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ABSTRACT

Man-machine dialogue systems using speech
recognizers allow a more friendly asynchronous
interaction, in such a way that the speaker is not forced to
wait the end of previous prompts or messages uttered by
the machine.

In order to achieve that, man-machine systems accessed
through the telephone network require an echo canceller,
for eliminating the interference of the echo of the machine
messages; this echo in unavoidable, given the mismatch
of the hybrid circuit. )

Echo cancellers used in man-machine dialogue systems
have different requirements from those used in man to
man transmission systems; moreover their
implementation adds a significant computational
overhead to recognizers, inducing some possible
degradation in recognition performance as well.

Here we describe our specific implementation of an echo
canceller for speech recognizers, not too heavy from the
computational point of view and exhibiting good
recognition accuracy as well.

1. INTRODUCTION

In a telephone network the communication channel
between the user and the CO contains bidirectional two
wires links and unidiretional four wires links; two wires
and four wires links are are interfaced through hybrid
transformers.
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Fig.1 Echo Generation at hybrid circuits

Due to the impredictable links length, the impedances
mismatch in the hybrid cause the reflection of a part of
the signal from the transmission line to the receiving
one: this phenomena is named "echo” [1].

In more traditional man-machine dialogue systems, the
user and the machine have to produce their utterance in
different time slots, in such a way that the echo of the
machine utterance does not interfere with the user
utterance.

However this is not any more necessary when a suitable
echo canceller is used: in that case the user and the
machine utterances can overlap in time.
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That has two positive effects: the user can anticipate the
machine prompts and he can even skip presentation
messages; this way the dialogue becomes more robust
for naive users and faster for experienced users.

Of course, when the machine understands that the user
is talking, it has to stop its messages.

it has to be noticed that the introdution of the echo
canceller is not for free: in fact this is a rather heavy
additional computation; besides it is assumed that in that
case the recognizer is always active.

From Figure 1 we can see that we can distinguish
between to kinds of echoes: a near-end echo and a far-
end echo: their effect is different in human dialogues and
in man-machine dialogues.

In fact human dialogues are negatively affected by echo
delay, hence they have to cope with the far end echo,
whilst man-machine dialogues are negatively affected by
echo energy, hence they have to cope more carefully
with the near end echo, which is not at all a problem in
human dialogue: this implies a substantiai difference in
sizing the echo canceller in these two cases.

2. ENVIRONMENT CHARACTERISTICS

We implemented the echo cancelling algorithm on a PC
hosted general-purpose board, developped for
multichannel computer telephony applications.

This board is equipped with 4 floating point DSPs
(TMS320C31), each DSP has a private SRAM, whilst all
DSP share a common DRAM with the host PC.

The board is connected to telephone interface boards,
through a speech bus (external TDM) on which it is
possible to allocate up to 32 encoded PCM channels.

The board is provided with a software development
environment, plus kernel functions, used to interface the
hardware, and a real time operating system, required to
manage the tasks in every DSP.

Our implemented algorithm exploits the kernel primitives
to acquire speech samples from the speech bus and to
exchange data with the host; if the data exchanged
between host and board are short (about 0.5 kBytes) we
use the "messages primitives”; for longer data we use the
"bulk-data primitives”.

3. ECHO CANCELLING ALGORITHM

The echo cancelling algorithm, written in TMS320C31
assembly language, is distinguished into two main blocks:
the first one is the adaptive digital filter used to obatain a
good echo estimation and the second one is the
adaptation stage, which implements the LMS algorithm,
based on the gradient tap adjustment to reduce the
estimation error [2], [3].
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In order to increase the number of taps, hence the echo
cancelling algorithm accuracy, we introduced some
suitable algorithm simplifications.

In fact, in order to avoid the computation of the inverse,
which requires several steps on the TMS320C31, we
extensively used a table look-up computation for
estimating the taps weights with the formula:
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by using 10 possible values of &« and for each of them
256 signal power values; this way we added a memory
overhead of 2.5 KWords table but the computation
requires 7 assembly instructions instead 32, without
affecting the computational accuracy.

Another way to increase the computational efficiency in
the adaptation stage is to reestimate more frequently high
weighted taps, characterized by a lower index, and less
frequently higher index taps.

Hence we have partitioned the taps into 4 sections (A, B,
C, D) which are reestimated with different priorities

Taps A, from 0 to "NumTap/4 - 1" are reestimated each
new sample because they are characterized by higher
weights, B taps, from "NumTap/4 to NumTap/2 - 1", are
reestimated each two samples because their weights
have an intermediate value between taps A and taps C
and D;C taps, from "NumTap/ 2 to 3/4*NumTap - 1", and
D, from "3/4*NumTap to NumTap - 17, are reestimated
each four samples.

Hence to summarized, the reestimation sequence is:
1)A+B, 2)A+C, 3)A+B, 4)A+D, 5)A+B, 6)A+C etc.

With this technique an improvement of cancellation
around 5 dB is achieved, due best number of taps
calculated, in the comparision to the case when all taps
are estimated with the same priority.

4. GENERAL OPTIMIZATION IN ADAPTATION STAGE

With reference to Figure 4, taps adaptation is carried out
only in specific phases of the dialogues; the tap
adaptation must be done if the remote user is not talking
(signal y() ) and at the same time the local machine
speech message is active (signal x{} ): in fact the taps
update algorithm must be activated only if the two input
signals are correlated [4].

If the power of the signal coming from the remote user is
higher than the power of the local machine speech
message, attenuated from the hybrid circuit, the
adaptation stage is disabled, because we are in a double-
talking condition; if the local machine message power is
lower than a predefinited energy threshold, the algorithm
doesn't need to adapt the taps, because the two input
signals are not correlated: in both these cases the filtering
stage uses weights values previously evaluated.

The adaptation stage is also disabled when the
cancellation is lower than certain threshold: such level of
cancellation is maintained in the time if the echo signal
covers whole the useful band (white noise), but if a
speech signal is used, it is not possible to maintain a
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sufficient level of cancellation with previously calculated
tap weights; since our applications use the speech as the
echo signal, then the weight of the taps will be continually
adapted.

To summarize, the pseudo-code of the control part is:

Speech local message Power computation
Compute the Digital Filter output
Sample from Hybrid Circuit - Digital Filter Output
Hybrid Circuit Signal Power computation

if (Speech local guide message Power >threshold)

{
if (NOT Double-Talking)

{
Compute the LMS Algorithm;
}

Erase the Echo from the sample coming from
Hybrid Circuit

The states of the Echo Cancelier algorithm are:
0: Taps Adjustment.
1: Achieved convergence, the aigorithm works
like Digital Filter.
2: Double Talking during the taps adjustment.
3: Double Talking during the Digital Filter
algorithm block (only to notify this event).
4: Silence on the local guide messags.
Figure 2 summarizes the evolution between different
states.

double talking

return

or
no double talking
or
guide message > treshold

Fig.2 Echo Canceller Algorithm State Machine
5. DSP SOFTWARE ARCHITECTURE

The Echo Canceller algorithm is a assembly routine
inside a DSP main program written in "C" language.

The main program uses the the kernel primitives in order
to manage the VO on the TDM bus and the
communications to the host.

The Echo Canceller algorithm has two inputs and one
output: the input are the “local speech message” and the
"signal coming from the remote user" affected from the
echo; the output is, the "signal of the remote user" with
the echo canceled.

On the TDM bus the program reads the samples from two
input time-slots and copies each couple of samples in two
different buffers, at the same time it writes the samples
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coming from the output buffer in the output time-slot of
the TDM bus: these operations are managed through the
kernel functions.

The kernel allows an internal time-slot remapping,
because there is on board a TDM bus reply, named
internal TDM, so it is possible to associate the same
global bus time-slot to more than one time-siot on the
internal bus: this is a fundamental characteristic in order
to implement echo cancelling on a TDM bus.

Tx X

External timesiots

Tx

Internal TDM

Rx

“Rx YO Remapping

Echo
Canceller
algorithm

Speech
Recognizer
algorithm

Fig. 3 External to Internal Time Slot remépping and
relative connections

The mechanism of input buffers loading and output buffer
down loading uses a ping pong buffer, so during the
computation the kernel loads and discharges a series of
butfer whereas the algorithm works on the other series of
buffer.

The buffer size is 240 samples (30 [ms]): this size has
been selected in order to guarantee real time also during
the elaboration peaks, and at the same time maintain a
reasonable size of the ping-pong buffer.

At the initialization phase the program gets by Host the
number of taps (NumTap), then the "start command";
during the execution the program couid be stopped and
furnish to the host each calculated tap value; errors
during the program execution are suitably encoded and
sent to the host.

6. HOST API

The Echo Canceller for Speech Recognizer is controlled
by the application through an Application Programming
Interface (API).
The APl library consists of different group of functions:

Device Management: for functions used to
initialize or to close an Echo Canceller process.

Status Functions: for functions that test the
working conditions and the state of the algorithm.

Cancelling Functions: for functions that enable
and disable the Echo Canceller.

Configuration Functions: for functions that allows
the input of parameters of the echo Canceller.
In this group there is also a function which allows the
association between telephone channel and time-slots
used: this implies that the Echo Canceller and the
associated Speec Recognizer are on the same board.
This problem exists because the Echo Canceller output is
not allocated on the global TDM bus but stays on the
local TDM bus; in this mode we don't use too many Time
Siot on the global TDM bus and give transparent the
Echo Canceller use in the comparisons of the Speech
Recognizer.
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in fact is the Echo Canceller APl function which pays
attention to copy on the Speech Recognizer input time-
slot the time-slot which contains the input signal with the
echo canceled; this type of connections are summarized
in Figure 3

7. EXPERIMENTAL RESULTS

Experimental result can be distinguished into two
categories, the first one characterizes the Echo Canceller
as a signal processing algorithm, the second one
measures its influence to the accuracy of the associated
speech recognizer: for that we have used an isolated
words speaker independent speech recognizer
implemented by CSELT.

7.1 Signal Processing Performances

The Echo Canceller debug enviranment can store in its
global memory the algorithm states, the samples of the
local guide message, the signal coming from the remote
user and the result of the cancellation: all these samples
are stored after the stop command and are elaborated
with the "Hypersignal" program.

This environment has been used first to debug the
implementation, then to identify the thresholds to use for
Double Talking energy (signal y() in Figure 4) and for
tuning the local guide message silence energy (signal x()
in Figure 4).

Aifter the identification of best internal thresholds setting,
we have measured first how many taps could be
calculated in this implementation without losing real time.
Table 1 reports the computation of time for a frame ( 240
samples equal to 30 mSec) when the number of taps
increases because we must cover a longer impulse due
to a worst impedence matching between Hybrid circuit
and CO.

TAPS IMPULSE ELABORATION TIME
LENGTH TIME CONSUMING
(mSec) (%) (mSec)
60 7.5 46 14
80 9.5 50 15
92 115 56 17
108 135 60 18
124 155 70 21
156 195 76 23
188 235 90 27
220 275 100 30
Table 1

After that we have evaluated the level of cancellation
(defined ERLE: Echo Return Loss Enhancement) with a
different number of taps and in two conditions: first with
the local guide message constituted by white noise and
then by speech.
The hybrid circuit is that of the telephonic commercial
card connected to our departement PABX.
The ERLE measurement has been done by comparing
the spettrograms, in the frequency domain, of the signals
coming from hybrid circuit and the residual echo;
In the range between B0 to 220 taps, with White
Noise, the ERLE is about 20 to 25 dB
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In the range between 60 to 220 taps, with Speec,
the ERLE is about 25 to 35 dB
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Network
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Adaptive
fitter

. é}
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Fig. 4 Environnement of Echo Canceller Performances

To characterize the algorithm for the impulse response
length, we have used a telephone network emulation
system, named TAS (Telephone Network Emulator): in
this case we connect our Echo Canceller telephone
environement to TAS.

The TAS parameters affect the Hybrid Circuit which
responds with different values of attenuation and impulse
response.

Figure 4 summarizes this test environement, used in
order to measure the attenuation inserted from the Hybrid
Circuit and the different length of the impulse response.

If the "Message Generator” generates an impulse signal,
the return signal by the Hybrid Circuit measures the
impuise response length and the Hybrid Circuit
attenuation.

In the test environement summarized in Figure 5,Table 2
reports the ERLE obtained when the "Message
Generator" sends a "speech message”, for different
values of Hybrid Circuit attenuation, and for each one of
these values 3 different configurations of the Echo
Canceller( 80, 160 and 200 taps)

These values of taps coincide to:

- 80 taps: the capability of allocating two Echo Canceller
for each DSP.

- 160 taps: to cover a standard impulse response.

- 200 taps: the maximum number of taps allowed in this
environement without losing the Real-Time.

The elapsed time between the Echo Canceller algorthm
starts and the best ERLE obtained is about 1 second.

TAPS HYBRID IMPULSE ERLE

ATTEN. LENGTH (dB)
(dB) (mSec)

80 20#25 10 25
160 20#25 10 25
200 20#25 10 25

80 15#20 13.3 30
160 15#20 133 30#35
200 15#20 13.3 30#35

80 10 15.3 30#35
160 10 15.3 30#35
200 10 15.3 30#35

Table 2

The ERLE values achieved with the TAS are similar to
those obtained with the PABX: the ERLE increases if the
Hybrid circuit attenuation decreases, leaving
approximately unchanged the level of cancellation.
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The condition of work with 160 taps seems to cover well a
real situation of impulse length.

We have to remember that if more taps than necessary
are inserted the noise increases, then it is appropriate not
to use too many taps.

For special telephone environments, it is possible to use
80 taps: this configuration allows a more efficient
integration of the algorithm in this board

7.2 Speech Recognition Performances

Isolated words speech recognition tests have been done
in the environment of Figure

b4
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Fig.5 Environnement of Speech Recognizer
Performances

The results of recognition with the message interference
active, are the same as the results which has been
obtained without the message interference.

The measurements has been repeated in other two
configurations: changing the values of attenuation of the
Hybrid Circuit, by acting some parameters in the TAS
configuration, and by introducing different values of
attenuation on the telephonic line, simulated with the
TAS: even in these cases the results of speech
recognition has not been modified with the presence of
the Echo Canceller.
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