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ABSTRACT

Approaches to non-linear acoustic echo cancellation for
mobile devices all require a reliable, non-linear model of the
loudspeaker. This paper investigates a recent approach to non-
linear system identification. The loudspeaker is characterised
using specially-crafted test signals, in this case simple expo-
nential sine-sweep inputs, which facilitate the derivation of a
polynomial Hammerstein model. Model performance is then
assessed using the same artificial test input signal and then us-
ing real-speech. Model performance is assessed objectively
using the mean cepstral distance between real loudspeaker
outputs and that estimated using the model. Results show the
potential of the approach but also the challenge in estimat-
ing reliable non-linear models which accurately predict the
response to complex real-speech inputs.

Index Terms— Nonlinearities, system identification,
echo cancellation, loudspeaker modeling, exponential sine-
sweep

1. INTRODUCTION

Non-linear acoustic echo cancellation (NAEC) has attracted
growing attention over recent years [1–4]. This is perhaps
due to the increased use of miniature loudspeakers in mobile
devices; unfortunately, small loudspeakers tend to introduce
non-linear distortion which often degrades the performance
of acoustic echo cancellation algorithms [5–9].

Approaches to NAEC depend fundamentally upon a non-
linear model of the loudspeaker. Several models have been
reported in the literature [10–15]. The most popular are based
on Volterra series [16] given by:

xout(n) =

N∑
p=1

M−1∑
i1=0

· · ·

M−1∑
ip=0

hp(i1, · · · , ip)x(n− i1) · · ·x(n− ip)

(1)

where x(n) and xout(n) are respectively the input and output
of an N th order non-linear system with memory length M .
Non-linearity is characterised via the set of N multidimen-
sional Volterra Kernels hp(i1, · · · , ip).
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Fig. 1: The generalised polynomial Hammerstein model.

The Volterra series in Eq. 1 typically requires a large
number of parameters to model practical non-linearity and
is rarely used on account of impractical computational com-
plexity [17]. However, the principal causes of nonlinearities
in the mobile phones such as the clipping amplifier, nonlinear
suspension and nonuniform flux density (in a loudspeaker)
can be approximated as simplified memoryless models [18].
The popular power filter solution [2, 8] is given by:

xout(n) =

N∑
p=1

αpx
p(n) (2)

where α1 is the loudspeaker gain and where αp for p > 1 is
the gain of the pth order non-linear component. While the re-
duced complexity of the power filter model supports practical
implementations, the reduced flexibility generally results in
less accurate non-linear modelling, as shown in our previous
work [19].

Alternative models with a more favourable compromise
between computational demands and flexibility have thus
been investigated. This paper reports our work using the
polynomial Hammerstein model [20–22] illustrated in Fig. 1
and given by:

xout(n) =

N∑
p=1

L−1∑
i=0

xp(n− i)hp(i) (3)

The linear filters hp = [hp(0), hp(1), · · · , hp(L − 1)]T

for p ≥ 1 in Eq. 3 correspond to the diagonal Volterra Ker-
nels in Eq. 1 [19,22] and can be readily identified according to
procedures reported in [21–23]. This paper reports a compar-
ison of real mobile device loudspeaker outputs measured in
a controlled environment to those estimated by a polynomial
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Fig. 2: Experimental setup to measure loudspeaker outputs.

Hammerstein model. The work involves three different mo-
bile devices and reports the first investigation of model accu-
racy as a function of the key parameters, namely the number
of filter taps L and the order of non-linearities N .

The reminder of this paper is organized as follows. Sec-
tion 2 describes how model parameters are learned from loud-
speaker test signals and how the model is applied in practice.
A comparison of real loudspeaker signals to model estimates
is presented in Section 3. Conclusions and perspectives are
presented in Section 4.

2. NON-LINEAR LOUDSPEAKER MODELLING

This work aims to derive a generalised, non-linear loud-
speaker model. We outline the process used to measure real
loudspeaker outputs and to isolate their characteristics from
those of recording effects. We then show how the model
parameters are estimated from practical measurements and
finally how the model is applied in practice.

2.1. Measurement

The experimental setup used for loudspeaker characterisation
is illustrated in Fig. 2. A mobile device is placed before a
head and torso mannequin at a distance of 32cm. The device
is configured to operate in hands-free mode and at maximum
volume for which non-linear distortion is assured. A PC is
used to store and record all audio data sent to, or received
from a mobile device via a high-quality external sound card
and a network simulator [24]. Some additional non-intrusive
tests confirmed that the nonlinear distortions are specifically
introduced by the mobile phone and that all other elements in
the acquisition chain are purely linear processing.

Characterisation is based upon the comparison of mea-
sured loudspeaker responses to a specially crafted test input.
As in [21–23], and as illustrated in Fig. 3, measurements
were performed using an exponential sine-sweep input signal
(sin[wvar]) covering a frequency range between f1 = 20Hz
and f2 = 4kHz. The test signal is 10s in duration and is
sampled at a frequency of 8kHz.

The loudspeaker response can be seen as a composite
set of components containing not only the traditional lin-
ear impulse response g1 but also the separate responses
for each order of harmonic distortion gp for p > 1. The
different components can be isolated through the method
describe in [23]. The measured set of impulse responses
gp = [gp(0), gp(1), · · · , gp(L − 1)]T for p ≥ 1 are not
directly the Volterra Kernels hp in Eq. 3, but these can be
computed easily according to the procedure described in
Section 2.3.
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Fig. 3: Spectrogram of the exponential sine-sweep test signal,
sin[wvar].

2.2. Equalisation

The recordings described above were collected in a non-
anechoic acoustic booth. While reverberation is low, record-
ings reflect both loudspeaker behaviour and room acoustic
effects. The measured harmonic responses gp, p ≥ 1 are
thus equalized in order to suppress the influence of the room
impulse response (RIR):

geq,p = heq ∗ gp; p > 1 (4)

where heq = [heq(0), heq(1), · · · , heq(Leq − 1)]T is an RIR
equalisation filter. It is estimated according to the approach
described in [25].

2.3. Parametrisation

After computing geq,p, the loudspeaker response to an ex-
ponential sine-sweep (sin[wvar]) input signal can be repre-
sented as:

xout =

N∑
p=1

geq,p ∗ sin[pωvar] (5)

The response of the polynomial Hammerstein model to
the same exponential sine-sweep is given by:

xout =

N∑
p=1

hp ∗ sinp[ωvar] (6)

The relation between Eqs. 5 and 6 is discussed in [21]
which also describes a procedure to compute the Volterra Ker-
nels hp from the measured responses geq,p.

2.4. Application

Fig. 4 shows the practical model topology. Input signals un-
dergo two-fold filtering by: (i) a non-linear loudspeaker re-
sponse (LSR) and (ii) a room impulse response (RIR). The
latter allows the application of the non-linear model in any
acoustic environment different to that used for practical mea-
surements.



Fig. 4: Application of the non-linear loudspeaker model. Input signals are processed according to the non-linear loudspeaker
response (LSR) and a room impulse response (RIR). The LSR is the Hammerstein model in Fig. 1

.

Fig. 5: An illustration of non-linear characterisation and model performance. The first row illustrates the response of each
of three devices to the exponential sine-sweep input signal. Rows two and three illustrate the performance of the resulting
non-linear model to sine-sweep and real-speech input signals respectively. Results shown for different orders of non-linearity
N (vertical axes) and Volterra kernel lengths L (horizontal axes).

3. EVALUATION

This section illustrates non-linear behaviour in the case of ex-
ponential sine-sweep input signals which are used to charac-
terise a particular mobile device. The performance of derived
non-linear models are then assessed first, with sinusoidal in-
puts and second, with real-speech signals. The evaluation in-
volves three different mobile devices with different, miniature
loudspeakers used in hands-free mode at maximum volume.

In applying the non-linear model, for all experiments reported
below, we used the same vocal booth RIR measured in model
estimation. It has a fixed length of 1024 taps at an 8kHz sam-
pling frequency.

3.1. Device characterisation

The response of all three devices to the exponential sine-
sweep input signal is shown in the form of spectrograms in the



top row of Fig. 5. The 1st and particularly the 3rd device (left
and right columns in Fig. 5) exhibit significant non-linear dis-
tortion; spectrograms show additional higher order harmonics
in addition to the input exponential sine-sweep input signal.
The non-linearity is furthermore asymmetric; odd-order har-
monics are more significant than even-order non-linearities.
We note that some independent studies [17,26] have reported
similar observations. In contrast, the second device exhibits
comparatively less non-linear distortion.

3.2. Assessment

Polynomial Hammerstein models of all three devices were
measured using the procedure described in Section 2. Model
performance was assessed by comparing model and real loud-
speaker outputs for a common input signal. Two different
input signals were used: (i) the same exponential sine-sweep
signal used in the experimental procedure and (ii) a real-
speech signal. Real loudspeaker signals were recorded at the
ear of the mannequin using the same experimental test-bed
shown in Section 2. All signals are pulse code modulation
signals sampled at 8 kHz.

Performance is assessed objectively in terms of the Mean
Cepstral Distance (MCD) between the real recorded signals
and model estimates:

CD(m) =

√∑
Ns

[Cxreal
(m)− Cxmodel

(m)]
2

MCD = mean(CD) (7)

where Cxreal
(m) and Cxmodel

(m) are the column vectors of
cepstral coefficients from the real recorded signal xreal and
the model output xmodel of the mth frame respectively. Ns is
the length of the frame. Lower MCDs indicate that the model
more accurately reflects the real measured outputs.

3.3. Results

Results for each of the three devices are illustrated in Fig. 5.
The middle row shows results for the exponential sine-sweep
input signal whereas the lower row shows results for the real-
speech input signal. In all cases, results are shown for dif-
ferent orders of non-linearity N (vertical axes) and differ-
ent Volterra kernel lengths L (horizontal axes). Blue colours
illustrate lower MCDs whereas red colours indicate higher
MCDs.

For satisfactory performance, the order of non-linearity
N should be high enough to capture the principal sources of
non-linear distortion, i.e. the most dominant harmonics. The
Volterra kernel filter length L should be sufficiently high so as
to capture accurately both linear and non-linear loudspeaker
behaviour. Both parameters are however a compromise be-
tween performance and computational efficiency.

3.3.1. Exponential sine-sweep input

The response of each device to the exponential sine-sweep in-
put signal is illustrated in middle row of Fig. 5. For the 1st and

3rd devices, the MCD is higher for lower values of N , irre-
spective of the number of filter taps L. The MCD nonetheless
decreases with increasing N . This behaviour is not observed
for the 2nd device where, in any case, the level of non-linear
distortion is comparatively low. It is nonetheless reassuring
that there is negligible change in model accuracy for increas-
ing (overestimated) N . For the 1st and 2nd devices, the MCD
decreases as the kernel length L increases. However, for the
3rd device, with a value of N > 2 performance is relatively
stable for varying L. One possible explanation for such be-
haviour is that the highest order of significant non-linearity
exceeds that of the model (N = 10). Since the 3rd device
exhibits non-linearity greater than 10th order, N is not suffi-
cient in this case to reduce the MCD. Accordingly, values of
N > 10 would be needed where processing capacity allows.

3.3.2. Real-speech input

Results for real-speech inputs are illustrated in the last row
of Fig. 5. Due to aliasing caused by the static non-linearity
modelling, MCD values are generally lower for speech than
sine-sweep inputs. For the 1st device, the best performance is
obtained for lower values of N and higher values of L. For
the 2nd device, performance is best for higher values of L but
is independent of N . For the 3rd device performance is best
in the case of N = 1 and values of L around 64.

These results show that, for the two cases where non-
linearity is significant, the linear model (N = 1) outperforms
the non-linear model (N > 1) in the case of real-speech in-
puts. One explanation for this behaviour lies in the wider vari-
ation in amplitude for speech signals compared to sine-sweep
signals; lower amplitude speech signals may provoke signif-
icantly less non-linear distortion. It is also possible that the
model obtained from the system response to sine-sweep sig-
nals is overly simplistic. Whereas the sine-sweep signal con-
sists in a single sinusoidal frequency at any instant, speech
has a far more complex spectral density whereas the model
neglects inter-spectral influences.

4. CONCLUSIONS AND PERSPECTIVES

This paper investigates the use of polynomial Hammerstein
models for the characterisation and modelling of non-linear
loudspeakers. The Volterra kernels, which characterize the
non-linear system, are empirically measured and then used to
predict the response of three difference devices. Whereas val-
idation with the same sine-sweep input signals used for char-
acterisation shows the potential, the model yields worse per-
formance than a conventional linear model in the case of real-
speech inputs. The work highlights the challenge to model
accurately the distortion introduced by non-linear loudspeak-
ers. Further refinements are thus necessary to achieve consis-
tent practical performance, in particular with respect to inter-
spectral influences. Future work should develop new mod-
elling strategies based on real-speech input signals rather than
specially-crafted, yet artificial inputs such as those used in this
work. This will allow for the full consideration of intrinsic
speech characteristics and the response of non-linear systems
to amplitude variations and the distribution of non-linearities
across the full spectrum.
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