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ABSTRACT

The limitations of adaptive echo cancellers (AEC) for hands-
free telephony include noise, finite precision and truncation
effects, undermodelling of the acoustic impulse response,
vibration of the plastic enclosure, loudspeaker nonlinearities,
dynamic tracking and convergence and double-talk. This
paper examines the effect that the loudspeaker nonlinearity
and enclosure vibration have on the steady state ERLE per-
formance and concludes that enclosure vibration is an impor-
tant limitation which, although rarely mentioned in the
literature, is probably the major limitation in terms of sound
quality. Experimental measurements indicate that enclosure
vibration at medium to high loudspeaker volumes limits the
achievable ERLE and the perceived audio quality more than
any other limitation mentioned above.

1.0 INTRODUCTION

A typical handsfree terminal normally consists of two Adaptive
Filters (AFs). The first AF is used to remove acoustic echoes and
is referred to as an Acoustic Echo Canceller (AEC). The second
AF is used for cancelling echoes from an imperfect hybrid as
well as reflections from the line. The AEC structure must be
capable of identifying and tracking not only the reflected signals
from the room, i.e. its Acoustic Impulse Response (AIR), but also
of modelling the plastic enclosure vibrations and nonlinear loud-
speaker response, as shown in Figure 1.

FIGURE 1. Acoustic Echo Canceller Structure. The AEC must
identify not only the AIR but nonlinear and vibration effects as
well.
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Conventional AECs utilize a linear adaptive transversal filter to
model the room impulse response and cancel the echo signal. The
NLMS algorithm [1] is the baseline by which performance of
alternative models is measured but it is incapable of reducing non-
linear distortion. A measure of the AEC performance is the Echo
Return Loss Enhancement (ERLE) which is defined as;

( 1)

whereσ2
p andσ2

e refer to the variances of the primary and error
signals respectively andE is the statistical expectation operator.

2.0 OVERVIEW OF LIMITATIONS OF AECs

The limitations of AECs include the following:

1. Noise, Finite Precision and Truncation: This includes acous-
tic noise from fans and air conditioning in the room as well as
thermal and impulsive circuit noise from amplifiers, and DSP
related noise such as truncation, finite word lengths and char-
acteristics of the particular algorithm being used. Caraiscos
and Lui [6] have done an analysis of roundoff effects in the
LMS family of algorithms and point out that there exists an
optimum value of step sizeµ which obtains the minimum
mean square error. However, this step size is generally too
small to maintain a reasonable convergence rate. Room noise
is probably the largest contributor to this limitation. Our
experiments have shown that wall coverings, carpets etc. can
make a significant decrease in the amount of room noise
picked up by the microphone.

2. Undermodelling of the Acoustic Transfer Function: This
occurs when the number of taps or variables in the AEC adap-
tive filter is less than the AIR of the room. The remaining
uncancelled tail portion of the AIR manifests itself as a finite
error at the output of the AEC. Blindly increasing the number
of taps results in added complexity, greater algorithmic noise
and slower convergence. The achievable ERLE has been
shown to be determined (in the absence of other limitations) to
be equal to the ratio of powers of the Total Impulse Power
(TIP) of the AIR to the uncancelled Tail Portion (TP) of the
AIR. Knappe and Goubran [9] have shown that the TIP/TP
ratio defines the ERLE up to a ratio of about 20 dB. Beyond
this point, other effects dominate.
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3. Enclosure Vibration Effects: A major part of the AIR is due
to loudspeaker/microphone/enclosure coupling which is sta-
tionary in nature and larger in amplitude than the echoes. The
particular adaptive algorithm used will devote a portion of its
computation to adapt these AIR coefficients which may be
better modelled by another method. Whistling can occur in
small orifices in sealed enclosures. This whistling is essen-
tially chaotic in nature and can be a problem if it occurs close
to the microphone. Our experiments have shown that vibra-
tion, especially in the lower voice frequencies (when speech
is the reference signal) causes significant vibration an noise
to be picked up in the microphone, even though to the lis-
tener, the vibration from the set is barely audible.

4. Nonlinearities in the Transfer Function: Generated mainly
in the loudspeaker, nonlinear distortion effectively puts a
limit on the achievable ERLE of algorithms based on linear
mechanics. In addition to the direct loudspeaker effects, sec-
ondary nonlinear effects such as rattling can be considered
nonlinear in nature. Rattling is very difficult, if not impossi-
ble to model. However, the loudspeaker nonlinearity is weak
and can therefore be modelled accurately with nonlinear
state-space (see [3][4]) and neural network models (see [11]
[12]). Our experimental results have shown that this nonlin-
earity is a less serious problem than the enclosure vibration.

5. Dynamic Tracking in Nonstationary Conditions: The initial
convergence of a particular algorithm identifies the room
configuration, however as objects move and the input charac-
teristics become nonstationary, the tracking ability of the
algorithm becomes important. For example, although RLS
based algorithms have fast convergence, it has been found
that algorithms based on instantaneous gradient estimates like
the exponential step size LMS family actually outperform
RLS algorithms in AEC applications [7].

6. Double Talk: During periods when the far end speaker and
near end speaker are simultaneously talking in a full duplex
system, it is often necessary to freeze the adaptive filter coef-
ficients such that divergence of the tap weights does not
occur. For more details on double talk detector, refer to [15].

FIGURE 2. Achievable ERLE as a function of Physical
Limitations.
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2.1 Nonlinearity in the Transfer Function

The loudspeaker is probably the major source of nonlinearity in a
speakerphone. A loudspeaker has several sources of nonlinearity
including non-uniform magnetic field and nonlinear suspension
system [2][4].The electrical and mechanical part of the loud-
speaker interact through the magnetic field resulting in a nonlinear
force deflection characteristicfM of the loudspeaker cone suspen-
sion system, usually approximated [4] by;

( 2)

whereα, β and δ are modelling constants and x is the displace-
ment of the voice coil. Suspension system nonlinearity manifests
itself as soft clipping at the loudspeaker output and results in odd-
order harmonics under large signal conditions. The nonlinear dis-
tortion consists mainly of cubic terms and can easily be 5 to 10
percent of the total output, especially when dealing with small
loudspeakers that operate at high volumes, which is generally the
case for speakerphones.

Figure 3 shows the PSD of the primary signal with the loud-
speaker and microphone components removed (this removes the
effect of vibration). The measurements are performed in an
anechoic chamber to remove room noise and echoes. Notice that
there is an increase in the out-of-band signal level which is essen-
tially nonlinear components of the original bandlimited (refer-
ence) signal..

FIGURE 3. Primary signal PSD with components removed from
enclosure. Volume is increased from 60 dB SPL to 100 dB SPL.

Loudspeaker nonlinearity can be modelled using a nonlinear pre-
processor before the tapped delay line transversal filter using a
partial adaptive time delay neural network and NLMS structure.
The basic structure is shown in Figure 4. Measurements are per-
formed in an anechoic chamber to remove the effect of room ech-
oes.

The results shown in Figure 5 show that this method is capable of
improving the ERLE by approximately 5.5 dB when operating at
high volumes in the vicinity of 100 dB SPL. At lower volumes

fM αx βx2 δx3+ +=
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however, the distortion is not as severe and the linear NLMS
model outperforms the partial adaptive TDNN.

.

FIGURE 4. Partial adaptive structure utilizing a tapped delay
line neural network pre-processor to cancel the first part of the
AIR and a NLMS to cancel the tail portion of the signal.

FIGURE 5. Experimental results showing converged ERLE of
the partial adaptive TDNN structure compared to the NLMS for
increasing volume. A 5.5 dB improvement in ERLE can be
obtained at high volumes when the components are separated.

2.2 Enclosure Vibration Effects

Enclosure vibration will also greatly affect the achievable ERLE
performance. Rattling of the handset and keys is nonlinear and
chaotic and can be modelled as uncorrelated noise. The result is
to limit the achievable ERLE, in a similar way as uncorrelated
noise or as an unmodelled nonlinearity.

Measurements shown in Figure 6 show the PSD of a speaker-
phone primary signal, when the loudspeaker and microphone are
mounted inside the plastic enclosure. Rattling and vibration cause
an increase in the uncorrelated noise signal introduced into the
primary path. Since this noise is uncorrelated, it essentially
places a limit on the achievable cancellation, as defined in (1). In
fact, the application of the partial adaptive TDNN process which
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gave some degree of improvement in the case where the compo-
nents were separated gave no improvement when applied to sig-
nals which were obtained while the components were mounted
inside the enclosure. The explanation seems to be that vibration is
preventing the algorithm from properly identifying the handsfree
telephone system. Further experimentation showed that noticeable
vibration was being picked up by the microphone when voice sig-
nals were applied to the reference channel, especially at low fre-
quencies.

.

FIGURE 6. Experimental results showing the effect of increasing
signal level on the power spectral density of the primary signal as
the volume of the loudspeaker is increased from 60 to 100 dB SPL.

When the partial adaptve process is applied to the data collected
when the components are mounted inside the plastic speaker-
phone enclosure, the performance improvement observed in Fig-
ure 5 are no longer seen. The results are illustrated in Figure 7

.

FIGURE 7. Experimental results showing converged ERLE of the
partial adaptive TDNN structure compared to the NLMS for
increasing volume, when the components are mounted inside the
speakerphone enclosure.
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The output error PSD is plotted along with the primary and refer-
ence signals for the loudest volume signal (100 dB SPL) in Fig-
ure 8. The NLMS algorithm is used in this case since the partial
adaptive TDNN gave similar results, for the vibration case.

FIGURE 8. Experimental results. PSD of primary, reference and
error signals shows that in the vibration case, the out of band
uncancelled error is due to the noise like characteristics of the
primary signal in that frequency range.

3.0 DISCUSSION

Comparison of the PSD plots of Figure 3 and Figure 6 show
clearly that the vibration and rattling inside the enclosure causes
an increase in the out-of-band signal components over that of the
components only. In the case where the components are sepa-
rated from the enclosure, a partial adaptive TDNN structure can
model the loudspeaker nonlinearity at high volumes, since it is
essentially a weak non-linearity. This results in an improvement
in the converged ERLE over the NLMS case. In the case where
the components are mounted inside a speakerphone enclosure,
rattling and vibration cause an increase in the out-of-band signal,
which cannot be removed by either the linear NLMS or non-lin-
ear TDNN-NLMS structure, suggesting that the signal is chaotic
and noise-like. Indeed, a very complicated structure would likely
be needed to model such effects as rattling keys and resonances
in plastics, and is beyond the scope of this paper. In the course of
this work it was noticed that when speech signals were applied to
the reference, a most annoying vibration was picked up by the
microphone especially on voice peaks at low frequency. This was
absent when the loudspeaker was removed from the enclosure.

4.0 CONCLUSIONS

This paper has demonstrated that vibration and loudspeaker non-
linearity are limitations to the achievable ERLE in acoustic echo
cancellers in handsfree telephony. It presented a method to com-
bat nonlinear loudspeaker distortion effects in the AEC. This
paper also suggests that to improve the quality of the audio in
such systems, it may be more prudent to concentrate on vibration
reduction before applying DSP techniques.
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