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Abstract

This work studies wind noise reduction methods using a
microphone array in a car environment. In particular, an
endfire array with two Micro Electro Mechanical Systems
(MEMS) microphones is considered as a substitute for an
ordinary microphone capsule of the same size. Even for
small distances of the microphones, the different signal
properties at the microphones can be exploited to achieve
a significant reduction of wind noise. Based on these sig-
nal properties, a combination of a beamformer and a sin-
gle channel post filter is calculated to obtain an improved
speech reference. The reference is used to calculate adap-
tive frequency domain least-mean-square (FLMS) filters
which are applied to the microphone signals. The pro-
posed approach results in an improved speech signal re-
garding the signal-to-noise-ratio (SNR) while keeping the
linear speech distortion low.

Introduction

Hands-free communication applications in a car environ-
ment always face the problem of unwanted noise compo-
nents in the microphone signals. The noise consists of
car noise as well as wind noise components, caused by
open windows, fans or open convertible hoods that cre-
ate airflow turbulence over the microphone membranes
and result in low frequency signal components of high
amplitude [1]. Commonly single channel noise suppres-
sion algorithms like the Wiener filter and spectral sub-
traction are used for noise suppression [2]. Multichannel
approaches improve the speech quality [3]. Yet noise
reduction algorithms in car environments are typically
based on the assumption that the noise is stationary or
varies only slowly. In [4], Wilson et. al. demonstrated
that wind noise consists of local short time disturbances
which are highly non-stationary. This makes the reduc-
tion of wind noise a challenging task.

The suppression of wind noise is mostly covered in the
context of digital hearing aids or mobile devices in the
literature [5, 6, 7]. For single channel wind noise reduc-
tion, often the different PSD properties of speech and
wind noise are exploited [5, 6, 8]. Several other methods
exist that aim to reduce wind noise for a single micro-
phone [9, 10, 11, 12, 13]. Using more than one micro-
phone, the diversity of the sound field can be taken into
account to indicate wind noise and reduce it successful.
In [6], a spectral weighting filter based on the coherence
between two microphones is proposed. The coherence is

also used in [14], where additionally to the magnitude
squared coherence (MSC) the information that relies on
the phase component is applied to synthesize a spectral
filter function. In [15], the decomposition of the multi-
channel Wiener filter (MWF) into a beamformer and a
single channel post filter for an arbitrary microphone ar-
rangement is presented. The approach is based on the
assumption, that the wind noise is decorrelated at the
microphones, while having equal power spectral densities
(PSDs).

We propose a two-channel approach that exploits the di-
versity of two closely located MEMS microphones. The
microphones are positioned as an endfire array in a car
environment. Even for distances of a few centimeters,
the variation in the microphone signals can be used to
reduce wind noise significantly. The coherence proper-
ties of speech and wind noise signals are exploited to
obtain an improved speech reference compared with a
single microphone capsule. This reference signal is ob-
tained by using a frequency bin selection approach in
low frequencies, that is combined with a delay-and-sum
beamformer for higher frequencies to reduce the speech
distortion. Additionally, a wind noise reference is created
by a delay-and-subtract combination of the signals that
is able to block the speech energy almost completely in
the frequency range where wind noise is present.

Based on these references, a single channel post filter for
the speech reference is created to obtain an improved
signal regarding the SNR. The acquired signal is used
for an FLMS algorithm to calculate time-variant filters
that estimate the coherent signal components between
the speech reference and the microphone signals. By ap-
plying the obtained filters to the microphone input sig-
nals, the simulations show that the proposed approach is
capable of improving the signal-to-noise-ratio while keep-
ing the linear distortion of the speech signal low or even
improve it compared with a single microphone capsule.

Signal Model and Notation

In the following, the signal model and the notation is
briefly explained. The acoustic in the car environment is
considered as linear and time-invariant. The ith micro-
phone signal yi(k) can be described by the convolution
of the speech signal x(k) with the acoustic impulse re-
sponse hi(k) from the mouth-reference-point to the ith

microphone signal plus an additional noise term ni(k).
This noise term consist of wind noise as well as car noise.
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The resulting signal can be written in the short time fre-
quency domain as

Yi(κ, ν) = Hi(ν)X(κ, ν) +Ni(κ, ν) (1)

where Yi(κ, ν), X(κ, ν) and Ni(κ, ν) correspond to the
short time spectra of the signals, Hi(ν) denotes the
acoustic transfer function, Hi(ν)X(κ, ν) is the spectrum
of the speech component and Ni(κ, ν) the spectrum of
the noise in the ith microphone. κ and ν denote the sub-
sampled time index and the frequency bin index, respec-
tively. In the following these indices are often omitted
when possible.

Wind Noise Reduction Algorithm

In this section, the proposed noise reduction algorithm is
presented. At first the beamformer is derived based on
assumptions for the speech and wind noise signal proper-
ties. Then the wind noise reference is obtained, which is
used by the post filter for a further SNR improvement of
the speech reference. Finally, the FLMS filter calculation
using the speech reference is shown.

Since the MEMS microphones are configured as an end-
fire array, the signals have to be aligned first to compen-
sate the different times of arrival for the speech signal.
This is achieved by delaying the front microphone with
a suitable sample delay τ to be in phase with the rear
microphone, e.g.

Ŷ1(κ, ν) = Y1(κ, ν) ·

{

e−j2π ν
N

τ for ν ∈ 0, . . . , N
2
− 1

ej2π
ν
N

τ for ν ∈
N
2
, . . . , N

(2)

where N denotes the block length of the short time
Fourier transform

Speech Reference

We assume, the wind is decorrelated at the microphones
and the short time wind noise PSDs are unequal over the
frequency bins that contain wind noise. In contrast, we
assume the speech signal to be highly correlated as well
as the speech PSDs to be equal for the aligned signals in
low frequencies due to the small distance of the MEMS
microphones. Based on these assumptions, a combined
approach for the speech reference is presented, that uses
the selection of wind noise free frequency bins up to 1kHz
and a delay-and-sum beamformer (DSB) for the higher
frequencies.

Frequency bin selection (FBS)

The short time power spectral densities of the aligned mi-
crophone signals are calculated and compared frequency
bin wise. The signal with the least energy in the dedi-
cated frequency bin is assumed to be free of wind noise
in that bin, since the energy of the speech signal should

be the same in both microphone signals after alignment,
whereas the PSDs of the wind noise are assumed to be
different for each microphone. A dedicated binary map
based on the PSD comparison in each frequency bin is
calculated as

m1(κ, ν) =

{

1, for Φy1(κ, ν) < Φy2(κ, ν)

0, otherwise
(3)

where Φy1 and Φy2 denote the PSDs of the front and
the rear microphone signals, respectively. Therefore it
follows for m2

m2(κ, ν) = 1−m1(κ, ν) (4)

The resulting signal X̃FBS can be calculated based on
these maps as

X̃FBS =
(

m1 · Ŷ1 +m2 · Y2

)

.

Delay-and-sum combining

The DSB is capable to offer an improved speech refer-
ence compared with a single microphone signal, because
it combines the direct path of the desired signal coher-
ently. Incoherent noise signals, spectral coloration, and
the direct-to-reverberant ratio are reduced. Using Eq.(2),
the DSB output signal X̃DS is computed as

X̃DS = 0.5 · (Ŷ1 + Y2). (5)

Hybrid combining

Since wind noise is mostly present in low frequencies, the
frequency bin selection approach is combined with the
delay-and-sum beamformer, whereas the selection is used
up to a defined crossover frequency fc = 1kHz and the
DSB is used for frequencies higher than fc to augment
the speech signal.

X̃ref (κ, ν) =

{

X̃FBS(κ, ν), for fc ≤ 1kHz

X̃DS(κ, ν), for fc > 1kHz
(6)

Noise Reference

Additionally to the speech reference, a wind noise ref-
erence is required to process the microphone signals. A
reference for the wind noise can be obtained exploiting
the fact that the wind noise components in the two mi-
crophones are incoherent. To block the coherent speech,
a noise reference is obtained by a delay-and-subtract ap-
proach, again using Eq.(2)
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Ñ = Ŷ1 − Y2. (7)

The signal Ñ denotes the estimated wind noise. Since
wind noise is mostly present in low frequencies, the noise
reference is filtered with a low pass filter with cutoff fre-
quency fg = 1kHz to ensure that only incoherent wind
noise occurs in the reference and no leakage of speech in
higher frequencies affects the estimation.

Single channel Wiener post filter

The Wiener filter (WF) is a prevailing single channel
noise reduction technique [2]. Wiener filtering can be
applied to suppress the noise in the estimated speech ref-
erence with a SNR depending filter. The SNR estimate is
calculated using the PSDs for the estimated speech and
noise references ΦX̃ref

and ΦÑ as

SNR(κ, ν) =
ΦX̃ref

(κ, ν)

ΦÑ (κ, ν)
(8)

Using Eq.(8), the weighting function according to the
Wiener filter approach can be calculated as

GWF =
SNR

SNR+ γ
(9)

where γ is a noise overestimation parameter. The SNR-
weighted speech reference is obtained by

X̃WF = X̃ref ·GWF (10)

FLMS filter

Since wind noise is assumed to be highly instationary, the
signal X̃WF can contain musical noise due to the wiener
filtering which assumes that the noise term PSDs are
only varying slowly in time. Therefore, similar to [16],
we use X̃WF as a speech reference for the estimation of
coherent signals between this reference and one of the
microphones. The obtained filters are applied to the in-
put microphone signals to suppress incoherent wind noise
components and are estimated as adaptive and time vari-
ant filters Gi that are calculated based on the error sig-
nals

Ei(κ, ν) = X̃WF (κ, ν)− Yi(κ, ν) ·Gi(κ, ν) (11)

which leads to the update of the filter coefficients for the
ith microphone

Gi(κ+ 1, ν) = Gi(κ, ν) + µ ·
Yi(κ, ν)

∗ · Ei(κ, ν)

Φyi(κ, ν) + ǫ
(12)

where µ is the adaptation step size and ǫ a regularization
parameter to prevent division by zero. ∗ denotes the
conjugate complex value. Finally, the resulting output
signal X̃ for the microphone array is calculated as

X̃ =

{

0.5 · (Y1 ·G1 + Y2 ·G2), for fc ≤ 1kHz

X̃DS , for fc > 1kHz.
(13)

Simulation Results

In the following, the results of the simulations for the
proposed wind noise reduction algorithm are presented.
Therefore three wind noise scenarios in a car environment
are used, that are recorded with a MEMS array in end-
fire configuration. Scenario A is a recording where the
window at the drivers site is half open, whereas in sce-
nario B the same window is completely open. Scenario C
denotes a recording where both windows (at the drivers
and the co-drivers site) are completely open. The driv-
ing speed was 100km/h for all scenarios. The signals for
testing the algorithms are ITU speech signals convolved
with impulse responses, which where measured with an
artificial head at the drivers position and the MEMS ar-
ray. The array is mounted above the sun visor at the
driver seat position. The spacing between the front and
the rear microphone of the MEMS array equals 21.4mm.
For the simulations a sampling rate fs = 16kHz and a
FFT size of 512 samples is used. The FFT shift is 128
samples and each block is windowed before it is trans-
formed in the frequency domain. The noise recordings
and the speech recordings were done separately an mixed
in the simulation.

The proposed wind noise reduction approach is compared
to a single microphone regarding the segmental signal-
to-noise ratio (SSNR) and the LSD. The adaptation step
size for the FLMS filter estimation was set to µ = 0.4 and
the overestimation parameter for the Wiener post filter
was set to γ = 25. Table 1 shows the results regarding
the SSNR. As can be seen, the wind noise is reduced in
all scenarios.

Signal Wind Noise Scenario
A B C

Y1 2.9 dB 4.1 dB 1.1 dB
wind noise
reduced
signal

8.2 dB 9.5 dB 8.2 dB

Table 1: SSNR with wind noise reduction

Table 2 shows the effect of the noise reduction algorithm
on speech distortion compared with a single microphone.
Due to the coherent combining of the desired signal, the
speech distortion is not increased or even improved in
scenario C.

Signal Wind Noise Scenario
A B C

Y1 3.5 dB 3.5 dB 3.5 dB
wind noise
reduced
signal

3.1 dB 3.3 dB 2.5 dB

Table 2: LSD with wind noise reduction

Figure 1 shows the spectogramm of scenario C for the
front microphone in comparison to the output of wind
noise reduction algorithm. It can be observed that the
wind noise terms in the low frequencies are successfully

DAGA 2017 Kiel

1475



single microphone signal

0 2 4 6 8

Time in s

1000

2000

3000
F

re
q

u
en

cy

-100

-50

0

wind noise reduced signal

0 2 4 6 8

Time in s

1000

2000

3000

F
re

q
u

en
cy

-100

-50

0

Figure 1: Spectogramm for single microphone (top) and
output signal of the proposed wind noise reduction algorithm
(bottom)

suppressed, whereas the DSB obtains further signal aug-
mentation for higher frequencies.

Conclusions

In this paper, a wind noise reduction technique using a
MEMS endfire array in a car environment was examined.
Using two closely spaced microphones allows to exploit
the different signal properties of speech and wind noise to
acquire suitable reference signals. Based on these refer-
ences, a single channel post filter was derived to improve
the speech reference further. The improved signal was
used for an FLMS algorithm to estimate time variant
filters based on coherent properties between the refer-
ence and the microphone. The filters where applied to
the microphone signals to suppress incoherent wind noise
signals. The simulation results demonstrate that a sig-
nificant reduction of wind noise is possible while keeping
the speech distortion low.
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