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Abstract

The combination of adaptive gain control and acoustic
echo cancellation can reduce the problems arising with
hands-free telephone systems. Using a short-length echo
canceller, the acoustic coupling between the loudspeaker
and the microphone can be decreased consuming only a
small amount of processing power. The quality of the local
speech signal is improved and residual echoes are atten-
uated by means of the adaptive gain control. Attached
with the gain control is a simple speech detection method
and a cross-correlation estimate, which give information
about the speakers’ activities. This information can be
used to control the adaptation of the echo canceller. The
algorithm was implemented on a digital signal processor
and was found to operate well in wide bandwidth of 12kHz
in various environments.

Keywords: Hands-free Telephones, Echo Cancellation,
Adaptive Gain Control, Speech Processing.

1 Introduction

Using hands-free telephone systems instead of hand-sets,
a variety of problems occurs. The speech intensity is not
constant due to the varying distance between the local
speaker and the microphone. Besides that, all the back-
ground noise originating from office machines or the street
is transmitted as well disturbing the far-end speaker when
no local speech signal is present. In a hands-free telephone
system there is an acoustic coupling between the loud-
speaker and the microphone. This causes reverberation
or even feedback howling. The far-end speaker can hear
echoes of his or her own speech, which is especially dis-
turbing when there is a delay in the transmission system
due to a satellite link or coding systems.

The application of acoustic echo cancellers {1] can improve
the situation concerning the acoustic echoes drastically.
Unfortunately, if the echo attenuation is to be achieved ex-
clusively with an echo canceller, this needs a large compu-
tational complexity. Besides that, echo canceliers cannot
change the unfavourable conditions concerning the local
speech and background noise levels. The usual applica-
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tion of loss switching devices [2] does not work well in
many cases as it provides only a half-duplex connection.

In [5] and [6] an adaptive gain control algorithm is de-
scribed which varies the gain in a more sophisticated way
than only switching loss devices. By that means the in-
tensity of the transmitted speech signal is kept constant
whereas background noise and acoustic echoes can be sup-
pressed. This algorithm works satisfactory in many cases
when there is no strong direct coupling between the loud-
speaker and the microphone, i.e. if the power of the local
speaker at the microphone is higher than the power of the
acoustic echoes. This is often not the case when loud-
speaker and microphone are mounted on a single device,
so that there is a strong coupling due to the small distance
and to sound propagation in the case. The acoustic echoes
can then be much stronger than the local speech signal.
In these cases the local speech signal can be attenuated
during double talk situations.

For an improvement the combination of an adaptive echo
canceller with reduced complexity and the gain control
method is described in this paper. The principal of this
combination is given in figure 1. The echo canceller is
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Figure 1: Combination of echo cancellation and gain con-
trol

control
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used to attenuate mainly the direct sound wave. Thus the
coupling is reduced so that the acoustic echoes are weaker
than the local speech signals. Long-term echoes and the
residual attenuated direct sound wave are suppressed by
slight modification of the adaptive gain factor. The effect
of the gain control concerning the local signals remains as
described above. In addition, the information about the
speakers’ activities is used to stop the adaptation of the
echo canceller in double-talk situations. By that means
the advantages of gain control and echo cancellation are
combined in a very profitable way, whereas their weak
points can be compensated.

In the second section of this paper the concept and the di-
mensioning of the adaptive echo canceller are given. Sec-
tion 3 recapitulates the main features of the gain control
method which are important for the combination. In sec-
tion 4 the adaptation control is discussed, whereas sec-
tion 5 describes the implementation.

2 Echo canceller

An echo canceller is a digital replica of the electro-acoustic
loudspeaker-room-microphone system. This replica is
used to obtain an estimate Z(k) for the part of the mi-
crophone signal z(k) that origins from the loudspeaker.
Subtracting this estimate 2(k) from 2(k), the influence of
the acoustic echoes on the signal to be transmitted y(k)
can be diminished.

It has been found [3] that a transversal filter is a suitable
structure for an adaptive echo canceller. The output Z(k)
of this filter can be described by

L-1

28 = Y alk)z(k-0), ®

1=0

where ¢;(k) is the lth coefficient of the filter of order L at
time k. .

The echo canceller has to be adaptive as the loudspeaker-
room-microphone system may change when persons are
moving or the position of the loudspeaker or the micro-
phone is modified. For the adaptation of the coefficients
the well-known NLMS-Algorithm [4] is used:

(k)
er(k) + _?2?‘—_3

1=0,...,L-1.

a(k+1) = y(k) z(k-1); (2)

The stepsize a(k) has to be lying in the intervall 0 <
a(k) < 2 in order to guarantee stability [4].

The local speech signal disturbes the adaptation heavily.
It causes a misadjustment of the coefficients, which in-
creases with the power of the local signal. Therefore, the
adaptation has to be stopped in double-talk situations. It
is shown in the fourth section how these situations can be
detected analysing the gain control parameters.

The impulse response of a loudspeaker-room-microphone
system in an office can have a length of several hundred
milliseconds. It is still a challenging problem to handle
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such a system in real-time with wide bandwidth. How-
ever, here the goal is only to achieve an attenuation which
is high enough so that the gain control method does not
disturb the local signal in double-talk situations. In or-
der to study the effect of a short-length echo canceller of
order L on an office environment, an example is given in
figure 2. It shows the first 80ms of an impulse response
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Figure 2: Impulse response

which was measured in an office where loudspeaker and
microphone were positioned closely together. This is a
typical situation when both devices are mounted in one
case, which causes problems when the gain control method
is used exclusively.

Let g(i) denote the sample values of the given impulse
response. Then the distance measure

2
d(k L) = 10log Za-o (g(z . ci(k)) (3)
Zs-o 92(’)

describes to which degree the echo canceller of order L
corresponds to the impulse response of length N. If the
driving process z(k) is white noise, the distance d(k,L)
also describes the attenuation of this signal as a result
of the echo canceller. If we assume that g(z) = ¢;(k) for
i1=0,..., -1, i.e. the echo canceller is perfectly adjusted,
then the distance is independent of the time k, and

2
d(L) = 101og =izt Z;;Ll g 2(’) @)
Za-o (1)

describes the upper bound of the attenuation that can be
achieved using an echo canceller of order L.
Figure 3 shows d(L) for the given impulse response as a
function of the filter length in milliseconds. Because of
the large values at the beginning of the impulse response,
which indicate the strong direct coupling in the given en-
vironment, even with a very short filter a considerable at-
tenuation can be achieved. It should be noted that for this
figure perfect adaptation was assumed, which can never be
achieved in practise. In addition, the measured impulse
response had to be truncated at a value N which corre-
sponds to 80ms. In practise, the values g(i) for larger ¢
still contribute in (4) causing a further decrease in the
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Figure 3: Distance versus filter length

achievable attenuation. However, it can be seen that for
a desired attenuation of about 10dB, which is sufficient in
many cases, only a very short filter is needed. This can
be confirmed by the implementation.

3 Gain control

The gain control method utilizes the fact that a speaker
adapts the level of his or her speech to the background
noise so that the speech level is always higher. Thus, when
the input level is small, the associated gain factor is small,
too, in order to attenuate the background noise. The gain
factor becomes distinctly higher when somebody starts
speaking and decreases with growing speech levels. So all
speech sequences are transmitted with approximately the
same level.

The gain factor is computed as a function of the short-
term average magnitude of the signal to be transmitted,
y(k). An estimate for this average magnitude is

(1—ay) ly(k)| + a; F,(k~1)

if |y(k)| < 7,(k-1) (5)
(1-ar) [y(k)| + - 7, (k1) '

if fy(k)| > 7,(k-1)
The relation between |y(k)| and ¥,(k~1) is used as a cri-
terion for rising or falling levels and determines which
parameter oy or a, is used. The time constants of the
averaging process are chosen so that a rising edge in the
input level can be followed about ten times faster than a
falling edge. Thus the beginning of speech sequences can
be tracked. On the other hand, the overall time constant is
long enough so that this average magnitude varies slowly.
This is important, as a quickly varying average magnitude
would lead to a gain factor that causes distortions.
The estimate 7, is used to compute the gain factor

7. (k) =

C1 ifg, < Yomax /W

9F,)=1¢ e -g‘p-l lf Yomax/W < Ts < Yomax - (6)
03/y: if Yomax < ya

The most important parameter is the threshold yomax,

which controls the modes of operation. Above yomax the
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output level is almost constant as desired for speech se-
quences. Below the value yomax/w, the input sequences
are distinctly attenuated as it should be the case for back-
ground noise and acoustic echoes. Using this gain factor
a relation between the input and the output in the trans-
mission path is achieved as illustrated in figure 4.

41og(9(¥.)7.)

variation of Yomax
=St A

l

log(y;mx) log (73)

Figure 4: Input-output relation

The threshold yomax is adjusted according to

yOmlx(k) = max {UO(k)’ Weim Es(k)} . (7)

The value yo(k) is adapted between the background noise
level and the long-term average magnitude of speech as
described in [5]. It determines ygmax When the far-end
speaker is not active. The influence of the acoustic echoes
is described by the average magnitude of the far-end
speaker’s signal, T,, and the parameter for the coupling
between the loudspeaker and the microphone, ¢,. Rais-
ing Yomax for short time dependent on ¢im %, (k) causes the
attenuation of the acoustic echoes.

An estimate for the factor ¢, is computed analysing
the relation ¥,(k)/Z,(k) in times when only the far-end
speaker is active. This condition is tested using a correla-
tion factor

N
Z #(m-n) Z(m+1-n)
psz(m, 1) = 522 : (8)
Z |Z(m—n) Z(m+1-n)|

n=0

Low-pass filtered and down-sampled versions #(m) and
#(m) of (k) and z(k) are used in order to reduce calcu-
lation complexity. This is sufficient, as for speech signals
the power and correlation information are embedded in
the lower frequencies. When pz; is close to one, it can be
concluded that the far-end speaker dominates z(k), and
Cim 18 estimated.
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4 Adaptation control

In section 2 it was mentioned that it is important to stop
the adaptation of the filter coefficients when the local
speaker is active. This situation has to be detected rather
quickly as a strong local signal can lead to a great misad-
justment. On the other hand the algorithm has to keep
the capability of tracking system changes. Therefore, it
is not sufficient to freeze the adaptation when y(k) is in-
creasing, as this increase may origin from a local signal as
well as from a system change.

Instead the adaptation error y(k) has to be analysed in
combination with the far-end speaker’s signal in the given
environment. It has to be tested whether or not the in-
crease of y(k) can be a result of an increasing far-end
signal influencing the microphone signal. In the gain con-
trol method the parameters describing this influence are
derived: ¢;mZ,(k) is the estimated average magnitude of
the microphone signal originating from the loudspeaker.
Dependent on this estimate the threshold yomax is raised
according to (7). Comparing ¥, and Yomax, it is possible
to decide whether y(k) originates mainly from the local
signals or not. If therefore 7, (k) is greater than even the
raised threshold, it can be concluded that the local speaker
is active. The stepsize a(k) is thus

_ Jao if7,(k) < yomax(k)
“(’“)‘{oo ) > ) ©

where 0 < ag < 2 is a fixed value.

Using (9), the adaptation is stopped whenever the local
speaker is active. This takes place within the short time
constant for rising levels in (5). After a system change
the parameter ¢im is estimated indepently of (9) using only
the correlation estimate and the average magnitudes. The
threshold yomax is then raised according to the adapted
parameter and to Z,(k), and the adaptation continues.

5 Implementation and
- ments

experi-

The algorithm was implemented on a2 Motorola DSP56156
and run with wide bandwidth of 12kHz in real-time. With
this device extensive tests were carried out which con-
firmed that the proposed combination leads to further im-
provements as compared to only the echo canceller or the
gain control method.

Using a FIR-Filter with only 132 taps corresponding to
5.5ms length, an attenuation of 10dB can be achieved in
many typical applications. In cases when the direct sound
wave is less dominating, the effect of this short-length can-
celler is smaller. However, then the gain control alone
leads to good performance due to the reduced coupling.
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The adaptation of the echo canceller can be controlled re-
liably. The chosen time constant for rising input levels is
shorter than 10ms so that the adaptation can be stopped
quickly when the local speaker is active. It takes less than
100ms until a correlation estimate is computed. As the
computed values for ¢;, are smoothed, it takes several
values until the correct one is adjusted. Even after dras-
tic system changes the adaptation was never stopped for
longer than several hundred milliseconds. These seem to
be reasonable values as drastic system changes do not oc-
cur too often, whereas the local speaker’s activitiy is one
of the normal operation modes.

6 Conclusion

The proposed combination of a short-length acoustic echo
canceller and an adaptive gain control method is well
suited for application in modern wide-bandwidth tele-
phone systems. By means of the acoustic echo canceller
the direct coupling between the loudspeaker and the mi-
crophone can be reduced noticeably, improving the condi-
tions for the gain control method. Using this second al-
gorithm, the imperfection of the low-complexity canceller
can be compensated. In addition it gives a reliable crite-
rion for the adaptation control.
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