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I. IRTRODUCTION : .

In 1deal communication between groups of pecople at different locations, conversation
should be carried out as easily and with as high quelity as if they were all in the
same room. This paper discusses the problems encountered in the audio portion of
such a communication system, reviews speech processing techniques which have been
proposed to overcome these problems and describes new results towards achieving ea
ideal distant-talking telephone.

The usual configuration for a distant-talking telephone is a microphone and & loud-
speaker located some distance (typically a few feet) from each other and from the
users. In most cases, only a single tranemission path is available for the con-
nection between the two sets of users, This physical arrangement leads to two
classes of problems, one set assoclated with the pickup of speech in the room by the
mierophone and one set mssociated with the coupling between the loudspeaker and the
microphone.

In face-to-face communication, a binaural listener is able to concentrate on speech
- coming from e specific talker in a group (bineural cocktail party effect). In ade-
dition, a binaural lietener has the abllity to suppress the perceptual effects of
room reverberation. For the remote listener in the communication situation above,
where the sounds are picked up by one microphone, the ability to discriminate be-
tween different talkers is greatly reduced, and the speech from any one talker is
‘perceptually degraded by room reverberation. Speech processing techniques to repro-
-duce the cocktall party effect and to reduce reverberation are discussed in

Sections II and III.

Inherent echo and instability exist in the distant talking telephone as a result of
having both the microphone and loudspesker in the same room. Speech processing
techniques that eliminate echo and instability while asllowing simultanecus 2-way
compunication are discussed in Section IV,

II. COCKTAIL PARTY EFFECT

Digscrimination against all scund sources in & room except a selected one has been
obtained by a number of previcusly reported techniques of processing the outputs of
one microphone or of errays of two or more microphones. Linear techniques include
predietive filtering, and directional discrimination achieved by the use of
directicnal microphones or by linear processing of Eicrophone arrays. A nonlinear
technique that has been epplied by Kaiser and David™ is cross-correlation of the
outputs of two microphones in an attempt to reproduce the binaural cocktail party
effect,

Another nonlinear processing scheme has been described by Mitchell, et al.3 When
this process is applied to the outputs of a microphone arrsy, speech from & par—
ticular (on-center) location 1s unaffected while gpeech from other locations 1s dis-
torted and attenuated. This processing is exactly equivalent to an instantaneous
selection of one of the microphone outputs that depends on the relative ordering of
the magnitudes of the ocutputs. However, the process described gbove does not mini-
mize the contributiones from unwanted sources particularly during silent intervals of
the on-center source when the unwanted source may be particularly distracting. A
novel process that reduces contributions of unwanted sources during pauses of the
on-center source is the selectlon of the microphone output that is instantanecusly
closest to zero. For thls new process, the microphone selection 1s not independent
of the on-center source, as it was in the previcusly described process, but is de=-
termined by the relative magnitudes of the components of wanted and unwanted sources
in each microphone. Thus, when components of both sources are present, the wanted
source will suffer some degradation.




This process was computer simulated for a

MICT [

Mic 29— g.‘g:g: ‘ outpyr) U-microphone array as shown in Fig. 1. 1In
MIC 30— the cutput of the process (Qutput 1), the
MIC 4 10 zERO off-center signal was completely unintelli-

gible, even during pauses of the on-center

ON-CENTER outeur 2 speech. When only the on-center signal was

SIGNAL present, the output was identical to the on-
center slgnal. However, considerable degra-
dation of the on-center speech resulted when
energy from both sources was present at the
microphones. The influence of the on-center source on the selection process is
apparent at Qutput 2 where the on-center signal A {accessible in the simulation)
has been subtracted from the processor cutput. The cn-center slgnal can be plainly
heard at Qutput 2, even though it has been subtracted from Qutput 1,

Fig. 1. Nonlinear process for
micerophone array

This process may find application in situations where it is necessary to make a par=
ticular speech signal completely unintelligible. If the signal to be rejected is of
smaller emplitude as might be achieved by Judicious location of the microphones,
this gosl might be achieved with acceptable distortion of the on-center source,
However, further investigations are necessary to determine the accuracy required in
location of the on-center talker and the effect of room reverberation,

III. REVERBERATION

When there is any significant spatial separation between the talker end the micro-
pbone, speech picked up by the microphone is distorted by room reverberstion., The
degradation of the speech can be separated into two perceptual effects. One of
. these is the spectral distortion called "eoloration'™ which results from room echoes
that are separated by relatively short delay times, The second is time distortion
due to temporally resclved echoes at relatively long delay times.

In the first effect, the spectrum is characterized by sharp peaks and valleys, caused
by superposition of echoes with small delay differences, Flanagan and Iummis  have
described a technique for combining the signals from two or more microphones to pro-
duce a flatter spectrum. The second effect has been.reduced by application of
center clipping in contiguous narrow frequency bands. The center clipping removes
reverberant talls of speech caused by echoes at long delay times. These technigues
are effective under limited conditions, the former when there is & prominent zero
due to an early room reflection and the latter in large rooms where the echoes are
well separated and reduced in amplitude,

A recent breakthrough in dereverberation has been made by A.'I.len.6 While previocus
techniques attempted to remove the room effects from the microphone signal, this
technique attempts to extract clean speech from the degreded signel, The .success of
this method is based on the fact that the transfer function of a room has a gener-
ally complicated structure while speech can be described by relatively few para-

‘meters. Allen uses an analy-
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Fig. 2. Linear prediction vocoder fog Preliminary experiments show
dereverberation (after Allen”) that the parameters can be
extracted from reverberant
speech signals and that naturel-sounding dereverberant apeech can be generated by
the synthesizer, Application of this process to the distant-talking telephone is
discussed at the end of the next sectione

IV. ECHO AND INSTABILITY
A, Sources of Echo and Instability

In an ideal distant-talking telephone, echo end instability must be prevented by &
technique that allows simultaneocus 2-way conversation. High-quality 2-way conver-
sation should be possible even when there is a satellite transmizsion delay between
the ends of the connection,

Fig. 3 is & schematic diegram of two distant-telking telephones connected by a
2-wire transmission path that shows the two types of feedback pathe that exist, One
of these ls the acoustical coupling between the loudspeaker and the microphone
which causes an echo of the far-end signel to return to the far-end loudspeaker,

The second is the electrical path through the hybrid H which causes an echo of the
nesr-end gignal to return to the near-end loudspesker. Two possible types of feed-
back loops then exist: first, an end-to end loop through the loudspeaker-microphone
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B. Center Clipping Echo Suppressor

One method currently known to be
effective for providing staebility and
echo suppression while sllowing full-
duplex {simultanecus 2-way) operaticn is the center-clipping echo suppressar.

This eystem provides stebility even in the presence of loop gain. However, it is
full-duplex only when the echo levels are sufficlently low.
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Fig. 3. Distant~talking telephones connected
by a 2-wire transmission path
showing echo paths

c¢lipping echo suppressor,® both in-

put and output stages ere banks of
-—JoutPurl ( | INPUT 1 contiguous band-pass filters which
~ | staos j:J_ STAGE - prevent harmonic distortion products
produced by center-clipping from
appearing at the output. The center-
clipping stege conslsts of a set of
center clippers with independent
clipping level control, one in each
frequency band. With transmission
delay of 600 msec and hold-over times of 10 msec, this echo suppressor is almost
indistinguishable from & full-duplex connection when the echo level is 15 4B helow
the transmitted signal level,

C. Presuppression

Since the center-clipping echo suppressor works well only in the presence of signifi-
cant return loss, same form of full-duplex preprocessing has to be used to reduce
the echo signal by at least 10 4B, The techniques described in Section II are ap-
pliceble to this problem since the loudspeaker is another source to be discriminated
against,

TRANSMIT

Fig. 4. Center clipping echo suppressor

Additional technlques can be applied in this case as a consequence of having the
loudspeaker signal available for measurement or modification before it is transmit-
ted to the microphone through the rocm acoustics, Thus, comb filtering is one tech=-
nigue that can be used to reduce the coupling.9 In this arrangement, a comb filter
is introduced into the loudspeeker path while the complementary comb filter is in-
troduced into the microphone path, A time-domain analogue to this process in which
the loudspeaker and micrgphone glgnals are alternately switched at an ultrascnic
rate has been prOpOBed.l

Another possibility for presuppression is canceling the echo signalll at the micro-

phone by constructing a replica of the microphone signal from the signal at the
loudspeaker. The replica is generated by passing the loudspeaker signal through
a filter that has been adapted to metch the transfer function of the room. 12

The predictive filtering techniqQue that has been described previouslyl can be used
for presuppresslion. Suppression of speech during voiced segments is achieved by
setting a predictive filter to reject the pitch frequency and its harmonies.
Results of simulations using this form of presuppression are discussed below.

D. Predictive Filtering and Center Clipping for Echo Suppression

Predictive filtering presuppression has beenljnvestigated in simulsation in conjunc-
tion with a center=clipping echo suppressor, Figure 5 shows the configuration
simulated for removing far-end echoc in a distant talking telephone, Pitch informa-
tion extracted from the incoming far-end signal is used to set the fllter in the
return path to reject the unwanted speech coupled from the loudspeaker to the
microphone. An identical predictive filter reduces the clipping levels required to
remove the residual loudspeaker sigpal from the transmitted signal.

In the simuletion, egual levels of far-end and near-end signal were used at the
microphone, With this simulated return loss of 0 dB, noticeable improvement in the
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The problems present in e
distant-talking communication
system have been ocutlined and
Fig. 6. A possible ideal distant-~talking telephone a number of speech processing

solutions have been discussed.
At present this processing has been limited to experimental situations and simula-
tions, and ocutstanding Improvements have been produced. These results demonstrate
the possibility of achieving much higher quality distant-talking communication.
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