 
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d'un signal \tariant dans le temps fournlssant un 
signal d'erreur d'adaptation ii 1'6tape de comman­
de, et sous la d6pendance de ce signal d'erreur 
d'adaptatlon et de la rllception de niveaux de si­
gnal relatifs s61ectionn6s qui sont fournis par 
1'6tape de mesure de niveau de parole d'6mission 
et 1'6tape de mesure de niveau de parole de r6-
ception, 1'6tape de commande dllterminant le ni­
veau d'adaptation aux signaux de parole d'6mls­
slon, parl'lltape d'insertlon de signal variant dans 
le temps, 1'6tape de commande donnant ii 1'6tape 
de ~lage du niveau de parole de r6ception une 
configuration approprille pour le dllroulement 
dans la preml6re condition lorsque 1'6tape d'in­
sertion de signal variant dans le temps est adap­
t6e ii la parole d'llmlssion, et donnant ii 1'6tape de 
r6glage du nlveau de parole de rllception une 
configuration appropri6e pour le d6roulement 
dans la seconde condition pendant la durae au 
cours de laquelle 1'6tape d'insertlon d'un signal 
variant dans le temps n'est pas adapt6e ii la pa­
role d'llmissiQn. 

13. Le proc8C:!6 de traitement de signaux de parole 
dans une unit6 de commande de slgnaux vocaux 
salQn la revendlcation 12, dans lequel 1'6tape 
d'lnsertion. d'un signal variant dans le temps est 
accomplie par un annuleur d'llcho (225). 


