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57 ABSTRACT 
An echo suppressor for full duplex telephone circuits 
consists of a filter bank of contiguous band filters in 
the transmission path, with each filter output feeding a 
separate center clipper. Each clipping level is con 
trolled by echo signal amplitude as attenuated by the 
trans-hybrid loss that occurs in the corresponding sub 
band. The scheme permits "double-talking' while sup 
pressing the echo component, 

12 Claims, 12 Drawing Figures 
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1. 

SPEECH PROCESSOR USING CONTROLLED 
CENTER CLIPPING 

Matter enclosed in heavy brackets appears in the 
original patent but forms no part of this reissue specifi 
cation; matter printed in italics indicates the additions 
made by reissue. 

FIELD OF THE INVENTON 

This invention relates in general to long-distance 
telephony; and more particularly to the reduction of 
echoes in such circuits. 

BACKGROUND OF THE INVENTION 

In telephony, use of both two-wire and four-wire 
modes for connecting distant-calling stations gives rise 
to the well-known problem of circuit echo. The source 
of most echoes are imperfectly balanced hybrid circuits 
at the two- to four-wire junctures. 
Circuit echo is normally not detected by a subscriber 

if the circuit is short-distance. In this case, the echo 
signal cannot readily be discerned because it is almost 
coincident in time with the listener's side-tone level. As 
the two-way path becomes longer, however, the delay 
increases until the echo can be heard quite distinctly 
even when greatly attenuated. The problem is particu 
larly present in circuits which includes a communica 
tion satellite, where the round-trip delay is nearly 0.6 
second. A communications circuit with two satellite 
links would, of course, have double this delay. 
Accordingly, echo suppressors are routinely used in 

telephone transmission paths where circuit echo can be 
expected. Presently, the type of echo suppressor most 
widely used is a voice switch that recognizes the pres 
ence of speech in, say, the incoming direction, and in 
response inserts a large loss in the outgoing direction. 
This greatly attenuates any echo signal that may leak 
across the hybrid but at the same time attenuates 
speech signals transmitted in the outgoing direction. 
Consequently a break-in mode is provided that permits 
the receiving party to override a stream of incoming 
speech. However, break-in is sometimes difficult to 
achieve. In the break-in process, moreover, speech is 
sometimes multilated; and during break-in, echo may 
be present. 
One scheme for eliminating echo without impeding 

the free flow of conversion in both directions is dis 
closed in M. M. Sondhi U.S. Pat. No. 3,499,999 as 
signed to applicant's assignee. Here, signals incoming 
to a hybrid are supplied to a plurality of filter networks 
adjusted to develop a set of impulse responses. A 
linear combination of these responses approximates the 
typical echo impulse response. These linear transfor 
mations of the input signal are selectively adjusted in 
gain by a differential outgoing signal. This signal then is 
subtracted from signals in the outgoing circuit to ren 
der it relatively echo-free. A more generalized scheme 
practiced in accordance with the foregoing is disclosed 
in U.S. Pat. No. 3,500,000 of J. L. Kelly, Jr. et al. as 
signed to applicant's assignee. Both approaches enable 
double-talking to take place while the echo is being 
canceled. . 
An alternative to these schemes is disclosed in the 

U.S. Pat. No. 3,585,311 of D. A. Berkley and O. M. M. 
Mitchell. That invention contemplates dividing the 
bandwidth of the voice-frequency channel into several 
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2 
contiguous, subbands bypassing the incoming signal 
through a bank of bandpass filters. The output of each 
filter is then center-clipped. Clipping distortion is re 
moved by filtering the clipped signals in a second set of 
filters and combining their outputs for transmission. 
The clipping levels are fixed to close down each pass 
band a large fraction of the time, assuring suppression 
of the relatively weaker (by 6 dB to 30 dB) power of 
the echo signals. Mentioned also were parameter 
responsive clipping levels. 
The present invention is directed to parameter 

responsive clipping levels in the processor of U.S. Pat. 
No. 3,585,311. 
The principal inventive object is to operate upon an 

echo signal present in a transmission path in such a way 
as to remove the echo signal and to leave unaffected 
those portions of the transmission path bandwidth that 
are relatively low in echo signal energy content. 
A broad object of the invention is to permit a double 

talk to occur in a long-distance telephone circuit, while 
at the same time reducing or masking the echo signals. 
A related inventive object is to eliminate the need for 

monitoring equipment to detect occurrence of double 
talk. 
A further object of the invention is to avoid mutila 

tion of speech attendant the suppression of echo during 
a double-talk situation on a long-distance telephone 
circuit. 

SUMMARY OF THE INVENTION 

Pursuant to the invention, the clipping levels in each 
subband of the echo suppressor described in U.S. Pat. 
No. 3,585,311, are automatically adjusted in accor 
dance with the level of echo signal present in that band. 
Advantageously, this is achieved by feeding the in 

coming signal into a control filter tank made up of the 
same contiguous subbands as the input filter bank. In 
one such embodiment, the attenuation in each subband 
of the control filter bank is adjusted to the trans-hybrid 
loss that occurs across the hybrid in that subband. In 
this manner, signals are generated that are identical to 
the filtered echo signal. The output of each subband of 
the control filter bank is peak-detected. Each peak 
represents a control signal for continuously resetting 
the clipping level in the corresponding center clipper so 
as to just remove the echo signal in that particular 
band. 
A given clipping level advantageously is held for a 

specified short time before being permitted to drop. 
Circuit echo if present thus is removed. 
One feature of the present invention is an echo sup 

pressor which requires no decision between a single 
and a double-talking mode. 
A further feature of the invention is the substantial 

elimination or masking of echo during double-talking. 
The invention and its further features, objects, and 

advantages will be readily apprehended from a reading 
of the detailed description to follow of an illustrative 
embodiment thereof. 

BRIEF DESCRIPTION OF THE DRAWING 

FIG. 1 is a schematic block diagram depicting the 
invention connected in a two-way telephone circuit 
containing hybrids; 
FIGS. 2A and 2B are transfer function plots for clip 

ping characteristics; 
FIGS. 3A, 3B, and 3C are graphical portrayals of 

unclipped and clipped signals; 
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FIG, 4 depicts graphically a varying clipping level 
operating on an echo signal; 
FIG. 5 is a schematic block diagram showing variable 

adjustment of the attenuation levels for each subband; 
FIG. 6 is a schematic block diagram showing an alter- 5 

nate attenuation level adjustment method; and 
FIGS. 7-9 are schematic block diagrams disclosing 

use of the invention in hands-free telephony. 

DETAILED DESCRIPTION OF ILLUSTRATIVE lo 
EMBODMENTS 

FIG. 1 depicts the invention as used in the suppres 
sion of echo in a long-distance telephony circuit. Two 
telephone stations denoted by handsets A and B are 
connected by two-wire links 10, 11 into a duplex net- 15 
work consisting of A-to-B transmission path 12, and 
B-to-A transmission path 13. The paths 12, 13 are 
simply noncoincident, and might constitute different 
RF bands of a wideband radio channel using multiplex 
ing equipment, or different physical entities such as a 20 
microwave radio path or a coaxial cable link. The con 
version from two-wire to four-wire occurs at station A 
through hybrid circuit 14; and at station B through 
hybrid circuit 15. 
The echo suppressor of the present invention, desig- 25 

nated 16, consists of a speech processor unit 17 and an 
echo signal-responsive control unit 18. Advanta 
geously, two such suppressors 16 are used, one for each 
of the hybrid circuits 14, 15. Speech processor 17, is 
substantially that described in the prior U.S. Pat. No. 30 
3,585,311 of Berkley et al. It consists of a plurality of 
contiguous band input filters disposed in the transmis 
sion path 13; in this embodiment, the five filters de 
noted 19-23. The output of filters 19-23 are fed re 
spectively to center clippers 24–28, provision being 35 
made if necessary to assure that the outputs arrive at 
the center clippers 24-28 at substantially the same 
time. 
The center clippers 24-28 are designed with a vari 

able transfer function, two examples of which are 40 
shown instantaneously in FIGS. 2A and 2B. The trans 
fer function of FIG. 2A provides no voltage output for 
voltage inputs which fall instantaneously within the 
clipping region. Input voltage amplitudes outside of the 
echo-clipping region are not attenuated. The transfer 45 
function of FIG. 2A, 2B has the same clipping re 
gion, but also has the effect of reducing the output 
voltage amplitude. These effects are further illustrated 
in FIGS. 3A, 3B, and 3C. An input signal S of FIG. 3A 
when processed by the transfer function of FIG. 2A 50 
results in the clipped signal S' of FIG. 3B. The signal S 
when processed by the transfer function of FIG. 2B 
results in the clipped signal S' depicted in FIG. 3C. 
In selecting an appropriate transfer function to char 

acterize the center clippers 24–28, it should be borne in 55 
mind that the transfer function of FIG. 2A will exhibit 
less distortion, and is more efficient, than that of FIG. 
23. 
As also taught in the aforementioned U.S. Pat. No. 

3,585,311, the respective outputs of the center clippers 60 
24-28 may be fed to a second series of filters 29-33 
whose function is to remove distortion products gener 
ated in the center clippers 34-38 24-28. During 
single-talking, however, the entire echo is successfully 
removed by the inventive process being described; no 65 
significant distortion products are generated. Hence for 
single-talking the filters 29-33 are not necessary. Even 
during double-talking, the filters 29-33 may not be 

4 
necessary since the distortion products are partially 
masked. Nevertheless, the output filters 29-33 when 
used, have passbands identical to the counterpart input 
filters 19-23. The output of filters 29-33, or of center 
clippers 24-28 are combined in a summing junction 
33a. - - 

Because of imperfect impedance matching within the 
hybrid 15, part of the signal received at station B from 
the far-end talker to station A, feeds through the hybrid 
15 and into the transmission path 13. The so-called 
return loss of hybrid such as 15 is typically 2 dB; that 
is, the echo level is 12 dB below the normal transmit 
signal level generated by the near-end talker at station 
B. As taught in the aforementioned U.S. Pat. No. 
3,585,311, by setting the clipping levels in processor 17 
permanently at, for cxample, one-quarter of the antici 
pated average peak amplitude in the respective bands, 
the echo signal is removed from the transmit path 13. 
Pursuant to the present invention, clipping levels in 

the processor 17 are variable for each clipper 24-28, in 
accordance with the amount of circuit-echo energy 
instantaneously present in the particular subband of the 
clippers' corresponding input filters 19-23. 
To this end, a part of the received signal present on 

transmit path 12 is shunted to a plurality of control 
filters designated 19a–23a which have contiguous pass 
bands corresponding in bandwidth to those of the fil 
ters 19-23. The output of each control filter 19a–23a is 
attenuated in amplitude by fixed attenuators 34–38 
respectively. This attenuation reduces the power level 
of the signal in the respective bands of filters 19a-23a 
to a level that would be expected to exist in the same 
subbands after the received signal undergoes a trans 
hybrid loss through hybrid 15. In other words, the at 
tenuation in each band is set to correspond to a prede 
termined and assumed constant worst-case trans 
hybrid loss in that band so that control signals identical 
in shape and amplitude to the filtered echo signal emit 
ting from filters 19-23 are obtained. 
Pursuant to the invention, the attenuated outputs of 

control filters 19a–23a are fed respectively to peak 
detectors 39-43 which also perform the function of 
rectifying the received input signals. For peak detec 
tion, the detectors 39-43 are advantageously designed 
with the characteristic described in FIG. 4. There, rep 
resentative rectified echo signals are schematically 
depicted as having different peak amplitudes as well as 
occasional gaps in time. In the absence of any signal, 
the detectors 39-43 generate no output; and the clip 
ping levels in clippers 24-28 remain at zero, that is, no 
clipping occurs. On sensing a signal, each peak detec 
tor 39-43 generates an output that increases with a 
rise-time comparable to the speech bandwidth present. 
Thus, the control signal generated in detector 39, on 
being fed to the corresponding subband center clipper 
24 of processor 17, causes the clipping level there to be 
at all times at least as high as necessary to prevent 
passage of the echo signal then present in that subband. 
As an alternative, the clipping levels instead of return 
ing to zero may be adapted to return to a fixed mini 
mum value. This is useful where, for example, it is 
desired to also reduce any reverberative signals that 
may be present. 
As the instantaneous echo signal commences to sub 

side, the detectors 39-43 briefly hold the clipping level 
at the most recent control signal peak obtained. The 
hold-time, should be greater than the echo end-delay, 
which may be up to 25 ms. Thereafter, the clipping 
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level drops to zero pursuant to the invention. A similar 
process of clipping level control is provided to the 
center clippers 25-28 by the respective detectors 
40-43. 
Advantageously, for the four lowest-frequency filters 

such as 19, 20, 21, 22, 1-octave filters with 250, 500, 
1,000, 2,000 Hz center frequencies respectively may be 
used. A 4 octave filter with a center frequency of 
3, 150 Hz may advantageously be used at the top of the 
frequency band to complete the five-channel system. A 
six-channel system or a four-channel system may also 
be contemplated. The five-channel system is likely to 
exhibit less phase and delay distortion than the six 
channel system because of the wider band filters used. 
One distinct advantage of the echo suppressor of the 

present invention is that it requires no decision to dis 
tinguish between single-talking and double-talking con 
ditions. In single-talking from the far end (where a 
person at station A is transmitting and is being received 
by a person at station B who is silent), the clipping 
levels are set with a rise-time faster than any speech 
component, so as to just remove the echo in each sub 
band. When the received signal ceases, the clipping 
level falls to zero after a holding-time that is set to be 
greater than the end-delay. 

In single-talking from the near-end (the person at 
station B is transmitting while station A receives and is 
silent), the clipping levels at station B are zero since 
presumably the suppressor 16 at hybrid 14 has sup 
pressed any echo from station B in the path 12 and 
therefore there is no received echo signal at station B. 

In a double-talking situation, that is, where both A 
and B are talking at the same time, the clipping levels in 
both suppressors 16 still seek to follow the echo signals. 
Echo energy is still eliminated in those subbands where 
the echo of the distant talker and the locally generated 
transmitted signal do not overlap. In addition, echo is 
eliminated during gaps between the words and sen 
tences of the near-end speaker in the same way as for 
single-talking from the far end. 
However, when energy from echo signal as well as 

from transmitted signal are both present in any sub 
band, they are added together and clipping can no 
longer remove the echo signal. It has been found, how 
ever, that even in this case the echo is not noticeable 
probably because of masking of the echo by the re 
ceived signal. To optimize the above factors, it is fre 
quently advantageous to design the bandwidths of the 
filters 19-23 to be as narrow as possible. Hence, a 
minimum number of channels may be determined by 
the effectiveness in echo suppression as well as by the 
avoidance of harmonic distortion problems referred-to 
in the aforementioned U.S. Pat. No. 3,585,311. 
As mentioned, trans-hybrid losses typically are in the 

vicinity of 12 dB; but may be significantly more or less 
in given cases. If the return loss is sufficiently high, as, 
for example, if echo is first reduced using an echo can 
celer of the type referred-to in U.S. Pat. Nos. 3,499,999 
and 3,500,000, a worst-case constant setting of the 
attenuators of the present invention can be made. Ex 
perience has shown that for an effective return loss of 
a 25 dB, this combination results in a connection 
indistinguishable in quality from a four-wire circuit. 
For an echo suppressor of the type herein-described to 
be effective in other cases, variations in return loss 
must be taken into account. 
Accordingly pursuant to a further aspect of the in 

vention, variable level attenuators designated 34a–38a 
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6 
are used, and an adaptive setting of the attenuators is 
provided as shown in FIG. 5. 

In response to some initiating condition occurring 
during a no-talk interval from the near-end, such as a 
plurality of tones from a source not shown, and corre 
sponding in center frequency to the center frequencies 
of the filters 19-23 are sent, for example, one at a time 
along the path 12. Each tone before entering hybrid 15 
is shunted to a level indicator 44 which detects the 
tone's level. In going through hybrid 15, the tone un 
dergoes a trans-hybrid loss. The tone as attenuated by 
hybrid 15 is again measured for level by a second level 
indicator 45. The input level versus output level for 
each separate tone then is calculated in a comparator 
46. The latter then provides a signal to the correspond 
ing variable attenuators 34a-38al attenuator repre 
sentative of the specific trans-hybrid loss for each of 
the subbands in question. Each attenuator 34a-38a 
then is set to reduce the signal it receives so as to match 
the trans-hybrid loss then occurring in that band. 

In a further variation of the foregoing, comparator 46 
advantageously may be adapted to supply relatively 
crude indicia of trans-hybrid loss occurring in the re 
spective subbands, as by providing output signals that 
respond to four or so discrete levels, such as 6 dB, 12 
dB, 18 dB, and 24 dB of trans-hybrid loss. 
Adaptive setting of attenuators 34a-38a may alterna 

tively be achieved by the scheme depicted in FIG. 6. 
The adaptive control unit, denoted 50, comprises a 
monitor 51 and a white noise generator 52. Plural con 
nections 53 to monitor 51 from the respective outputs 
of filters 29-33, and a corresponding number of con 
nections 54 from monitor 51 to variable attenuators 
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34a-38a are provided. Generator 52 is connected be 
tween monitor 51 and transmission path 12; and a 
sensing line 55 is connected between the latter and 
monitor 51. 

In the absence of near-end talking and in response to 
some initiating condition such as the completion of a 
connection between station B and a remote station, 
monitor 51 energizes white noise generator 52. The 
latter applies to transmission path 12 a signal having 
substantial spectral components in the subbands of 
filters 19-23 and 19a–23a. The signal undergoes a loss 
across hybrid 15 and thereafter is divided into sub 
bands. In the absence of clipping, the signals appearing 
at output filters 29–33, or exiting from center clippers 
24-28, represent the echo level in each subband. 
Through the connections 53, these signals are each 
forwarded to monitor 51. The latter senses the pres 
ence of each signal and in response commences to 
adjust the level of attenuation occurring in the corre 
sponding one of variable attenuators 34a-38a. This 
process alters the signal peaks in detectors 39-43 and, 
hence, also the corresponding clipping levels. 
When the clipping levels are set sufficiently high in 

each subband so that the white noise echo is elimi 
nated, monitor 51 senses the absence of signal input at 
the several input connections 53, and freezes the atten 
uation levels in each subband at that point. Thereafter, 
monitor 51 deenergizes generator 52. The entire se 
quence may be adapted to occur in well under 1 sec 
ond. As with the previous embodiment, the attenuation 
level adjustments may be continuous over the range, or 
may occur in steps. 
The adaptive echo suppressor of the present inven 

tion has several advantages. With the frequency spec 
trum divided into a number of bands, the near-end 
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signal is unaffected in bands where there is no energy in 
the echo signal. This situation can readily occur when a 
male with a bass voice is talking to a woman with a 
high-pitched voice. Furthermore, the echo is com 
pletely removed in bands where there is no near-end 
signal component present. Break-in of the near-end 
talker can occur without a double-talking decision even 
for a return loss approaching 0 dB. The echo is not 
discernible even during double-talking, and speech 
mutilation is not significant. 
The multiband controlled center-clipping processor 

of the present invention can also be used to avoid echo 
and achieve feedback stability without resort to voice 
Switching as, for example, in some hands-free tele 
phony situations. , 
The configuration shown in FIG. 7 depicts use of the 

present invention in a four-wire speakerphone in which 
a microphone 60 is connected to a two-wire transmit 
path 12a, 13a, and the associated loudspeaker 61 
is connected to a separate receive path 13a. 12a. 
Far-end talker echo, i.e., the signal returned to the 
far-end speaker as echo, is caused by the coupling 
through room acoustics between speaker 61 and micro 
phone 60. This echo can be suppressed with the system 
that includes control unit 18 and processor 17, which 
function as already described with respect to FIG. 1. 
In a two-wire speakerphone, the near-end talker 

echo, i.e., that portion of the outgoing signal which 
leaks across the near-end hybrid, is present in addition 
to the far-end talker echo mentioned above. 
The far-end and near-end echoes are both suppressed 

with the inventive embodiment depicted in FIG. 8. 
Far-end coupling across the acoustic path is suppressed 
by the control unit 18 and processor 17. Near-end echo 
is suppressed by the control unit 18a and processor 
17a. 
A simplification of the FIG. 8 embodiment is de 

picted in FIG. 9. Here, advantage is made of the fact 
that the control filters 19a-23a, normally part of unit 
18 and 18a, may be eliminated by tapping the same 
subbanded signal directly from processor filters 19–23 
in processors 17 and 17a. 
Feedback at a hands-free telephone station can occur if 

zircuit energy, whether echo or noise, is successively 
amplified through a loop with gain in excess of unity. 
Such a loop might consist, for example, of loudspeaker 
5, microphone 60, and hybrid circuit 15 as depicted in 
FIG. 8. In a voice-switched gain system, loop gain is 
educed below unity to avoid feedback. The apparatus 
lepicted in FIGS. 8 and 9 and described above, operates 
instead to prevent buildup of feedback signals without 
educing gain for normal signal levels. Echo or other 
ircuit energy such as noise in the receive or transmit 
paths 12a, 3a, sets the corresponding center-clipping 
irrangement so that the same amplified noise returning 
in the other path is clipped to zero. The resulting clipping 
evel required to stabilize feedback is considerably below 
Jormal signal levels. Thus, both transmit and receive 
aths remain open during feedback stabilization, so that 
oice communication in either direction is possible. The 
eedback stabilization occurs as described in each of the 
ands and is independent of the bandwidth or of the 
lumber of bands used. 
It is to be understood that the embodiments de 

cribed herein are merely illustrative of the principles 
if the invention. Various modifications may be made 
hereto by persons skilled in the art without departing 
rom the spirit and scope of the invention. 
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What is claimed is: 
1. For a voice communications system containing 

imperfectly isolated transmit and receive paths, appa 
ratus for reducing echo caused by leakage therebe 
tween, comprising: 
means for dividing the transmit path signal into plural 
contiguous Subbands, 

means for producing, from an incoming voice signal 
in the receive path, a replica of the echo of said 
voice signal occurring in each of said transmit path 
Subbands, 

means for continuously detecting the peak level of 
each said echo replica, 

means for center-clipping the signal in each transmit 
path subband a varying amount in response to the 
concurrent said peak level value, sufficient to 

just substantially overcome said echo in the 
respective subband, and 

means for combining the outputs of each center-clip 
ping means for transmission. 

2. Apparatus pursuant to claim 1, wherein said divid 
ing means comprises a first set of contiguous band 
filters; and wherein said echo replica-producing means 
comprises a second set of contiguous band filters span 
ning the same subbands as said first set and being con 
nected across said receive path, an attenuator con 
nected to the output of each filter in said second set, 
and means for setting each attenuation level to obtain 
an output from each said attenuator having an ampli 
tude comparable to said echo signal occurring in the 
corresponding transmit path subband. 

3. Apparatus pursuant to claim 2, wherein said atten 
uation levels are fixed. 

4. Apparatus pursuant to claim 2, further compris 
ing means for varying said attenuation levels, compris 
ing: 
a white noise generator connected to said receive 
path, 

means responsive to a selected initiating circuit con 
dition for energizing said generator, 

means for sensing the resulting echo signal level exit 
ing from said center-clippers in each of said trasmit 
path subbands, and 

means responsive to each said sensed level for adjust 
ing the corresponding attenuator until no echo 
signal is sensed, and thereafter, for deenergizing 
said generator. 

5. Apparatus pursuant to claim 2, wherein said cen 
ter-clipping means I includes means for returning 
returns said clipping levels to zero a prescribed time 
after disappearance of an echo signal in that subband. 

6. Apparatus pursuant to claim 2, wherein said cen 
ter-clipping means includes means for returning 
returns said clipping levels to a selected minimum 
value. 

7. For a voice communications system containing in 
perfectly isolated transmit and receive paths, apparatus 
for reducing echo caused by coupling therebetween, com 
prising: 
means for producing, from an incoming signal in the 

receive path, a replica of the echo of said signal oc 
curring in said transmit path, 

means for continuously detecting the peak level of said 
echo replica, 

means for center-clipping the signal in said transmit 
path a varying amount in response to the concurrent 
said peak level value, sufficient to substantially over 
come said echo, and 
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means for applying the output of said center-clipping 
means to said transmit path. 

8. Apparatus pursuant to claim 7, wherein said echo 
replica-producing means comprises an attenuator Con 
nected to said receive path and means for setting attenua 
tion level to obtain an output from said attenuator having 
an amplitude comparable to said echo signal occurring in 
said transmit path. 

9. Apparatus pursuant to claim 8, wherein said attenu 
ation level is fixed. 

10. Apparatus pursuant to claim 8, wherein said cen 
ter-clipping means returns said clipping levels to zero a 
prescribed time after disappearance of said echo signal. 

11. Apparatus pursuant to claim 8, wherein said cen 
ter-clipping means returns said clipping levels to a se 
lected minimum value. 

12. For a voice communications system containing a 
hands-free telephone station and imperfectly isolated 
transmit and receive paths, apparatus for reducing echo 
caused by coupling therebetween, comprising: 
means for producing, from an incoming signal in the 

receive path, a replica of the echo of Said signal OC 
curring in said transmit path, 

5 

10 
means for continuously detecting the peak level of said 
echo replica, 

means for center-clipping the signal in said transmit 
path a varying amount in response to the concurrent 
said peak level value, sufficient to overcome said 
echo, and 

means for applying the output of Said center-clipping 
means to said transmit path. 

13, Apparatus pursuant to claim 2, further comprising 
10 means for varying said attenuation levels, comprising: 

15 
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a white noise generator for applying to Said receive 
path a signal having substantial spectral components 
in the subbands of said contiguous band filters; 

said white noise being received and filtered by Said 
second set of contiguous band filters, 

a monitor, 
a connection between the output of each center clipper 
and said monitor; and 

a corresponding number of connections between said 
monitor and each said variable attenuator; 

signals received by said monitor from said center clip 
pers altering the signal peaks received by said peak 
detectors and thereby in turn altering the clipping 
levels in said center clippers. 
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