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In-Car Speech Separation via MVDR
Adilson Chinatto

Abstract— In this work, a comparative study about in-car microphone array beamforming is carried out. The main objectives
of this work are to show how the number of microphones and
the array geometry impact in the task of speech separation
via beamforming in in-car environment. These studies lead to
suggestions about which topologies are more indicated to be
applied in real-world automobile applications, aiming the nextgeneration autonomous cars. The beamformer considered is the
broadband version of MVDR algorithm and three types of arrays,
located at the car console central position, are simulated: linear
arrays, circular arrays and elliptic arrays.
Keywords— Microphone array processing, speech source separation, broadband beamforming.

I. I NTRODUCTION
Microphone array processing has been an active research
theme, finding applications in many fields as in excavation
[1], aerodynamic and aero-acoustic testing [2], sports and
spectacles [3], health care [4], among many others. One of its
main applications lies in speech separation and noise cancellation in the so-called ”cocktail-party” problem [5], [6]. Several
algorithms and implementations have been developed in the
past years addressing to solve the cocktail-party problem, with
especial attention to the spatial filtering [7], artificial neural
networks (ANN) [8], and to the blind source separation (BSS)
[9], [10] techniques.
Although producing quality results, ANN and BSS techniques are often computationally intensive. This prevents their
immediate deployment in low cost (unconnected) equipment.
On the other hand, spatial filtering techniques are easier to
implement and can present satisfactory results in problems
related to speech-source separation and direction of arrival
(DOA) estimation. When used as a pre-processing module in
the speech processing chain, spatial filtering can lower the
complexity and convergence time of ANN and BSS algorithms
[11], [12]. In other words, beamforming via spatial filtering
can give a cleaner pre-processed speech for later enhancement
by ANN or BSS.
Microphone array beamforming is not a recent research
subject [13]. This technique is derived from the previous
works related to the antenna arrays. However, microphone
array beamforming has gained especial attention in the recent
years with the growing applications in consumer appliances,
whose examples range from the next-generation smart-houses
to the autonomous cars. Especially in this latter application,
voice discrimination and recognition play an important role in
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executing crucial voice commands that can directly impact in
the comfort and safety of the passengers.
Several research groups have been carrying out in-car beamforming studies, mainly focused in the driver speech enhancement. However, few works have been presented considering
aspects as array geometry and position inside the car and
their relation with the quality of the speech separation via
beamforming. This work points out considerations about the
best array positioning inside the car and the performance of
speech separation via beamforming is compared in terms of
array geometries and its number of elements.
Here, the algorithm chosen to spatial filtering implementation is the well-known minimum variance distortionless
response (MVDR) in its broadband formulation. MVDR was
initially proposed in the 1980’s [14] and was quickly adopted
in applications related to electromagnetic waves. Its use in
microphone array beamforming was proposed in the 1990’s
[15] and even recently it has been an active research theme
[16]. For its implementation, three types of geometries are
considered: uniform linear array (ULA), uniform circular array
(UCA) and uniform elliptical array (UEA).
The paper is organized as follows: in section II, the problem
about the array position inside the car is addressed and
some considerations basis the choice considered in the rest of
the paper; Section III brings the mathematical fundamentals
of broadband MVDR algorithm devoted to spatial speech
separation; Section IV shows the simulation results and brings
discussion about the impact of array geometry and number of
elements; finally, section V presents the work conclusions.
II. C ONSIDERATIONS ON I N -C AR A RRAY P OSITIONING
Positioning a microphone array inside a car needs to obey
some important requisites related to the response quality,
installation costs and housekeeping easiness. Several works
dealing with in-car speech separation and enhancement adopt
two main microphones dispositions: microphones spread in
the whole car interior, especially on the roof and microphones
circling the conductor. Although presenting some interesting
results, these types of disposition present some drawbacks that
can difficult its adoption in commercial systems. First of all,
spreading the microphones throughout the car interior make
the receivers experiment different levels of noise, produced
by the engine and friction. This can lead to degradation in
the beamforming response. Moreover, considering that the
objective is to enhance the speech of the conductor and
passengers, microphones located in the car roof are not positioned in the region in which the speech would be stronger,
degrading the results. On the other hand, microphones circling
the conductor seems to be a good solution to enhance the
speech of this person, but barely will produce good results in
speech enhancement of the others car occupants.

122

XXXV SIMPÓSIO BRASILEIRO DE TELECOMUNICAÇÕES E PROCESSAMENTO DE SINAIS - SBrT2017, 3-6 DE SETEMBRO DE 2017, SÃO PEDRO, SP

Another drawback in the spreading the microphones
throughout the car interior is the cabling needs. The multichannel speech processing is generally performed in a single
board computer. In this way, it is necessary to connect all the
microphones to this unit. If the microphones are spread in the
car interior their usage will demand long signal and power
cables. These long cables can be a source of interference in
the signal processing chain and increase the total system cost.
Generally, car on-board computers are located inside the
car front panel. Moreover, all car occupants are positioned
in a way that the speech is projected to the front, towards
the front panel. In order to keep the microphones closer, in a
neutral position in relation to the speech projections of the car
occupants, and trying to reduce the cabling, the best position
to place the microphone array is in the center of the car panel.
Figure 1 shows schematically the array position inside a car
adopted in this work.

formulation, d is the distance between array elements, c is
the speed of propagation (correspondent to the speed of light
in electromagnetic systems) and fc is the carrier frequency,
considered to be much bigger than the signal bandwidth. By
convention, φ` = 0◦ is normal to the line formed by the
array elements and the element correspondent to m = 0 is
the reference one.
The problem here is to determine the set of weight coefficients w to be applied to the M -sensors output y in order to
recover a desired signal sD (n) from the a priori knowledge
of φD , while mitigating signals contributions from others
directions. This is the solution of
min wH Rw s. t. wH a(θD ) = 1,
w

where R = E{yyH }, E{.} is the expectation operator and
a(θD ) is the steering vector of the desired angle of arrival θD .
The Capon solution of (3) is given by

III. P ROBLEM F ORMULATION AND A LGORITHMS

wC =

In this work, an M -element array formed by microphones
located at positions (xam , yam , zam ), m = 0, 1, · · · , M − 1 is
considered. This array is impinged by spherical sound waves
created by L speech sources located at positions (xs` , ys` , zs` ),
` = 0, 1, · · · , L − 1. The output of the m-th microphone is
given by
L−1
X
ym (t) =
s` (t − τm` ) + νm (t),
(1)
`=0

where s` (t) is the `th speech source and τm` is the time delay
between the `th source speech and the mth microphone, given
by
k(xam , yam , zam ) − (xs` , ys` , zs` )k2
.
(2)
τm` =
v
In (2), v is the speed of the sound in the air. Finally, the
microphone output ym (t) is corrupted by the noise νm (t),
considered to be Gaussian.
In a such system, the signals at the microphones can be
weighed and combined to enhance signals received under
desired directions while mitigating signals received under
others undesired directions. This beamforming process can be
implemented via several well-known techniques as delay-andsum or generalized sidelobes cancellers, for instance. In this
work, the broadband version of the MVDR is considered.
A. Narrowband MVDR Formulation
The MVDR algorithm formulation is originally attributed
to Capon [17] and is widely applied in antenna arrays. Be
the system of equations y(n) = A(φ, θ)s(n) + ν(n) in which
T
s = [s0 (n) s1 (n) · · · sL−1 (n)] is a vector formed by the
nth sample of the L incident signals, ν is a noise vector
and A(φ, θ) = [a(φ0 , θ0 ) a(φ1 , θ1 ) · · · a(φL−1 , θL−1 )] is
a mixture matrix that contains the steering vectors for each
incident signal related to the array. For the sake of simplicity,
considering a uniformly linear array (ULA), the contribution
from θ is null and the steering vector related to the `th signal is
given by an M -elementc vector a(φ` ), whose mth component
is defined as e−j2πmd fc sin φ` , m = 0, 1, · · · , M − 1. In this

(3)

R-1 aD
,
-1
aH
D R aD

(4)

where a(θD ) was substituted by aD for clarity reasons. Evaluating ŝD (n) = wH
C y(n) recovers sD (n) with unit gain while
mitigating other signals that impinge the array under different
steering vectors.
B. Broadband MVDR Formulation
Considering that the observables ym (t) in (1) are sampled
at times t = nTS , where TS is the sampling period and
n ∈ N, then, after N samples, the outputs ym (nTs ) can be
translated into the frequency domain via N -length discrete
Fourier transform (N-DFT) leading to be represented by a
complex M × N matrix Y(ω), where ω = 2πk/N , k =
0, 1, · · · , N − 1. Considering that the original temporal L
incident signals can be represented in the frequency domain by
a L × N matrix S(ω), for each frequency bin ω, the problem
can be stated as
Y(ω) = A(τ, ω)S(ω) + N(ω),

(5)

where A(τ, ω) ∈ CM ×L is the array of steering vectors
formed by the time-delay of arrival (TDOA) related to
each microphone at frequency bin ω, given by A(τ, ω) =
[a(τ0 , ω) a(τ1 , ω) · · · a(τL−1 , ω)], with


1
ω


e−j N τ1,`


ω
−j2 N
τ2,`


e
(6)
a(τ` , ω) = 
.


..


.
ω

e−j(M −1) N τM −1,`

It is easy to notice that (6) is similar to (??), however, the
dependence of ω makes the problem to be broadband. Due
to this frequency dependence, MVDR should be evaluated for
every DFT frequency bin ω, resulting in N weighing vectors
wC,ω . Finally, to avoid division by zero, a little constant r
acting as a regularization parameter can be added, resulting in
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wC,ω =

R-1
ω a(τD , ω)
,
H
a(τD , ω) R-1
ω a(τD , ω) + r

(7)
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where wC,ω and Rω are the Capon solution and the correlation
matrix related to the k th frequency bin respectively, and
a(τD , ω) is the steering vector related to the desired TDOA
τD at the frequency bin ω, given by (6).
In the frequency domain, the desired signal is estimated by
evaluating
ŜD (ω) = wH
(8)
C,ω Y(ω),
for each ω = 2πk/N , k = 0, 1, · · · , N − 1. Finally, the
temporal broadband MVDR estimation ŝD (n) is given by the
inverse of the N -point DFT of ŜD (ω).
IV. N UMERICAL R ESULTS ON S IMULATED DATA

Fig. 2.

Speech sources positions inside a car.

In this section, the experiment is described and the simulations results are presented and analysed.
A. Array Geometries and Speech Sources Locations
The in-car speech separation using broadband MVDR
beamformer was simulated considering three array geometries:
UCA, ULA and UEA. Each array was considered to be
centered in the car panel, as schematically depicted in Figure
1, which is the best position of an electronic device inside a
car, as mentioned in Section II. The microphone positions for
each array geometry are given by
(xam , yam , zam ) =


d(M − 1 + 2m)
, 0, 0
(9a)
ULA : =
2(M − 1)




 
2πm
2πm
d
UCA : =
cos
, sin
,0
(9b)
2
M
M




 
2πm
2πm
UEA : = D cos
, α sin
,0 ,
(9c)
M
M
where m = 0, 1, · · · , M − 1, d is a real positive scalar
equivalent to the radius in the UCA and the array length in
the ULA, D is the length of the ellipse major axis in the UEA
geometry and α is a real positive scalar correspondent to the
relation between the lengths of the ellipse’s semi-minor and
semi-major axes in the same geometry.

that only two car occupants speak at the same time. This
approach is realistic as we are considering that the car driver
is giving a voice command at the same time that the others
two car occupants talk, speaking one of its time. The in-car
position of each car occupant is given by
• driver: (xs , ys , zs ) = (+0.350, 0.000, +0.606) m
• front-right: (xs , ys , zs ) = (−0.350, 0.000, +0.606) m
• back-seat: (xs , ys , zs ) = (0.000, 0.000, +1.100) m
B. Simulations Parameters
Two real prerecorded 1365.3 ms duration voices, one male
and one female, were used in the experiments. The voices were
recorded monoaurally, under a sampling rate fS = 48 kHz,
and inside a car in movement. In this way, 65536 samples
were considered as output of each microphone. The male voice
corresponds to a short driver car command and the female
voice corresponds to a extract of a chit-chat.
In all simulations, the window length N was fixed in
1024, what means that the N -DFT and -IDFT were the size
1024. For the three array types, the number of microphones
M was varied from 6 to 16. For ULA and UCA, d was
changed from 2 cm to 30 cm, what implies in very dense
arrays to somewhat sparse ones. It is important to notice
that all these array geometries can be implemented in the
practice, considering that nowadays there are surface mount
technology (SMT) microphones with dimensions as smaller
as 2.50 mm × 1.60 mm [19]. Finally, for UEA, D was fixed
in 30 cm and α was changed from 0 to 1.
C. Practical aspects aiming implementation

Fig. 1. Car panel representation showing the array position considered. The
array geometry and number of elements are only illustrative.

Two speeches were considered to be emitted by persons
sit at three possible positions inside the car: at the driver
position, at the front-right passenger position, or at the backseat passenger position, as schematically shown in Figure 2.
Although there are three possible positions, it is considered

The weighting vectors wC,ω are evaluated at each N
samples received at the outputs of the M microphones. As
initially pointed out in [18], some minor modifications can
be performed in (7) to enable easier and more robust practical implementation. One of these modifications is related
to the frequency bins to be used in the MVDR calculation.
Theoretically, using N frequency bins implies in N partial
MVDR evaluations, one for each bin. However, information
in the speech, when treated at higher sampling rates, can be
considered to be concentrated only in a narrow frequency
band B most of the time. So, MVDR evaluation on frequency
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bins beyond the band B results in negligible contribution
in the speech separation. In the simulations, fS = 48 kHz
and knowing that the information in the speech is almost all
concentrated bellow 3.6 kHz, the MVDR was evaluated for
frequency bins under B = 4 kHz.
Another modification is related to the autocorrelation Rω
evaluation. In practical systems it is impossible to exactly
evaluate Rω as it would demand infinite samples. Alternatively,
Rω can be approximated by using the sample covariance
matrix instead, given by
1
F −1
H
R̂ω (η − 1) + Yω (η)Yω (η) ,
F
F

SINR (dB)

3.5

3

2.5

1.5

(10)

where Yω (η) corresponds to the Y(ω) at the η th frame, R̂ω (η)
is the sampled covariance matrix of the frequency bin ω at
the η th frame and F is a weighting constant that acts as a
forgetting factor. In the simulations F was empirically set to
256.
Finally, to cover cases in which the voices suffers with
quick variations, the broadband MVDR was evaluated for
frames compound by N samples, as previously defined, but the
difference in samples between the frame η and the frame η +1
was set in L = 16. So, the weighting vectors were updated at
each L/fS = 3.333 µs against the N/fS = 21.333 ms, which
would be the update rate if the overlapping would not be used.
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D. Results
The results presented in this section consider the signalto-interference-plus noise (SINR), evaluated following [20],
which considers that the estimated signal can be represented
as
ŝL = sL + eL,inter + eL,noise + eL,artif ,
(11)
where sL is the original Lth source, ŝL is its estimate, eL,inter
is the estimates deformation due to the interferer, eL,noise is
the deformation due to the noise and eL,artif is the estimates
deformations due to imprecision in the estimating processes.
So, the SINR is given by
SINR = 20 log

ksL k

keL,inter + eL,noise + eL,artif k
ksL k
= 20 log
.
kŝL − sL k

(12)

Figures 3 and 4 show the simulation results for UCA and
ULA with several numbers of microphones and a set of array
dimensions. These figures consider the case of driver and
front-right passenger speech separation. As expected, separation increases monotonically with the number of microphones
and with the UCA diameter or with the ULA length. The same
array geometries were used in the task of speech separation
between the driver and back-seat passenger. These results are
shown in the figures 5 and 6. Again, the results are similar
between UCA and ULA.
It is interesting to notice that the separation provided by
the MVDR is stronger when dealing with driver and backseat passenger. In fact, there is a gain about 2 dB when compared with the situation in which the separation is performed
between driver and front-right passenger speeches. At the

Fig. 4.

SINR for ULA: front-side passenger.

same time, the number of receivers has little influence in the
speech separation. No matter if the scenario corresponds to the
driver and front-right passenger or to the driver and back-seat
passenger separation, changing the number of microphones
from 6 to 16 impacts in a gain of at most 1 dB. To investigate
the algorithm performance behavior in the transition from
ULA and UCA, a set of simulations was performed using
EUA with fixed semi-minor axis D = 0.15 m and changing
the relation between the two ellipse axis 0 (ULA) to 1 (UCA).
As can be noticed, the changes in the performance can be
considered negligible. Simulation results show that there is
no significant speech separation for d > 0.1 m in the case
of driver – left-front passenger. For the case driver – backseat passenger, the same occurs for d > 0.2 m, although for
larger arrays the algorithm performs even better. Moreover, the
geometry analysed presents little influence in the algorithm
performance. This leads to infer that in this in-car application,
using an array with d = 0.15 m, linear, circular or even elliptic
is the best compromise between performance and cost.
V. C ONCLUSIONS
In this paper, the ideal position of a microphone array inside
a car aiming to receive voice commands was debated. From
this debate, the broadband MVDR beamformer was used in
the task of in-car speech separation. It was inferred that the
best position to place a microphone array inside a car is the
center of the car console since in this position it is easy to
do all the cabling and the array would be able to receive
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and process all the voices. Moreover, the simulation results
of the broadband MVDR beamformer show that arrays with a
horizontal dimension from 0.10 m to 0.20 m and 6 to 16 elements can provide good SINR in-car speech source separation.
Interestingly, at the problem addressed, the array geometry
presents little impact in the speech separation performed via
broadband MVDR beamformer. This observation is important
as it allows to keep the array geometry as simple as possible,
reducing the occupied area, the computational cost and the
implementation costs.
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