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ABSTRACT

A computationally cheap extension from single-microphone
acoustic echo cancellation (AEC) to multi-microphone AEC
is presented for the case of a single loudspeaker. It em-
ploys the idea of common-acoustical-pole and zero model-
ing of room transfer functions (RTFs). The RTF models
used for multi-microphone AEC share a fixed common de-
nominator polynomial, which is calculated off-line by means
of a multi-channel warped linear prediction. By using the
common denominator polynomial as a prefilter, only the nu-
merator polynomial has to be estimated recursively for each
microphone, hence adapting to changes in the RTFs. This
approach allows to decrease the number of numerator co-
efficients by one order of magnitude for each microphone
compared with all-zero modeling. In a first configuration,
the prefiltering is done on the adaptive filter signal, hence
achieving a pole-zero model of the RTF in the AEC. In a
second configuration, the (inverse) prefiltering is done on the
loudspeaker signal, hence achieving a dereverberation effect,
in addition to AEC, on the microphone signals.

1. INTRODUCTION

Acoustic echo cancellation (AEC) is used in speech commu-
nication applications where the existence of echoes degrades
the intelligibility and listening comfort, such as in mobile
and hands-free telephony and in teleconferencing. An acous-
tic echo canceller seeks to cancel the echo signal component
y(t) in a microphone signal d(t), ideally leading to an echo-
free error signal e(t). This is done by subtracting an esti-
mate of the echo signal ŷ(t) from the microphone signal as
shown in Fig. 1 (a) and (b). Therefore, an adaptive filter
is used to provide a model that represents the best fit to
the echo path Hroom or room impulse response (RIR) [6].
This model is used to filter the input signal x(t) to obtain
the estimated echo signal. There are situations in which sev-
eral microphones are employed simultaneously and therefore
multi-microphone techniques are called for.

The most common model for the RIR is the finite impulse
response (FIR) model corresponding to an all-zero model of
the room transfer function (RTF). This is due to well-known
behaviour and guaranteed stability of the adaptive FIR fil-
ters [5]. It is also connected to the physics of room acous-
tics where a microphone signal is a weighted sum of discrete
reflections of the loudspeaker signal. Its drawback is that
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the number of FIR filter coefficients required to model a
RIR increases dramatically if the RIR is long which is typ-
ical in room acoustics applications. Besides, any change of
loudspeaker-microphone or obstacle position inside the room
will change the coefficients of the model and therefore a re-
calculation of every coefficient will be needed. The problem
of calculating a large amount of coefficients becomes more
apparent in the case of a multi-microphone scenario where
one adaptive FIR filter is used for each microphone.

One of the alternatives is to use an infinite impulse re-
sponse (IIR) model which corresponds to a pole-zero model
of the RTF. This model reduces the number of coefficients to
be estimated for the same modelling capabilities [5]. More-
over, this model again represents the physics of room acous-
tics now also including the modelling of the acoustic reso-
nances by means of the poles of the transfer function. Poles
can represent long impulse responses caused by resonances,
while zeros represent time delays and antiresonances [8]. The
well known drawbacks of the adaptive IIR filter are the non-
linear shape of the cost function for the filter coefficients es-
timation and its potential instability [5]. Although different
algorithms have been proposed to overcome these limitations
with more or less success, their use, especially the use of high
order filters is very limited in practice [5].

In [8] the concept of a common-acoustical-pole and zero
model is introduced. The underlying idea is that the acoustic
resonances in a room depend on the dimensions and shape
of the enclosure and not on the loudspeaker-microphone po-
sition. Each RTF may be expressed using a common set of
poles and different zero functions. The RTF models used for
the proposed multi-microphone AEC share a fixed common
denominator polynomial which is calculated off-line, from a
set of measured RIRs, by means of a multi-channel warped
linear prediction. By using the fixed common denominator
polynomial as a prefilter (see Fig. 1 (a) and (b)) only the nu-
merator polynomial has to be estimated for each microphone.
Therefore, the prefiltering has two positive impacts: first,
it avoids the problems of adaptive IIR filters and second,
it reduces the number of filter coefficients to be estimated.
Moreover, as reducing the number of filter coefficients is a
major concern in the proposed multi-microphone AEC, the
calculation of the common poles will be performed in the
frequency-warped domain. By frequency-warping the RIR,
one is able to focus the computational resources in specific
frequency regions of interest [2], [1], relaxing the modelling
effort in those frequency regions that are of less interest [4].

This paper is organized as follows. In Section 2, the
proposed model is shown. In Section 2.1 the concept of
the common-acoustical-pole and zero model is further ex-
plained. In Section 2.2 the standard procedure for frequency
warping is explained. In Section 2.3 the equations for multi-
channel warped linear prediction are presented. In Section 3
it is shown the adaptive algorithm employed in the proposed
AEC and the signals participating which depend on whether
the prefilter is located in the adaptive filter signal path or
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in the loudspeaker signal path. In Section 4 simulation re-
sults are provided that demonstrate the performance of our
proposed model in terms of echo reduction. Finally Section
5 concludes the paper.

Echo signal

Fixed filter
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(a) Prefilter in adaptive filter
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(b) Prefilter in loudspeaker sig-
nal path

Figure 1: Acoustic echo canceler set-up with prefilter using fixed co-
efficients polynomial

2. PROPOSED MODEL

2.1 Common-acoustical-pole and zero model

Although the RTFs are different for each loudspeaker-
microphone position, all RTFs in a room share the same
resonance frequencies. These resonance frequencies may be
visible as spectral peaks in the RTFs [5]. If only the zeros
cause RTF variation then the RTFs can be expressed us-
ing a common denominator for all and a different numerator
for each of them (i.e. Hi(q, t) = Bi(q, t)/Ac(q)) as depicted
in Fig.3. This can be represented by either common poles
(pc(k)) and distinct zeros (zi(k, t)) or in polynomial form us-
ing common autoregressive (AR) (ac(k)) and distinct moving
average (MA) (bi(k, t)) coefficients [8],

Hi(q, t) =

∏Q
k=1 (1− zi(k, t)q−1)∏P
k=1 (1− pc(k)q−1)

=

∑Q
k=1 bi(k, t)q

−k

1−
∑P

k=1 ac(k)q−k

(1)
where Q and P are the order of numerator and denominator
respectively, i = 1, ...,M the number of microphones and q
denotes the time shift operator, i.e., q−ku(t) = u(t− k)

2.2 Warped linear prediction

To obtain the AR coefficients of an impulse response a set
of simultaneous equations must be solved (see also section
2.3). This set of simultaneous equations in our case takes
the same mathematical form as the Wiener-Hopf equations
for linear prediction, the Yule-Walker equations for an au-
toregressive model [6] and is equivalent to the equation error
between a measured impulse response and the estimated all-
pole impulse response [7]. Here, a warped linear prediction
(WLP) will be used as in [3]. The standard procedure in
producing frequency-warped impulse responses involves re-
placing the unit delay operator, q−1 of the original RTF,
Hi(q) =

∑N
t=0 hi(t)q

−t, by a first-order all-pass filter [1]
D(q, λ), i.e.,

Hw
i (q) =

N∑
t=0

hw
i (t)q−t =

N∑
t=0

hi(t)D
t(q, λ) (2)

where N denotes the impulse response length, the warping
parameter λ ∈ (−1, 1) and

D(q, λ) =
q−1 − λ
1− λq−1

(3)

The superscript w means that the impulse response or RTF
is transformed to the warped domain. The inverse mapping
or dewarping (i.e., from the warped domain to the original
domain) follows directly by applying again the same mapping
with the sign of λ changed [1].

Hi(q) =

N∑
t=0

hw
i (t)Dt(q,−λ) (4)

Fig. 2 shows the RTF of a 2001 samples long measured
room impulse response (sampling frequency fs = 16 kHz)
together with the spectrum of the estimated denominator
polynomial (AR coefficients) calculated with order P = 200
and by warping the impulse response with λ = 0, λ = 0.5
and λ = 0.9 respectively. With λ = 0 the modelling effort
is uniformly spread over the frequency axis. With λ = 0.5,
and especially so with λ = 0.9, the modelling effort is put in
lower frequency regions. As it can be seen, the low frequency
region contains the main resonant peaks. Therefore it seems
obvious to employ the limited computational resources in
this area.

Figure 2: Frequency spectra of an impulse response and its estimated
AR coefficients

2.3 Warped multi-channel linear prediction of com-
mon acoustical poles

From a set of warped impulse responses a set of common AR
coefficients can be calculated and then transformed back to
the original domain. This set of AR coefficients corresponds
to the main resonances of the RTFs. Assuming that hw

i (t) is
the time-domain version of the warped RTF Hw

i (q) (2), the
warped all-pole estimate of the impulse response coefficients
is [1]

ĥw
i (t) =

P∑
k=1

awc (k)hw
i (t− k) (5)

The warped common AR coefficients can be calculated
as those that minimize the cost function

min
aw
c (k)

M∑
i=1

∞∑
t=0

e2i (t) (6)

with

ei(t) = hw
i (t)− ĥw

i (t)

= hw
i (t)−

P∑
k=1

awc (k)hw
i (t− k)

(7)
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The warped multi-channel linear prediction of the com-
mon AR coefficients awc (k) that minimize (6) are calculated
by solving the normal equations [7], i.e.

a =
(
WTW

)−1

WTv (8)

where

H2 H3 H4

Ac(q)

H1

1
Ac(q)

B̂3(q, t) B̂4(q, t)B̂2(q, t)B̂1(q, t) B̂M(q, t)

HM

e1(t)

e2(t)

e3(t)

e4(t)

eM(t)

yM(t)

y4(t)

y3(t)

y1(t)

y2(t)

ŷM(t)ŷ4(t)ŷ3(t)ŷ2(t)ŷ1(t)

x(t)

Figure 3: Multi-microphone acoustic echo canceler set-up

a = [awc (1), awc (2), ..., awc (P )]T (9a)

W = [HT
1 ,H

T
2 , ...,H

T
M ]T (9b)

v = [hwT
1 ,hwT

2 , ...,hwT
M ]T (9c)

hw
i = [hw

i (1), hw
i (2), .., hw

i (N − 1), 0, 0, .., 0]T (9d)

Hi =



hw
i (0) 0 · · · 0
hw
i (1) hw

i (0) · · · 0
...

...
...

...
...

...
... hw

i (0)

hw
i (N − 1) 0 · · ·

...

0 hw
i (N − 1) · · ·

...
...

... · · ·
...

0 0 · · · hw
i (N − 1)


(9e)

⇒ size [(N + P − 1)× P ]

3. AEC ALGORITHM

Vector a (9a) contains the warped common AR coefficients
that are mapped back to the original domain to provide the
fixed prefilter polynomial

Ac(q) = 1− ac(1)q−1 − ...− ac(P )q−P (10)

The prefiltering is applied to either the adaptive filter signal
or the loudspeaker signal as depicted in Fig. 3. In a first
configuration, the prefiltering is applied to the adaptive fil-
ter signal, hence achieving a pole-zero model of the RTF in
the AEC. In a second configuration, the (inverse) prefiltering
is applied to the loudspeaker signal, hence achieving a dere-
verberation effect, in addition to AEC, on the microphone
signals.

For every microphone the numerator coefficients

Bi(q, t) = bi(0, t) + bi(1, t)q
−1 + ...+ bi(Q, t)q

−Q (11)

are adapted using the well-known Normalized Least Mean
Squares (NLMS) algorithm [6], i.e.

ei(t) = yi(t)− ŷi(t) (12a)

= yi(t)− bi(t)u
T (t) (12b)

bT
i (t+ 1) = bT

i (t) + µ
1

u(t)uT (t)
u(t)T ei(t) (12c)

where i = 1, ...,M , the vector u(t) = [u(t), u(t −
1), ..., u(t − Q)] is the input to the adaptive filter, bT

i (t) =
[bi(0, t), bi(1, t), ..., bi(Q, t)] are the adaptive filter coeffi-
cients, yi(t) are the microphone signals, ei(t) are the error
signals, ŷi(t) are the estimated echo signals and µ is the step
size. Signals u(t) and yi(t) will depend on whether the pre-
filter is in the adaptive filter signal path or in the loudspeaker
signal path as follows:

• Prefilter in the adaptive filter signal path

u(t) =
1

Ac(q)
x(t) (13)

= x(t)− ac(1)u(t− 1)− ...− ac(P )u(t− P ) (14)

yi(t) = Hi(q, t)x(t) (15)

• Prefilter in the loudspeaker signal path

u(t) = x(t) (16)

yi(t) = Ac(q)Hi(q, t)x(t) (17)

= Ac(q)
Bi(q, t)

Ai(q, t)
x(t) ≈ Bi(q, t)x(t) (18)

4. SIMULATION RESULTS

Matlab computer simulations were performed at fs = 16
kHz. Five room impulse responses, (hi with i = 1, ..., 5) of
length N = 2001 samples were measured in a rectangular
room of about 5 × 3 × 3 m. In every simulation the NLMS
step size µ = 1 as it offered the best results. The input
signal was speech (female voice) recorded at fs = 16 kHz
of 6.7 seconds duration (i.e., length L = 1340876 samples).
The warping parameter λ = 0.7 was found to be optimal.
The performance measures were: Attenuation,

Attenuation = 10 log10

∑L
t=0 y(t)2∑L
t=0 e(t)

2
(dB) (19)

which is a scalar that measures the difference in dB between
the power of the error and microphone signals; and Echo
Return Loss Enhancement (ERLE),

ERLE(n) = 10 log10

∑p
k=1 y

2
(
(n− 1)p+ k

)∑p
k=1 e

2
(
(n− 1)p+ k

) (dB) (20)

for n = 1, ..., L
p

, which is (19) averaged over time frames of

length p. The order of the numerator, Q, and denominator
P are the same in every simulation.

The performance in terms of Attenuation and ERLE
of the 5 acoustic echo cancellers (AECi with i = 1, ..., 5) is
shown in two different scenarios: first, when the AR coef-
ficients of the prefilter are calculated from a single impulse
response and second, when they are calculated using the set
of impulse responses (i.e., common-acoustical-poles).
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Table 1: Attenuation(dB). AR Coefficients obtained from h1. 2.Left)
Prefilter in adaptive filter signal path. 2.Right) Prefilter in
loudspeaker signal path

LPC (h1) LPC (h1)

(Adap. sig.) AEC1 AEC4 (Loud. sig.) AEC1 AEC4

P = 200 28.0 16.3 P = 200 19.4 14.0

P = 500 37.8 18.3 P = 500 29.9 14.2

4.1 Comparison of ERLE with and without warping

The effect of warping an impulse response prior to calculating
the AR coefficients is shown in this section. Fig. 4 shows
the differences in the AEC performance when using different
values of the warping parameter λ. The optimal value λ =
0.7 was applied and compared with λ = 0 which means that
no warping is applied to the impulse response. The WLPC
(AR) order was P = 200. The prefilter was applied to the
adaptive filter signal path. AR coefficients were extracted
from impulse response h1. Fig. 4(a) shows the time evolution
(L samples) of the microphone y1 and error signal e1 and Fig.
4(b) shows the ERLE. The value of the attenuation of the
AEC1 was 16.6 dB with λ = 0 and 28 dB with λ = 0.7,
which shows that, with warping, an improvement of more
than 11 dB can be achieved.

(a) Error signal evolution with
different λ

(b) ERLE of AEC1 with differ-
ent λ

Figure 4: Prefilter in the adaptive filter signal path with WLPC
(AR) order P = 200 with optimal λ = 0.7 and λ = 0
which means no warping

4.2 Prefilter in the adaptive signal path

This section shows the performance of the AECi, with i =
1, ..., 5, when the prefilter is applied to the adaptive filter
signal. In such case a pole-zero model of the RTF, with
fixed denominator and variable numerator, is used in the
AEC. The warping parameter was set to λ = 0.7. The AR
coefficients were calculated with two different WLPC (AR)
orders (P = 200 and P = 500).
• AR coefficients calculated from one impulse response (h1)

Fig. 5(a) and Fig. 5(b) show the time evolution of the micro-
phone and error signal and ERLE respectively, of AEC1 and
AEC4. Table 1.(Left) shows the values of the attenuation
achieved by AEC1 and AEC4 where the difference between
them is 11.7 dB (P = 200) and 19.5 dB (P = 500).
• Common-acoustical-pole AR coefficients

In this case the fixed filter coefficients are calculated from the
set of impulse responses using (8). Fig. 6(a) and Fig. 6(b)
show the time evolution of the microphone and error signal
and ERLE respectively, of every AECi, with i = 1, ..5. Table
2.(Top) shows that the difference among the Attenuation
values is highly reduced with satisfactory individual results
(i.e., average Attenuation = 20.4 and 24.1 dB with P = 200
and 500 respectively).

(a) Error signal evolution with
different WLPC (AR) orders

(b) ERLE with different WLPC
(AR) orders

Figure 5: Prefilter in the adaptive filter signal path. AR coeffients
are calculated from impulse response h1 with optimal
λ=0.7 and P = 200 and P = 500. Performance of AEC1

and AEC4 are shown consecutively

(a) Error signal evolution with
different WLPC (AR) orders

(b) ERLE with different WLPC
(AR) orders

Figure 6: Prefilter in the adaptive filter signal path. AR coeffients
are calculated from common acoustical poles with optimal
λ=0.7 and P = 200 and P = 500. Performance of every
AECi are shown consecutively

Table 2: Attenuation(dB). AR coefficients obtained from common
acoustical poles. Top) Prefilter in the Adaptive filter sig-
nal path. Middle) Prefilter in the loudspeaker signal path.
Bottom) No prefilter

LPCcommon

(Adap. sig.) AEC1 AEC2 AEC3 AEC4 AEC5

P = 200 24.8 20.3 19.4 24.2 19.4

P = 500 27.9 24.3 24.4 26.0 22.5

LPCcommon

(Loud. sig.)

P = 200 15.4 15.7 13.8 15.2 13.4

P = 500 24.0 19.9 19.7 22.5 18.3

All-zero
(No prefilter)

Q = 2000 36.4 31.6 33.3 28.7 32.1

4.3 Prefilter in the loudspeaker signal path

This section shows the performance of the AECi, with i =
1, ..., 5, when the prefilter is applied in the loudspeaker signal
path. In such case a dereverberating effect is achieved by
cancelling the main resonances. The warping parameter was
set to λ = 0.7. The AR coefficients were calculated with two
WLPC (AR) orders (P = 200 and P = 500).

• AR coefficients calculated from one impulse response (h1)
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Fig. 7(a) and Fig. 7(b) show the time evolution of the micro-
phone and error signal and ERLE respectively, of AEC1 and
AEC4. Table 1.(Right) shows the values of the attenuation
achieved by AEC1 and AEC4 where the difference between
them is 5.4 dB (P = 200) and 15.7 dB (P = 500).

• Common-acoustical-pole AR coefficients

In this case the fixed filter coefficients are calculated from the
set of impulse responses using (8). Fig. 8(a) and Fig. 8(b)
show the time evolution of the microphone and error signal
and ERLE respectively, of every AECi, with i = 1, ..5. Table
2.(Middle) shows that the difference among the Attenuation
values is reduced with satisfactory individual results only
with P = 500 (i.e., average Attenuation = 14.2 and 19.9 dB
with P = 200 and 500 respectively).

(a) Error signal evolution with
different WLPC (AR) orders
(200 Top, 500 Bottom)

(b) ERLE with different WLPC
(AR) orders

Figure 7: Prefilter in the loudspeaker signal path. AR coeffients are
calculated from impulse response h1 with optimal λ=0.7
and P = 200 and P = 500. Performance of AEC1 and
AEC4 are shown consecutively

Table 2.(Bottom) also shows the values of the
Attenuation in the case no prefilter is applied (i.e., all-
zero case) with order Q = 2000 which is the total length
of the impulse response. It can be seen that although the
achieved attenuation is higher compared with our proposed
model, the number of coefficients increases dramatically. As-
suming that NLMS requires 2Q + P multiply-add opera-
tions for each update (12a)-(12c) [5], the number of op-
erations in the all-zero case is M · 2Q = 5· 4000 = 20000
whereas with fixed prefiltering, the number of operations
is M · 2Q + P = 5· 400 + 200 = 2200 (i.e., 91% saving) or
M · 2Q + P = 5· 1000 + 500 = 5500 (i.e., 36% saving). The
better results obtained in the case of prefiltering in the adap-
tive filter signal path are due to the IIR nature of this con-
figuration that leads to a better modelling capability.

(a) Error signal evolution with
different WLPC (AR) orders

(b) ERLE with different WLPC
(AR) orders

Figure 8: Prefilter in the loudspeaker signal path. AR coeffients
are calculated from common acoustical poles with optimal
λ=0.7 and P = 200 and P = 500. Performance of every
AECi are shown consecutively

5. CONCLUSION

In this paper a model has been proposed for multi-
microphone AEC which employs the idea of common-
acoustical-pole and zero modelling of RTFs using warped
linear prediction of the impulse responses. The common
acoustical poles are calculated off-line from a set of measured
impulse responses. In RTFs the predominant spectral peaks
are located in the low frequency region. Warping allows us to
focus the modelling effort in this frequency region to obtain
better modelling results. This leads to a higher echo reduc-
tion for the same number of filter coefficients. Moreover these
predominant spectral peaks are common to every RTF which
allows to have a fixed common denominator polynomial for
every channel. Hence only the numerator polynomial has to
be estimated recursively. This approach allows to reduce the
number of numerator coefficients up to one order of magni-
tude for each microphone compared with all-zero modelling,
and yet provides satisfactory results (about 22 dB of echo
attenuation). Better results are obtained in the case of pre-
filtering in the adaptive filter signal path.
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