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Abstract—In many speech recording applications, the recorded
desired speech is corrupted by both noise and acoustic echo,
such that combined noise reduction (NR) and acoustic echo
cancellation (AEC) is called for. A common cascaded design
corresponds to NR filters preceding AEC filters. These NR filters
aim at reducing the near-end room noise (and possibly partially
the echo) and operate on the microphones only, consequently re-
quiring the AEC filters to model both the echo paths and the NR
filters. In this paper, however, we propose a design with extended
NR (NRext) filters preceding AEC filters under the assumption of
the echo paths being additive maps, thus preserving the addition
operation. Here, the NRext filters aim at reducing both the near-
end room noise and the far-end room noise component in the
echo, and operate on both the microphones and loudspeakers.
We show that the succeeding AEC filters remarkably become
independent of the NRext filters, such that the AEC filters are
only required to model the echo paths, improving the AEC
performance. Further, the degrees of freedom in the NRext filters
scale with the number of loudspeakers, which is not the case for
the NR filters, resulting in an improved NR performance.

Index Terms—Acoustic echo cancellation (AEC), Noise reduc-
tion (NR), Extended noise reduction (NRext), Multichannel

I. INTRODUCTION

IN many speech recording applications, such as hands-
free telephony in cars or hearing instruments, the recorded

desired speech is corrupted by both noise and acoustic echo.
This noise originates from within the room, the so-called
near-end room, whereas the echo originates from loudspeakers
playing signals recorded in another room, the so-called far-end
room. To remove the noise and echo, combined noise reduction
(NR) and acoustic echo cancellation (AEC) is called for.

Acoustic echo cancellation (AEC) aims at removing the
echo while preserving the desired speech. AEC algorithms
traditionally exploit the loudspeaker signals to compute an
estimate of this echo, which can subsequently be subtracted
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audio and speech communication devices”, and Aspirant Grant 11PDH24N
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from the microphone signals [1]. On the other hand, noise
reduction (NR) aims at removing the near-end room noise
while preserving the desired speech [2].

Algorithms for combined AEC and NR aim at jointly
removing the echo and near-end room noise while preserving
the desired speech [1], [3], [4]. Generally, a cascaded approach
is adhered to, where either the AEC precedes the NR (AEC-
NR) [3], [5], [6], or the NR precedes the AEC (NR-AEC) [4],
[7], [8]. NR-AEC is beneficial computational complexity-wise,
only requiring one AEC filter for each loudspeaker rather than
for each microphone-loudspeaker pair. Further, the AEC filters
in NR-AEC operate under reduced noise influence. However,
as the microphone signals in NR-AEC are affected by the NR
filters, the AEC filters do not solely model the echo paths
between the loudspeakers and microphones, but rather the
combination of echo paths and NR filters [4], [6], [9].

In this paper, to combat this drawback, we propose a design
where an extended NR (NRext) precedes the AEC (NRext-AEC)
under the assumption of the echo paths being additive maps,
thus preserving the addition operation. Whereas the NR filters
aim at reducing the near-end room noise (and possibly partially
the echo) and operate on the microphones only, the NRext
filters aim at reducing both the near-end room noise and the
far-end room noise component in the echo, and operate on both
the microphones and loudspeakers. We show that the AEC
filters remarkably become independent of the NRext filters,
such that the AEC filters are thus only required to model
the echo paths, thereby improving the AEC performance.
Additionally, the NRext filters attain a better NR performance
as the degrees of freedom in the NRext filters scale with the
number of loudspeakers, which is not the case for the NR
filters. This improved performance is demonstrated by means
of simulations, of which the code is available at [10].

A design similar to NRext-AEC has previously been pro-
posed for the related, but distinct, problem of combined NR
and acoustic feedback cancellation (AFC) [11]. However, to
the best of our knowledge, it has not been proposed for
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combined NR and AEC, which in particular leads to the
additional observation proven in this paper that the AEC filters
become independent of the NRext filters.

II. SIGNAL MODEL

The signal model is presented in the z-domain to accommo-
date the duality between frequency- and time-domain. The z-
to frequency-domain conversion is realised by replacing index
z with frequency-bin index f (and possibly frame index k).
The z- to time-domain conversion is realised by replacing the
z-domain variables with time-lagged vectors.

Considering an L-loudspeaker/M -microphone setup, the
microphone signals mm(z), m ∈ {1, . . . ,M}, can be stacked
into the microphone signal vector m(z) ∈ CM×1 as

m(z) =
[
m1(z) m2(z) . . . mM (z)

]⊤
, (1)

and decomposed into the desired speech signal vector s(z) ∈
CM×1, the near-end room noise signal vector n(z) ∈ CM×1,
and the echo signal vector e(z) ∈ CM×1 as

m(z) = s(z) + n(z) + e(z). (2)

Similarly, the loudspeaker signals, ll(z), l ∈ {1, . . . , L}, can
be stacked into the loudspeaker signal vector l(z) ∈ CL×1 as

l(z) =
[
l1(z) l2(z) . . . lL(z)

]⊤
, (3)

and split in a far-end room speech component ls(z) and far-
end room noise component ln(z), i.e., l(z) = ls(z) + ln(z),
thus modelling far-end room speech and noise respectively.

We assume the echo paths to be additive maps F (.) :
CL×1 → CM×1, where e(z) = F (l(z)) can thus be decom-
posed into a speech component in the echo es(z) = F (ls(z))
and a noise component in the echo en(z) = F (ln(z)), i.e.,

e(z) = F (ls(z)) + F (ln(z)) = es(z) + en(z). (4)

The addition operation is thus preserved by the echo paths. An
example of an echo path satisfying this additivity assumption is
a linear echo path, possibly followed by sub-Nyquist sampling.

In addition, leveraging both the available microphone and
loudspeaker signal vectors, an extended microphone signal
vector m̃(z) ∈ C(M+L)×1 can be defined as

m̃(z) =
[
m(z)⊤ l(z)⊤

]⊤
(5a)

= s̃(z) + ñ(z) + ẽs(z) + ẽn(z) (5b)

=

[
s(z)
0L×1

]
+

[
n(z)
0L×1

]
+

[
es(z)
ls(z)

]
+

[
en(z)
ln(z)

]
.

(5c)

We also make the following assumptions:
• s(z), n(z), es(z) and en(z) are uncorrelated, ls(z) and

ln(z) are uncorrelated, and ls(z) and ln(z) are uncorre-
lated with s(z) and n(z).

• The microphone correlation matrix Rmm(z) =
E
{
m(z)m(z)H

}
= Rss(z) + Rnn(z) + Ree(z) ∈

CM×M is of full rank, with Rss(z) = E
{
s(z)s(z)H

}
,

Rnn(z) = E
{
n(z)n(z)H

}
and Ree(z) =

E
{
e(z)e(z)H

}
. Here, Ree(z) can be decomposed

into Reses(z) = E
{
es(z)es(z)H

}
and Renen(z) =

E
{
en(z)en(z)H

}
. The loudspeaker correlation matrix

Rll(z) = E
{
l(z)l(z)H

}
= Rlsls(z) +Rlnln(z) ∈ CL×L

is of full rank, with Rlsls(z) = E
{
ls(z)ls(z)H

}
and

Rlnln(z) = E
{
ln(z)ln(z)H

}
. Similarly, Rlsls(z) is of

full rank, e.g., due to multiple far-end room speech
sources or due to non-linearities that are additive maps
in the transmission from far-end to near-end room.
The general case where the correlation matrices can be
rank-deficient will not be considered here for the sake
of conciseness but will be considered elsewhere.

• The mean squared error (MSE) optimal estimates of
the echo paths between the loudspeakers and micro-
phones are equal for the echo and the far-end room
speech component in the echo, i.e., Rll(z)

−1Rle(z) =
Rlsls(z)

−1Rlses(z). Here, Rle(z) = E
{
l(z)e(z)H

}
∈

CL×M , and Rlses(z) = E
{
ls(z)es(z)H

}
.

Similarly, the extended microphone correlation matrix can be
defined as Rm̃m̃ = E{m̃(z)m̃(z)H} = Rs̃s̃(z) + Rññ(z) +
Rẽẽ(z) ∈ C(M+L)×(M+L) with Rs̃s̃ = E{s̃(z)s̃(z)H}, Rññ =
E{ñ(z)ñ(z)H}, and Rẽẽ = E{ẽ(z)ẽ(z)H}. Here, Rẽẽ(z)
can be decomposed into Rẽsẽs(z) = E{ẽs(z)ẽs(z)H} and
Rẽnẽn(z) = E{ẽn(z)ẽn(z)H}.

While n(z) and en(z) can be assumed to be stationary
always-on signal vectors, s(z) and es(z) are non-stationary on-
off signal vectors. A voice activity detector (VAD) is assumed
available to distinguish between these on-off periods. To this
end, VADs(z) differentiates between on-off periods in s(z),
and VADes(z) in es(z). The following regimes can be defined:
• VADs(z) = 1, VADes(z) = 1: m(z) = s(z)+n(z)+e(z);
• VADs(z) = 1, VADes(z) = 0: m(z) = s(z)+n(z)+en(z);
• VADs(z) = 0, VADes(z) = 1: m(z) = n(z) + e(z);
• VADs(z) = 0, VADes(z) = 0: m(z) = n(z) + en(z).

III. FILTERS

Combined NR and AEC aims at designing a filter w̃r(z) ∈
C(M+L)×1 to estimate the desired speech in reference micro-
phone r ∈ {1, · · · ,M}. As illustrated in Fig. 1(a), commonly,
w̃r(z) is designed by cascading NR filters to reduce the
near-end room noise (and possibly partially the echo) in the
microphones with AEC filters to reduce the echo. This design,
referred to as NR-AEC, is discussed in Section III-A.

To combat dependence of the AEC filters on the NR filters
in NR-AEC, we propose to precede the AEC filters with NRext
filters as illustrated in Fig. 1(b) and referred to as NRext-AEC.
Contrary to NR-AEC, the AEC filters remarkably become
independent of the NRext filters as discussed in Section III-B.

A. NR first, AEC second (NR-AEC)

In NR-AEC, w̃r(z) is designed to reconstruct the desired
speech in the rth microphone as ŝr(z) = w̃r(z)

Hm̃(z) with:

w̃r(z) =

[
WNR(z) 0M×L

0L×M IL×L

]
︸ ︷︷ ︸

NR

[
IM×M

−W ⋆
AEC(z)

]
︸ ︷︷ ︸

AEC

t̃r, with

WNR(z) = Rmm(z)−1Rss(z)

W ⋆
AEC(z) = Rll(z)

−1Rle⋆(z).

(6a)

(6b)

(6c)



...

... NR

AEC ŝr
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NRext AEC ŝr

(b) NRext-AEC

Fig. 1. (a) The NR filters aim at reducing the near-end room noise (and
possibly partially the echo), and the AEC filters aim at reducing the echo. (b)
The NRext filters aim at reducing both the near-end room noise and far-end
room noise component in the echo, and the AEC filters aim at reducing the
far-end room speech (and residual noise) component in the echo.

Here, e⋆(z) is defined as WNR(z)
He(z), i.e., as the echo

signal vector after applying WNR(z), and Rle⋆(z) =
E{l(z)e⋆(z)H} corresponds to the loudspeaker-echo correla-
tion matrix after applying WNR(z). t̃r ∈ C(M+L)×1 is a unit
vector with 1 at position r and 0 elsewhere.
WNR(z) is a multichannel Wiener filter (MWF) that op-

erates on the microphones, aimed at suppressing the near-
end room noise (and echo) while preserving the desired
speech [12, Section 2.4]. W ⋆

AEC(z) corresponds to an MSE
optimal estimate of the echo paths after applying WNR(z),
by means of which the echo is suppressed [13, Section 2.1].
As the AEC filters are applied after the NR filters, the AEC
filters here do not solely model the echo paths, but rather
the combination of the echo paths and the NR filters, i.e.,
Rll(z)

−1Rle⋆(z) ̸= Rll(z)
−1Rle(z).

In [14], (6) has been considered in an L-loudspeaker/1-
microphone setup by assuming linear echo paths and a suf-
ficiently long w̃r(z) to model the echo paths. Under these
conditions, (6) was found optimal in MSE sense, except that
Rmm(z) should be replaced with Rss(z)+Rnn(z). WNR(z) is
then a true NR filter only aimed at reducing the near-end room
noise [14]. Nevertheless, Rmm(z) is used both in [14] and in
this paper, as Rss(z)+Rnn(z) cannot be estimated due to e(z)
being always-on. A similar reasoning can be applied to an L-
loudspeaker/M -microphone scenario, with undermodelling of
the echo paths, but is omitted here for conciseness.

B. NRext first, AEC second (NRext-AEC)

In NRext-AEC, w̃r(z) is designed to reconstruct the desired
speech in the rth microphone as ŝr(z) = w̃r(z)

Hm̃(z) with:

w̃r(z) = WNRext
(z)︸ ︷︷ ︸

NRext

[
IM×M

−W ⋆⋆
AEC(z)

]
︸ ︷︷ ︸

AEC

t̃r, with

WNRext
(z) = Rm̃m̃(z)−1 (Rs̃s̃(z) +Rẽsẽs(z))

W ⋆⋆
AEC(z) = Rl⋆⋆l⋆⋆(z)

−1Rl⋆⋆m⋆⋆(z).

(7a)

(7b)

(7c)

Here, m⋆⋆(z) and l⋆⋆(z) are defined as[
m⋆⋆(z)⊤ l⋆⋆(z)⊤

]⊤
= WNRext

(z)Hm̃(z), i.e., as
the microphone and loudspeaker signal vectors after applying
WNRext

(z), and Rl⋆⋆l⋆⋆(z) = E{l⋆⋆(z)l⋆⋆(z)H} and
Rl⋆⋆m⋆⋆(z) = E{l⋆⋆(z)m⋆⋆(z)H}.

WNRext
(z) is an MWF that operates on the extended signal

model, aimed at suppressing the near-end room noise and far-
end room noise component in the echo while preserving the
desired speech and far-end room speech component in the
echo. W ⋆⋆

AEC(z) corresponds to an MSE optimal estimate of
the echo paths between the loudspeakers and microphones, by
means of which the far-end room speech component in the
echo and the residual far-end room noise component in the
echo are suppressed. Although the AEC filters are computed
after the NRext filters, contrary to NR-AEC, the AEC filters are
not affected by the NRext filters. Indeed, rewriting WNRext

(z)
using the 2 × 2 block inverse formula [15, (2.3)], Rl⋆⋆l⋆⋆(z)
and Rl⋆⋆m⋆⋆(z) are given as:

Rl⋆⋆l⋆⋆(z) = Rlsls(z)Rll(z)
−1Rlsls(z) (8a)

Rl⋆⋆m⋆⋆(z) = Rlsls(z)Rll(z)
−1Rlses(z). (8b)

Using (8), W ⋆⋆
AEC(z) corresponds to:

W ⋆⋆
AEC(z) = Rlsls(z)

−1Rlses(z), (9)

which is indeed the MSE optimal estimate of the echo paths,
and so remarkably independent of the NRext filters. The
optimality of (7) will be discussed elsewhere.

IV. EXPERIMENTAL PROCEDURES

A. Acoustic scenarios

In a 5m × 5m × 3m room with a reflection coefficient of
0.15, source-to-mic and loudspeaker-to-mic impulse responses
of length 128 samples at a sampling rate of 16 kHz are
generated using the randomised image method (RIM) with ran-
domised distances of 0.13m [16]. One desired speech source,
one near-end room noise source and L = 2 loudspeakers are
placed at congruent angles in a circle with a 0.2m radius
around the mean microphone position. M = 2 microphones
are positioned at

[
2 1.9 1

]
m and

[
2 1.8 1

]
m. Five

scenarios with varying desired speech source, near-end room
noise source and loudspeaker positions are examined.

Sentences of the hearing in noise test (HINT) database,
concatenated with 5 s of silence, are used as a desired speech
source and far-end room speech component in the loudspeak-
ers [17]. Babble noise is used as the near-end room noise
source to model competing talkers [18], and white noise as
the far-end room component in the loudspeakers to model,
e.g., sensor and far-end room noise. All signals are 10 s long.

The power ratio between the echo signals is set to 0 dB.
The power ratio between ls(z) and ln(z) equals 0 dB. The
input signal-to-noise ratio (SNRin) and signal-to-echo (SERin)
ratio in microphone r are varied between −15 dB and 15 dB.

B. Algorithm settings

The filters WNR(z) and WNRext(z) are implemented in the
short-time Fourier transform- (STFT) domain as frequency-
domain filters attain larger SNR improvements than time-
domain filters [12, Chapter 2]. To this end, a squared root
Hann window of size 512 samples with a window shift of
256 samples is used. The correlation matrices are estimated



by averaging across frames. As one desired speech source is
considered, the rank of the desired speech correlation matrix at
frequency-bin f , Rss(f), is enforced to equal one by using a
generalised eigenvalue decomposition (GEVD) [2]. Similarly,
as one desired speech source and two independent loudspeaker
sources are considered, the rank of Rs̃s̃(f) + Rẽsẽs(f) is
enforced to equal three by using a GEVD. The NR and
NRext filters are nevertheless applied in the time-domain by
converting the STFT-domain filters to an equivalent distortion
function of 2N − 1 samples [19], as the AEC filters need to
model the NR filters and frequency-domain filters cannot be
modelled exactly by the AEC filters [20].

The AEC filters W ⋆
AEC(z) and W ⋆⋆

AEC(z) are implemented
in the time-domain as STFT-domain filters cannot model the
echo path impulse responses exactly [20]. To this end, a
normalised least mean squares (NLMS) implementation is
used with step size 0.1 and regularisation 10−6 [13, Section
2.2]. To reduce excess error in the NLMS updates, the AEC
filters are updated only when the desired speech is inactive.

For NR-AEC, the number of coefficients in the AEC filter
between the rth microphone and each loudspeaker LF̂ is
varied between the length of the echo path impulse responses
(128) and the length of the convolution of the NR filters and
the echo path impulse responses ((2·512−1)+128−1 = 1150).
For NRext-AEC, the coefficients exceeding coefficient index
128 are explicitly set to 0 as the AEC filters only aim at
modelling the echo path impulse responses.

First, to study the converged filters, the correlation matrices
in the NR and NRext filters are calculated across the entire
data, and the final NLMS updated AEC filters are used for the
entire data. Second, the filters are adapted through time. For
the NR and NRext filters, to this end, exponential smoothing
with a weight for the previous estimate of 0.995 is used. Ideal
VADs are assumed to isolate the influence of VAD errors, but
practical implementations can be found, e.g., in [21].

C. Performance measures

Performance is evaluated using the intelligibility-weighted
SNR improvement ∆SNRI, the intelligibility-weighted SER
improvement ∆SERI and the intelligibility-weighted speech
distortion (SD) SDI [12], [22].

V. RESULTS AND DISCUSSION

Fig. 2 and Fig. 3 show the NR and AEC performance of
NR-AEC and NRext-AEC as a function of LF̂ when using the
converged filters for the entire data. As LF̂ does not influence
the NR and NRext filters, Fig. 2 is independent of LF̂ .

Regarding the NR performance, when SERin is lower than
or comparable to SNRin, NRext-AEC attains a better NR
performance than NR-AEC. Indeed, the NR can be interpreted
as an MWF aiming at cancelling the one near-end room noise
and two echo sources. However, as there are two microphones,
the NR filters only have one degree of freedom, which is insuf-
ficient to cancel the two dominant echo signals, resulting in a
low SNRI improvement and high SDI degradation. NRext does
not suffer from this phenomenon, as the degrees of freedom
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0 20 40
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0 20 40
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0 20 40

NRext-AEC
NR-AEC

SDI [dB]

SNRin=–15 dB SNRin=15 dB-

–15 dB
SERin=

–15 dB
SERin=

Fig. 2. NR performance using the converged filters for the entire data. Dots
show mean performance and shading the standard deviation. At low SERin,
NRext-AEC has better NR performance as the NRext filters scale with the
number of loudspeakers opposed to the NR filters. Only at high SERin and
low SNRin, NR-AEC has better NR performance as the NR filters use a lower
rank-approximation than the NRext filters, limiting the noise from each mode.

in the NRext filters scale with the number of loudspeakers,
thus attaining a larger SNRI improvement and lower SDI

degradation. Only at high SERin combined with low SNRin,
better NR performance is achieved in NR-AEC. As NRext uses
a larger rank-approximation in the GEVD (3 rather than 1),
noise along an increased number of modes in the GEVD is
retained in the NRext filters than in the NR filters.

NRext-AEC also attains a better AEC performance than
NR-AEC at lower LF̂ in Fig. 3. The AEC filters in NRext-
AEC only need to model the 128 coefficient long echo path
impulse responses, while the AEC filters in NR-AEC need to
model the 1150 coefficients in the convolution of the echo
path impulse responses and the NR filters. Only at high SERin

combined with low SNRin the top AEC performance of NR-
AEC exceeds that of NRext-AEC as the AEC filters in NR-
AEC are less perturbed by the noise; and as imperfect NRext
filters do influence the AEC filters to some extent, but these
NRext filters cannot be trivially modelled by the AEC filters as
the NRext filters also alter the loudspeaker signals. However,
when considering adaptive filters (Fig. 4), this advantage of
NR-AEC is ineffective, as the AEC filters then need to track
the adaptivity of the NR filters, unlike in NRext-AEC.

VI. CONCLUSION

We have introduced a cascaded design for combined NR and
AEC under the assumption of the echo paths being additive
maps, thus preserving the addition operation. To this end, we
have proposed an NRext preceding an AEC (NRext-AEC), and
compared this NRext-AEC to the traditional design with an
NR preceding an AEC (NR-AEC). Whereas NR filters aim
at reducing the near-end room noise (and possibly partially
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Fig. 3. AEC performance in function of LF̂ using the converged filters for the
entire data. Dots show mean performance and shading the standard deviation.
As the AEC filters in NRext-AEC are independent of the NRext filters, as
opposed to NR-AEC, NRext-AEC performance exceeds NR-AEC. Only at
high SERin and low SNRin the top performance is higher in NR-AEC, yet
this advantage is lost with adaptive filters (Fig. 4).
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Fig. 4. AEC performance in function of LF̂ , when adapting the filters through
time. NR-AEC shows decreased performance compared to Fig. 3 as the AEC
filters in NR-AEC need to track the adaptivity of the NR filters.

the echo) and operate on microphones only, the NRext filters
aim at reducing both the near-end room noise and the far-end
room noise component in the echo, and operate on both the
microphones and the loudspeakers. NRext-AEC outperforms
NR-AEC in terms of both the NR and AEC performance, as
the AEC filters in NRext-AEC remarkably become independent
of the NRext filters whereas the AEC filters in NR-AEC are
dependent on the NR filters, and as the NRext filters scale with
the number of loudspeakers while the NR filters do not.
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