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1 Introduction
Binaural Beamforming, using signals from microphone ar-
rays from both ears and respecting 3D localization, is a
promising approach to improve speech intelligibility in the
presence of interfering sound sources for all wearable audio
devices. Despite the imposed small size of the microphone
arrays, it offers strong interfering noise reduction potential
due to the large inter-array distance and the natural attenua-
tion provided by the head. This study is a proof of concept
conducted in 2015, for a technology that several commercial
products now casually feature (hearing aids, digital hearing
protectors, hearables, etc.)

2 Method
A pair of small identical 3-microphone arrays is designed
for a “Behind The Ear (BTE)” headset. The array geome-
try is visible in Figure 1. In one simple implementation of
binaural beamforming, where left and right arrays are con-
nected (through wired or wireless link), the monaural beam-
former output is filtered with Head-Related Transfer Func-
tions (HRTFs) to preserve binaural localization cues. The
monaural beamforming is based on a fixed Minimum Vari-
ance Distortionless Response (MVDR) algorithm for robust-
ness.

Figure 1: Microphone array on artificial head’s right ear

2.1 MVDR beamformer
MVDR minimum-variance distortion-less response beam-
former is built in the frequency range of [150-7000] Hz and
a set of direction of interests: ”look directions” from -90 to
90 degrees, with 30 degree increments. Assuming that d0(ω)
is the look direction defined by an acoustic monopole at 1 m
in the simulation, filters w(ω) are found by solving the fol-
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lowing optimization problem (dependency on the circular fre-
quency ω is omitted for clarity) [1]:

minw wHΓννw subject to wHd0 = 1 (1)

Γνν is the noise covariance matrix that is generally ill-
conditioned at low frequencies and requires a regularization.
The constraint guarantees a constant gain in the look direction
d0. The optimum weight vector wopt is defined by:

wopt =
Γ−1
νν d0

dH0 Γ−1
νν d0

(2)

Γνν can easily be built in free-field, assuming isotropic
3D or back-to-front noise fields. Here, the arrays are adjacent
to a large rigid obstacle made from the head structure. There-
fore the computation of optimal beamforming filters requires
the use of Boundary Element Method (BEM) implemented
with FEMAP Finite Element Modeling and Postprocessing
software (Simcenter Femap/NASTRAN XaaS) for character-
izing the acoustic field surrounding the head for noise and
speech sources. Such approach is more effective than tra-
ditional binaural beamforming implementations [2]. In this
investigation, the beamformer is designed and validated with
the 45CB artificial head (GRAS, Holte, Denmark). The BEM
mesh model is illustrated in Figure 2.

Figure 2: BEM mesh model of GRAS 45CB artificial head

2.2 Simulations
Simulations consists of determining optimal complex filters
w(ω), Directivity Index (DI), White Noise Gain (WNG), and
producing 3D beam patterns. DI varies from 5 dB around
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200 Hz to a maximum of 9 dB around 3 - 4 kHz. Maxi-
mum WNG degradation is limited, around 10-15 dB at low
frequencies.

2.3 Validations
Validation took place in a 100 m3 anechoic room, with source
at 1 m from the center of the artificial head, at all azimuths, in
the 150-7,000 Hz frequency range.

Figure 3: Test set-up in the anechoic room

In the horizontal plane, the agreement is excellent for all
frequencies of interest, at all azimuths. An example is shown
in Figure 4.

Figure 4: Validation - Horizontal plane - 30 deg. azimuth - 1500 Hz

If a larger array is an advantage when rejecting ambient
noise at low frequencies, 1,500 Hz is an interesting frequency
because with an inter-array distance of ∼ 16 cm, spatial alias-
ing starts to take place for all ”look directions” angles.

2.4 Binaural GSC implementation
There are several approaches to handle such edge case. One
can work with individual Left & Right small arrays, but this
would make steering at 30 deg. and 60 deg. relatively in-
efficient. In this study, we implement (1) a Binaural strat-
egy based on the monaural beamformer output, filtered with
HRTFs and (2) a simple realization of a General Sidelobe
Canceller (GSC) [1], by adding a ”noise channel”. The ”noise
channel”, equivalent to the usual GSC blocking matrix, is
built by filtering all microphones’ outputs. Optimal filters
are determined by steering a null in the look direction d0(ω)
using equation 1 and a proper set of constraints. Their defini-
tion is not unique. The noise channel signal is then used for

implementing a Noise Reduction algorithm at the output of
the main beamformer, based on a modified Wiener gain. The
method is tested with recordings in the next section.

3 Results
Tests are performed in a large reverberant room. Four large
loudspeakers at each corner generate the interfering noise
field. Speech samples taken from the HINT database [3] are
played from a smaller loudspeaker placed 1 m away from the
head, in the plane of the arrays.

Recordings and array processing are performed in 4 dif-
ferent conditions: in Silence, and with different background
noises (White noise, Industrial noise, Cocktail party noise).
In the present demo, the sound source is located at 60 deg.
on the right. The binaural beamformer properly positions the
speech source at 60 deg., but the residual noise is also located
at 60 deg. which sounds a bit unnatural. The waveform of
the right channel signal of the binaural beamformer is shown
in Figure 5. The MVDR beamformer improves reverbera-
tions and reduces the white noise, overall by about 4 to 8 dB.
The General Sidelobe Canceler (GSC) strategy with a mod-
ified Wiener gain further attenuates reverberations, and re-
duces white noise by about 9 to 12 dB. Speech sounds a bit
”dry” and distorted, but it is clear and intelligible.

Figure 5: Right channel audio waveforms in various conditions
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