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Heinrich W. Löllmann and Peter Vary

Institute of Communication Systems and Data Processing ( )
RWTH Aachen University, D-52056 Aachen, Germany

{loellmann,vary}@ind.rwth-aachen.de

ABSTRACT

In this paper, the post-filter design for superdirective beam-
formers with small microphone arrays is investigated,
which can be used for speech enhancement systems in
mobile communication devices or digital hearing aids. It is
shown that coherent noise sources can be well suppressed
by a multi-channel controlled post-filter. However, a suf-
ficient suppression of diffuse noise sources can not be
achieved by this. Such noise can be further reduced by a
single-channel controlled post-filter. This combined post-
filter design leads to a significantly better speech quality
compared to the related approach of Le Bouquin et al.

1. INTRODUCTION

Multi-channel speech enhancement systems have found
widespread application, e.g., in speech recognition systems,
hands-free communication devices or digital hearing aids.
In comparison to single-microphone systems, they achieve
a substantially improved suppression of interfering noise
sources by spatial filtering, e.g., [1]. Adaptive beamform-
ers, such as the generalized sidelobe canceler (GSC) and
its variants, are especially suitable for the suppression of
single, directional noise sources. An advantage of fixed
beamformers, such as the constraint superdirective beam-
former (CSD BF), is their low computational complexity
and robustness with respect to room reverberation, sensor
mismatch, and steering errors, e.g., [1]. They can be used,
e.g., for speech enhancement in hearing aids where only
small microphone arrays are available [2].

A further noise suppression can be achieved by a sub-
sequent multi-channel controlled post-filter (MCC PF) ap-
plied to the beamformer output signal, e.g., [3, 4, 5, 6]. Most
post-filter (PF) designs rely on the assumption of spatially
uncorrelated noise components, e.g., [3, 4, 5]. Therefore,
strongly correlated noise components due to small micro-
phone spacings are only insufficiently suppressed. More-
over, some post-filters can not be used for a superdirective
beamformer [7].

In this contribution, the performance of different post-

filters is analyzed for beamformers with closely spaced mi-
crophones. It will be shown that in such cases, a combina-
tion of a MCC PF and a single-channel controlled post-filter
(SCC PF) is beneficial to achieve a suppression of coherent
and diffuse noise.

The paper is organized as follows: In Section 2, the con-
sidered speech enhancement system is introduced. Different
post-filter designs are investigated in Section 3. An evalua-
tion of the proposed post-filter is provided by Section 4, and
the paper concludes with Section 5.

2. MULTI-CHANNEL SPEECH ENHANCEMENT
SYSTEM

The considered speech enhancement system consists of a
CSD BF with a subsequent post-filter as depicted in Fig. 1.
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Figure 1: Speech enhancement system consisting of a con-
straint superdirective beamformer (CSD BF) with post-
filter (PF).

The N discrete output signals of the microphone array
z′l(k) are time-aligned (by fractional-delay filters) based on
an estimation of the direction-of-arrival (DOA) of the de-
sired signal. The obtained discrete time-domain signals

zl(k) = s(k) + vl(k) ; l = 1, 2, . . . , N (1)

contain the desired speech signal s(k) and additive noise
components vl(k), if room reverberation, inaccurate DOA
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estimates, and microphone mismatches are negligible. The
N filters of the CSD BF have the transfer functions

G(ej Ω) =
(ΓΓΓvv(Ω) + μIIIN )

−1 · e(Ω, θ)

eH(Ω, θ) · (ΓΓΓvv(Ω) + μIIIN )−1 · e(Ω, θ)
. (2)

with G(ej Ω) = [G1(e
j Ω), G2(e

j Ω), . . . , GN (e
j Ω)]T and

e(Ω, θ) denoting the complex propagation vector in depen-
dence of the normalized frequency Ω and the DOA given
by θ. The N × N coherence matrix for the homogeneous
noise field is denoted by ΓΓΓvv(Ω) and IIIN marks the identity
matrix. The susceptibility towards uncorrelated noise (e.g.,
self-noise) is adjusted by the factor μ, e.g., [2]. The ro-
bust delay-and-sum beamformer (DS BF) and the minimum
variance distortionless response beamformer (MVDR BF)
are included as special cases for μ→∞ and μ = 0, respec-
tively. The array gain can be expressed by, e.g., [1, 2]

GA(Ω, θ) =
|G′(ej Ω)H · e(Ω, θ)|2

G′(ej Ω)H ·ΓΓΓvv(Ω) ·G
′(ej Ω)

. (3)

The vector G′ contains the transfer functions G′l(e
j Ω) =

Dl(e
j Ω)·Gl(e

j Ω)with l = 1, . . . , N and Dl(e
j Ω) denoting

the transfer functions of the fractional-delay filters.

3. POST-FILTER DESIGN

The noise suppression can be further enhanced by a post-
filter, which is of special interest for small microphone
arrays, cf. [1]. The adaption of the filter coefficients
is mostly performed in the (uniform or non-uniform)
frequency-domain, where the actual filtering can be done
either in the frequency-domain (e.g., overlap-add method)
or, alternatively, in the time-domain to achieve a lower
algorithmic signal delay (e.g., [8]).

Many post-filter designs, e.g. [3, 5, 6], can only be used
for a DS BF but not a CSD BF as proven in [7]. However,
the use of a DS BF leads to an insufficient noise suppression
especially for small microphone arrays.

The spectral weights of the Zelinski post-filter [4] are
determined by the rule

WZ(i, λ) = HR

⎧⎪⎪⎪⎨⎪⎪⎪⎩
CN · Re

{
N−1∑
n=1

N∑
m=n+1

Φ̂znzm
(i, λ)

}
1

N

N∑
n=1

Φ̂znzn
(i, λ)

⎫⎪⎪⎪⎬⎪⎪⎪⎭
(4)

with frequency index i = 0, 1, . . . , M − 1 and normaliza-
tion factor CN = 2/(N2 − N). The operation HR{.} sets
negative values to zero, Re{.} marks the real part, and λ
denotes the frame index. The cross-power spectral density
(PSD) is estimated by

Φ̂znzm
(i, λ) = η Φ̂znzm

(i, λ− 1)

+ (1− η)Zn(i, λ)Z
∗

m(i, λ). (5)

For a stationary, homogeneous noise field, the weights of
Eq. (4) can be expressed by

WZ(Ω) = HR

{
SNRz(Ω) + Γ(Ω)

SNRz(Ω) + 1

}
(6)

with Γ(Ω) = CN · Re

{
N−1∑
n=1

N∑
m=n+1

Γvnvm
(Ω)

}
(7)

SNRz(Ω) =
Φss(e

j Ω)

Φvv(ej Ω)
. (8)

These weights are independent of the array gain and the
post-filter is applicable to a CSD BF. The coherence func-
tions for coherent and diffuse noise between two micro-
phones l and m are given by

Γvlvm
(Ω)|coh = exp{−j 2π f Δtlm} (9)

Γvlvm
(Ω)|diff =

sin(2π f c−1Δdlm)

2π f c−1Δdlm

(10)

with frequency f , speed of sound c, time-difference of ar-
rival Δtlm, and sensor spacing Δdlm. The post-filter noise
attenuation NApf(Ω) = |W (Ω)|−2 for Eq. (6) is plotted in
Fig. 2 for two microphones with a distance of 2 cm. The
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Figure 2: Post-filter noise attenuation for Eq. (6) for differ-
ent constant SNRz(Ω) (in dB).

post-filter noise attenuation shows a strong frequency de-
pendency for both noise fields: It is ineffective for low fre-
quencies and causes an excessive suppression for high fre-
quencies at low signal-to-noise ratios (SNRs).
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An alternative weighting rule for the post-filter of a CSD
BF has been proposed by Simmer and Bitzer [7]

Wmc(i, λ) =
Φ̂xx(i, λ)

Φ̂zlzl
(i, λ)

. (11)

For a stationary noise field, these weights can be written

Wmc(Ω) =
Φxx(e

j Ω)

Φzlzl
(ej Ω)

=
SNRz(Ω) +GA(Ω, θ)−1

SNRz(ej Ω) + 1
(12)

with array gain GA(Ω, θ) and SNRz(Ω) given by Eq. (3)
and Eq. (8), respectively. The post-filter noise attenuation
is plotted in Fig. 3 for the considered microphone pair with
2 cm distance and a broadside CSD BF with μ = 0.02.
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Figure 3: Post-filter noise attenuation for Eq. (12) for differ-
ent constant SNRz(Ω) (in dB) employing a broadside CSD
BF with μ = 0.02 and Δd = 2cm.

This post-filter achieves a strong and almost frequency
independent attenuation of coherent noise for a broad fre-
quency range. The transition frequency for this range can
be shifted towards lower frequencies by a lower value for μ
and/or a higher number of microphones, which both results
in higher hardware efforts. Noteworthy is the high attenua-
tion despite the broadside orientation, which can be further
improved by an endfire orientation.

The previous analysis has shown that the MCC PF of
Eq. (11) can well suppress coherent noise, but it achieves
only an insufficient suppression of diffuse noise for small
microphone arrays.1 Diffuse noise fields are approximately

1This becomes less problematic, if larger microphone arrays can be
used.

given by, e.g., fan noise in an office room, engine noise
recorded inside the car interior, or distant background bab-
ble noise in a (reverberant) room. Such noise sources are
rather stationary and can hence be well suppressed by a
common SCC PF (which does not rely on spatially uncorre-
lated noise components). The calculation of the gains Wsc

is based on the spectral coefficients enhanced by the MCC
PF of Eq. (11): X̃(i, λ) = Wmc(i, λ)X(i, λ). The SCC PF
can be realized, e.g., by the spectral amplitude estimator of
Ephraim & Malah [9] or the Wiener filter

Wsc(i, λ) =
ξ(i, λ)

ξ(i, λ) + 1
; i = 0, 1, . . .M − 1 . (13)

The a priori SNR ξ can be calculated by the decision-
directed approach [9]. The required estimation of the noise
power spectral density (PSD) can be done by minimum
statistics [10]. The spectral weights for the proposed
combined post-filter are given by the product

Wc(i, λ) = Wmc(i, λ) ·Wsc(i, λ) (14)

calculated according to Eq. (11) and Eq. (13).
A related approach, which also requires a (spectral)

noise power estimation, has been proposed by Le Bouquin
et al. [11]. The noise suppression at low frequencies is
improved by estimating the noise cross-PSD during speech
pauses by means of voice activity detection (VAD). The
speech PSD is estimated by a kind of ’spectral subtraction’.
The spectral weights are determined by

WLB(i, λ) = CN

∣∣∣∣∣∣
N−1∑
n=1

N∑
m=n+1

Φ̂ss(i, λ)√
Φ̂znzn

(i, λ) Φ̂zmzm
(i, λ)

∣∣∣∣∣∣
(15)

Φ̂ss(i, λ) = HR
{
|Φ̂znzm

(i, λ)| − |Φ̂vnvm
(i, λ)|

}
. (16)

These weights are independent of the array gain and the
post-filter can thus be used behind a CSD BF.2

4. EVALUATION

The proposed combined post-filter of Eq. (14) is compared
to the post-filter design of Le Bouquin et al. [11] according
to Eq. (15). A DFT filter-bank with M = 256 frequency
channels, Hann window, and frame overlap of 128 sam-
ples is used for both post-filters. The post-filters are applied
behind a CSD BF with two microphones as discussed be-
fore (2 cm spacing, broadside orientation, μ = 0.02). Dif-
fuse noise is simulated by 16 noise sources (car noise from
NOISEX-92) located equidistantly on a plain circle. The di-
rectional noise is simulated by a second speaker with DOA

2In [11], only the use of a DS BF is considered, and a microphone pair
with a distance of 73 cm is used for the evaluation.
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of 45◦. The sampling frequency is 16 kHz and a smoothing
factor of η = 0.7 is taken for all PSD calculations.

The quality of the enhanced speech is measured by the
mean cepstral distance (CD) between clean speech s(k) and
enhanced speech ŝ(k), and the segmental SNR (SEGSNR)
for s(k) and s(k)− ŝ(k) , see [12]. The results are listed in
Table 1.

post-filter (PF) SEGSNR / dB CD

input SNR = -15dB
combined PF 6.12 3.60

Le Bouquin PF [11] -5.5 5.01

input SNR = -5dB
combined PF 10.8 1.85

Le Bouquin PF [11] 4.1 2.91

input SNR = 5dB
combined PF 14.0 1.25

Le Bouquin PF [11] 13.5 1.80

input SNR = 15dB
combined PF 20.1 1.18

Le Bouquin PF [11] 21.9 1.24

Table 1: Ceptstral distance (CD) and segmental SNR
(SEGSNR) measured for different input SNRs.

The combined post-filter achieves a significantly better
quality for the enhanced speech at low SNRs compared to
the post-filter of Le Bouquin et al [11]. This complies with
our informal listening tests, where the speech enhanced by
the proposed combined post-filter contained less artifacts
and revealed a stronger suppression of the interfering noise
sources at low SNRs. The use of the MCC PF of Eq. (11)
alone has lead to an insufficient noise suppression in com-
pliance with the previous analysis (hence not listed).

The VAD required for the post-filter of Le Bouquin et al.
has been performed on the clean speech and the interfering
noise sources are rather stationary. Thus, the benefits of
using the proposed post-filter can be expected to be even
higher in the presence of VAD estimation errors.

5. DISCUSSION

In contrast to most other post-filter designs, the MCC PF of
Simmer and Bitzer [7] for a CSD BF achieves a good and
nearly frequency independent suppression of coherent noise
even for small microphone arrays. The theoretical analysis
has also shown that a suppression of diffuse noise can not
achieved by this post-filter. This can be accomplished by
a subsequent SCC PF, which does not rely on the assump-
tion of spatially uncorrelated noise sources. The proposed
combined post-filter has a similar complexity as the related
approach of Le Bouquin et al. [11], but achieves a signifi-
cantly better speech quality especially at low SNRs.

A problem of the approach of Le Bouquin et al. is that
a VAD has to be applied to the noisy input signal for the es-
timation of the noise cross-PSD during speech pauses. This
leads to estimation errors especially at low SNRs and non-
stationary noise. It is less problematic for the combined
post-filter, where the benefits of a non-VAD based noise
power estimation, such as minimum statistics [10], can be
exploited.

The proposed post-filter design for a CSD BF has a low
complexity and is easy to implement. It can be used for
speech enhancement systems, where only small microphone
arrays are available as in mobile communications systems or
digital hearing aids.
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