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ABSTRACT

In acoustic echo cancellation, step-size control is necessary for the
adaptive filter to prevent divergence under local disturbances, and
postfiltering is needed to suppress residual echoes. In this paper, an
optimal bin-wise block-varying step-size, computed by a magnitude-
squared coherence (MSC), and a Wiener postfilter, computed by a
MSC and the echo return loss, are proposed for the multidelay fil-
ter. Simulation results confirm that without the need of double-talk
detections, the proposed step-size alone well controls the filter adap-
tation, and the proposed postfilter significantly suppresses residual
echoes with good preservation of local signal quality.

Index Terms— Acoustic echo cancellation, multidelay filter,
postfilter, residual echo suppression, step-size control

1. INTRODUCTION

With fast convergence, low computational complexity, and moder-
ate transmission delay, the multidelay filter (MDF) [1–4] is a good
candidate for acoustic echo cancellation (AEC), and its some delay-
less realizations are proposed in [4]. As shown in Fig. 1, the mi-
crophone signal y(n) comprises the near-end speech s(n), ambient
noise u(n), and echo d(n), the error signal e(n) used for adaptation
is derived by subtracting the estimated echo d̂(n) from y(n), giving
e(n) = y(n)− d̂(n) = l(n)+ε(n), where l(n) = s(n)+u(n) is the
local signal and ε(n)=d(n)−d̂(n) is the residual echo.

Since the local signal will seriously disturb the filter adaption,
appropriate adaptation control is necessary for the MDF. A com-
mon method to stabilize the filter is introducing a double-talk de-
tector (DTD) to freeze the adaptation in the presence of near-end
speech [3, 5], and since no ideal DTD exists, a scaled nonlinear-
ity based on the theory of robust statistics is further introduced to
handle undetected near-end speech at the expense of somewhat de-
graded tracking [3,6]. Besides, when the ambient noise u(n) is non-
negligible, a variable step-size is needed to achieve low filter residual
error without impairing the convergence rate [7–10]. Such a step-
size and its estimation is proposed in [9], yet it is shown in [11] that
this estimated step-size could not alone cope with nonstationary dis-
turbances and would lead to divergence in the presence of near-end
speech if no DTD is combined with it.

Even if the optimum adaptation control can be used, the sys-
tem imperfections, that are echo path variations, insufficient adap-
tive filter length, and system nonlinearity, may still lead to appre-
ciable residual echoes, so postfiltering might be required to provide
sufficient echo suppression [11–16].

In this paper, based on a similar optimization criterion used in
[7, 8], we generalize to the MDF an optimal bin-wise block-varying
step-size, as derived in [10] for the frequency-domain (FD) adaptive
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filter. Its connection to the magnitude-squared coherence (MSC) be-
tween d̂ and e is revealed and a specific estimation technique is pro-
posed. A Wiener postfilter, computed by the estimated local-signal-
to-echo ratio (LER) based on the MSC between d̂ and y and the es-
timated echo return loss (ERL), is proposed to suppress appreciable
residual echoes caused by echo path variations, insufficient adaptive
filter length, and system nonlinearity. Simulation results for an AEC
application confirm that with the proposed step-size alone, the adap-
tive filter not only achieves fast convergence and tracking, but also
has high robustness and low residual error, and the proposed postfil-
ter significantly suppresses residual echoes with good preservation
of local signal quality.

2. AN OPTIMAL BIN-WISE BLOCK-VARYING STEP-SIZE
FOR THE MDF AND ITS ESTIMATION

Let us consider a filter weight vector w(n)=[w0(n) · · ·wN−1(n)]T

with N=LM taps, which can be separated into L M-tap partitions.
Define in the �th partition the time-domain (TD) weight vector as
w�(n)=[w�M (n) · · ·w�M+M−1(n)]T, the TD error vector as e(n)=
[e(n) · · · e(n+M −1)]T , the FD input signal matrix at block k as
X�(k) = diag

{
F[x(kM−�M−M) · · ·x(kM−�M+M−1)]T

}
,

and the FD adaptive weight and error signal vectors, respectively, as
W�(k) = F

[
wT

� (kM) 0 · · · 0]T and E(k) = F
[
0 · · · 0 eT (kM)

]T,
where F and F−1are 2M×2M DFT and IDFT matrixes, respectively.
The constrained weight update formula [1–3] can be expressed as

W�(k+1)=F

[
IM 0M

0M0M

]
F−1

[
W�(k)+2μ(k)Λ−1(k)XH

� (k)E(k)
]

(1)

where μ(k) = diag{μ0(k) · · ·μ2M−1(k)} is the normalized step-size
matrix and Λ(k) = L · diag{P0(k) · · ·P2M−1(k)} is the input signal
power matrix. Defining in the �th partition the FD system error as
V�(k) = H�(k)−W�(k), where H�(k) is the actual weight vector,

and the FD residual echo as Ξ�(k) = F

[
0M0M

0M IM

]
F−1[X�(k)V�(k)],
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Fig. 1. Block diagram of an AEC system with the multidelay filter.



similar to the derivation from (2) to (4) in [10], we have

E
{|V�,m(k + 1)|2}−E

{|V�,m(k)|2}
≈ 4μ2

m(k)

L2Pm(k)
E
{|Em(k)|2}− 8μm(k)

LPm(k)
E{� [Ξ�,m(k)Ξ ∗

m(k)]} (2)

where E{·} denotes mathematical expectation, �[x] denotes the real
part of x, Ξ�,m(k) is the mth element of Ξ�(k), and Ξm(k) =∑L−1

�=0 Ξ�,m(k). Then for the bin-wise system error, we have

L−1∑
�=0

E
{|V�,m(k + 1)|2} −

L−1∑
�=0

E
{|V�,m(k)|2}

≈ 4μ2
m(k)

LPm(k)
E

{|Em(k)|2} − 8μm(k)

LPm(k)
E

{|Ξm(k)|2} . (3)

By setting the derivation of the equation to be zero, we get the opti-
mal bin-wise block-varying step-size as

μm opt(k) =
E

{|Ξm(k)|2}
E

{|Em(k)|2} =
Sεε,m(k)

See,m(k)
(4)

where Sxy,m(k) denotes the cross-PSD between x and y in the mth
frequency-bin at block k.

Assuming x and l are independent from each other, we have
Sd̂d̂,m(k) = |Wm(k)|2 Sxx,m(k)∣∣Sd̂e,m(k)

∣∣=|Wm(k)||V∗
m(k)|Sxx,m(k)=

√
Sd̂d̂,m(k)Sεε,m(k)

where Wm(k) and Vm(k) are the system adaptive weight and sys-
tem error in the mth frequency-bin at block k, respectively, so the
optimal step-size is connected to the MSC between d̂ and e as

μm opt(k)=
Sεε,m(k)

See,m(k)
=

∣∣Sd̂e,m(k)
∣∣2

Sd̂d̂,m(k)

1

See,m(k)
=γ2

d̂e,m(k). (5)

The nonstationary nature of far-end and near-end speeches and the
block update of Wm(k) and Vm(k) make the estimation of γ2

d̂e,m
(k)

a challenging task [10]. A specific estimation technique is proposed
in [10] and the estimated step-size μ̂m opt(k) is shown to have de-
sirable situation-dependent bias and variance. We will give more
details on the estimation technique.

Defining Y(k) = F [0 · · · 0 y(kM) · · · y(kM + M − 1)]T , we
have D̂(k) = [D̂0(k) · · · D̂2M−1(k)] = Y(k)−E(k). For the esti-
mation of the auto-PSD of d̂, The periodograms are firstly recur-
sively smoothed in the TD with a smoothing factor α calculated by
α = (TAUTOfs/M − 1) / (TAUTOfs/M + 1), where TAUTO = 0.15 s
is the smoothing window length and fs is the sample rate, giving

S̃d̂d̂,m(k) = αS̃d̂d̂,m(k − 1) + (1 − α)D̂m(k)D̂∗
m(k). (6)

The TD smoothed PSD S̃ is further smoothed in the FD as

Ŝd̂d̂,m(k) =

Q∑
i=−Q

bQ(i)S̃d̂d̂,m−i(k) (7)

where bQ(i)=1−|i|/Q is a (2Q+1)-point Bartlett window, and Q
should have a large enough value to get low estimation variance. The
efficient computation for (7) can be found in [10]. The auto-PSDs
Ŝee,m(k) and Ŝyy,m(k) are estimated in the same way. The cross-
PSD Ŝd̂e,m(k) is also estimated by (6)–(7), but the smoothing win-
dow length is changed from TAUTO to TCROSS with TCROSS = 0.75 s.

Choosing TCROSS > TAUTO is based on the consideration that the
cross-PSD estimation is more susceptible to the block-update of
Wm(k) and Vm(k). The optimal step-size estimate μ̂m opt(k) and
the MSC estimate γ̂2

d̂e,m
(k) are proposed to be computed as

μ̂m opt(k) = γ̂2
d̂e,m(k) = min

{ ∣∣Ŝd̂e,m(k)
∣∣2̂̂

Sd̂d̂,m(k)
̂̂
See,m(k)

, 1

}
(8)

where min{x, y} denotes the smaller value of x and y, ̂̂
See,m(k)=

min
{
Ŝee,m(k), Ŝyy,m(k)

}
, and ̂̂

Sd̂d̂,m(k)=min
{
Ŝd̂d̂,m(k),

̂̂
See,m(k)

}
.

The reason for using ̂̂
See,m(k) and ̂̂

Sd̂d̂,m(k) instead of Ŝee,m(k)

and Ŝd̂d̂,m(k) for the optimal step-size estimation is given in [10].

3. A MSC AND ERL ESTIMATION BASED WIENER
POSTFILTER

The adaptation of the MDF would be well controlled by the esti-
mated optimal step-size μ̂m opt(k) in (8). However, echo path vari-
ations, insufficient adaptive filter length, and system nonlinearity,
as commonly encountered in practical scenarios, will still lead to ap-
preciable residual echoes, so a postfilter significantly suppressing the
residual echo while well preserving the local signal is highly desired.

Defining the ERL as rεd,m(k) = Sεε,m(k)/Sdd,m(k) and the
LER as rld,m(k) = Sll,m(k)/Sdd,m(k), the Wiener postfilter for
residual echo suppression [12] can be expressed as

Pm(k) =
Sll,m(k)

Sll,m(k) + Sεε,m(k)
=

rld,m(k)

rld,m(k) + rεd,m(k)
(9)

Similar to (5), the MSC between d̂ and y can be expressed as γ2
d̂y,m

=

Sdd,m(k)/Syy,m(k) and its estimate can be computed as

γ̄2
d̂y,m(k)=min

⎧⎨⎩
∣∣Sd̂y,m(k)

∣∣2
min

{
Sd̂d̂,m(k), Syy,m(k)

}
Syy,m(k)

, 1

⎫⎬⎭ (10)

where the cross-PSD Sd̂y,m(k) and auto-PSDs Syy,m(k) and Sd̂d̂,m(k)

are computed in the same way as the auto-PSD Ŝd̂d̂,m(k), as de-
scribed in (6)–(7), except that TAUTO = 0.15 s is used here for both
auto- and cross- PSDs estimation, and the Bartlett window length
here is chosen as P ≤ Q. Thus, the LER can be estimated as

r̂ld,m(k) =
1

γ̄2
d̂y,m

(k)
− 1 (11)

Assuming the FD residual echo Ξm(k)=Rm(k)Dm(k), we have∣∣D̂m(k)
∣∣= ∣∣Dm(k)−Ξm(k)

∣∣=√
1+|Rm(k)|2−2�[Rm(k)]

∣∣Dm(k)
∣∣

|Ym(k)|2−|Em(k)|2≈|Dm(k)|2−|Ξm(k)|2=[
1−|Rm(k)|2]|Dm(k)|2

It is appropriate to assume that the ERL is close to zero, then there
is |Rm(k)|2 ≈ 0 , so we have∣∣� [Rm(k)]

∣∣ ≈ 1

2

∣∣∣∣1 −
∣∣D̂m(k)

∣∣2
|Ym(k)|2 − |Em(k)|2

∣∣∣∣
Since |Rm(k)| ≥ |� [Rm(k)]| and Rm(k) can be approximated by
a real value function [13, 14], we can estimate the ERL as

r̂εd,m(k)=max

{
ηm(k)

4

∣∣∣∣∣1−
∣∣D̂m(k)

∣∣2
|Ym(k)|2−|Em(k)|2

∣∣∣∣∣
2

, r0,m(k)

}
(12)
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Fig. 2. Simulation results with μ̂m opt(k) as the step-size for the Simulations without near-end speeches (left part) and with near-end speeches
(right part). The echo path changes at t = 12 and t = 24 s. A nonlinearity is added between t = 12 and 24 s. An insufficient adaptive filter
length is used between t = 24 and 36 s. (a) The signal waveforms. (b) The time-frequency-gram of μ̂m opt(k). (c) The time-frequency-gram
of the echo path change detection parameter γ̄2

d̂e,m
(k). (d) The time-frequency-gram of P̂m(k). (e) The ERLE curve with the postfilter

(dotted line, upper part), the ERLE curve without the postfilter (solid line, upper part), and the SysE curve (solid line, lower part).

where max{x, y} denotes the larger value of x and y, ηm(k) is a
scale factor, and r0,m(k) is a lower bound. Note that the ERL esti-
mate here is different from the one derived in [12–14]. The reason
for the difference is that we do not assume Rm(k) to be a real value
function in the very beginning, but assume |Rm(k)|2 ≈ 0 to get to
the final result. The ERL estimate here does not necessarily need
double-talk detections and it is found to give higher residual echo
suppression in remote single-talk and better local signal preserva-
tion in double-talk situations than the one proposed in [12–14].

Good performance can already be obtained by choosing the scale
factor and lower bound in (12) as constants, e.g., ηm(k) = 1 and
r0,m(k) = 0.02, yet we can give better results by varying them
block by block as

[ηm(k), r0,m(k)]=

{
[10, 4] if EC=1[
2γ̄2

d̂y,m
(k), 0.2γ̄2

d̂y,m
(k)

]
else (13)

where EC=1 denotes that a large echo path change is detected. The
echo path change detection can be easily realized by utilizing the
value of γ̄2

d̂e,m
(k), which is computed by

γ̄2
d̂e,m(k)=

∣∣Sd̂e,m(k)
∣∣2

min
{
Sd̂d̂,m(k), Syy,m(k)

}
min

{
See,m(k), Syy,m(k)

} .

The detection approach is depicted in [10] and will not be further
discussed in this paper. Using (9)–(13), we finally have

P̂m(k)=
r̂ld,m(k)

r̂ld,m(k)+r̂εd,m(k)
=

1−γ̄2
d̂y,m

(k)

1−[1−r̂εd,m(k)] γ̄2
d̂y,m

(k)
. (14)

Since TD smoothing is already used in the computation of γ̄2
d̂y,m

(k),

further TD smoothing is not required for the computation of P̂m(k)

to prevent musical noise. The local signal estimate l̂(n) is obtained
by partitioning the error signal e(n) into 2M -point hanning win-
dowed 50% overlapped segments, transforming them into the FD
with FFT, filtering them with P̂m(k) in (14), and transforming them
back to the TD with inverse FFT and overlap-add operations.

4. SIMULATIONS AND DISCUSSIONS

The performance of the MDF with μ̂m opt(k) in (8) as the step-size
and P̂m(k) in (14) as the postfilter is evaluated by computer sim-
ulations for an AEC application. The signal is sampled at 8 kHz,
and a 1024-tap impulse response h is truncated from an acoustical
impulse response measured in a normal office room. The fullband
filter length is set as N = LM = 1024 with L = 8 and M =
128. The smoothing window lengths are set as TCROSS = 0.75 s
for Ŝd̂e,m(k) computation, and TAUTO = 0.15 s for the computa-
tions of the other PSDs. The Bartlett window lengths in (7) are set
as Q = 13 for γ̂2

d̂e,m
(k) computation and P = 7 for the com-

putations of the other MSCs. The echo return loss enhancement
ERLE(n) = LPF{d2(n)}/ LPF{e2(n)}, where LPF denotes a low-
pass filter with a single pole at 0.999, and the system error SysE(n) =
‖w(n) − h(n)‖2/ ‖h(n)‖2 are used to evaluate the performance.
The input signal is a speech signal from the TIMIT database, the
ambient noise u(n) is a nonstationary babble noise, and the near-
end speech s(n) is a recorded male voice added with short bursts.

The adaptive filter starts adaptation at t = 0.25 s. The value of
W�,m(0) in (1) is set as (−1)�M+m[1 − 0.9(�M + m)/N ]

√
5R,

where R is about the echo-to-input-signal ratio. In order to examine
the tracking performance, h is delayed by 10 points and multiplied



by 0.8 at t = 12 s, and it is shifted in advance by 5 points and
multiplied by 1.3 at t = 24 s. In order to examine the performance
of the postfilter in different kinds of system imperfections, for the
first 12 seconds, the adaptive filter length is set as N = 8M =
1024 and no nonlinearity is introduced, from t = 12 to 24 s, N =
8M = 1024 and a nonlinear modification to d(n), expressed as
d(n) = d(n)/ (1 + 2|d(n)|), is introduced, and from t = 24 to
36 s, the adaptive filter length is reduced to be N = 3M = 768
and no nonlinearity is introduced. Two simulations are used. The
echo-to-ambient-noise ratio is about 30 dB. For Simulation 1, no
near-end speech is added, while for Simulation 2, a recorded male
voice and some short bursts are added and the echo-to-local-signal
ratio is about −5 dB.

The results for Simulations 1 and 2 are shown in the left and
right parts of Fig. 2, respectively. The waveforms of d(n), l(n),
e(n), and l̂(n) are shown in Fig. 2(a), the time-frequency-grams of
μ̂m opt(k), γ̄2

d̂e,m
(k), and P̂m(k) are shown in Figs. 2 (b), (c), and

(d), respectively, and the ERLE curves with and without the postfil-
ter and the SysE curve are shown in Fig. 2 (e). It is known from Fig.
2 (b) that μ̂m opt(k) decreases as the residual-echo-to-local-signal
ratio decreases, and from the waveforms in Fig. (a) and the ERLE
and SysE curves in Fig. 2 (e), it is known that μ̂m opt(k) well adjusts
the filter adaptation under the disturbance of near-end speech, ambi-
ent noise, and short bursts. It is known from Fig. 2 (c) that γ̄2

d̂e,m
(k)

has large value when there is large system error, so it is a good echo
path change detection parameter. It is known from Fig. 2 (d) that
P̂m(k) decreases as the residual-echo-to-local signal ratio increases,
and from the waveforms in Fig. (a) and the ERLE curves in Fig. 2
(e), it is known that P̂m(k) significantly suppress the residual echoes
caused by echo path variations, insufficient filter length, and system
nonlinearity while well preserving the local signals.

Note that for the step-size control of the MDF, we do not fol-
low the usual way to incorporate a DTD to detect the presence of
near-end speech and then freeze the adaptation, but we continue the
filter adaptation with μ̂m opt(k) as the bin-wise block-varying step-
size, therefore the adaptive filter is still able to converge and track
echo path variations even if there are highly nonstationary strong lo-
cal disturbances, which can be observed from Figs. 2 (a) and (e).
As for the postfiltering for residual echo suppression, our estimation
techniques for the LER and ERL are also different from those pre-
viously proposed in the literatures [12–14]. We propose to estimate
the LER by the MSC between d̂ and y, and to estimate the ERL by
assuming |Rm(k)|2 ≈ 0 in the very beginning, and then introducing
γ̄2

d̂y,m
(k) to form a bin-wise block-varying scale factor and lower

bound. Double-talk detections are not necessary for both estimates.
The postfilter is mainly decided by the estimated LER, as already
smoothed in the TD to prevent musical noise, and it is well corrected
by the estimated ERL to give higher residual echo suppression dur-
ing both echo path variation and remote single-talk situations and
prevent local signal distortion during double-talk situations.

5. CONCLUSIONS

In this paper, an optimal bin-wise block-varying step-size for the
MDF is derived and its estimation based on FD statistics is pro-
posed. A Wiener postfilter based on the estimated LER and ERL
is further proposed to suppress residual echoes. Simulation results
confirm that with the proposed step-size alone, the MDF not only
has fast convergence and good tracking, but also has low system er-
ror and is very robust to the local disturbances, and with the proposed
postfilter, the residual echoes caused by echo path variations, insuf-

ficient filter length, and system nonlinearity are significantly sup-
pressed while the local signals are still well preserved.
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