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Abstract

Speech applications in automotive environments often
utilize distributed microphones to capture the speech of
all passengers and minimize crosstalk. A Multiple Input
Multiple Output processing with minimal crosstalk is de-
sirable to enable seat-dedicated hands-free telephony as
well as seat-dedicated voice control. To this end differ-
ent signal processing methods can be applied. In this
paper Linearly Constrained Minimum Variance (LCMV)
processing is compared to a Minimum Variance Distor-
tionless Response design. The latter minimizes the over-
all crosstalk power while the LCMV approach cancels
each crosstalk component explicitly. Both approaches are
compared in terms of their maximum possible crosstalk
cancellation gain. Furthermore, temporal adaptation ef-
fects are analyzed.

Introduction

For both, hands-free telephony and voice control, the sep-
aration of speech signals might be desired. This problem
may be approached using the Minimum Variance Distor-
tionless Response (MVDR) design. Here, a distortionless
response for the desired speech is ensured while minimiz-
ing the variance of any other signal. Since interfering
sources are not distinguished their cancellation may suf-
fer in multi-talk scenarios. As opposed to this, the LCMV
design [1-3] allows to represent each crosstalk component
in an explicit constraint equation. This allows to memo-
rize each interfering source and hence promises improve-
ments over the MVDR. The present study compares the
MVDR design in Generalized Sidelobe Canceller (GSC)
structure [2,4] to a Direct Form (DF) LCMV design with
FIR sub-band filters. Known LCMV filters use a time-
invariant constraint matrix [1] in time-domain or 1-tap
sub-band processing [3,4,5]. In the following a multi-tap
multi-microphone LCMV-filter in the sub-band domain
with a time-variant constraint matrix is investigated.

Signal Model

The speech signals of N speakers are captured by M ≥
N microphones. The spectrum of the m-th microphone
signal can be written as

Xm(ejΩ) =

N∑
n=1

F ∗m,n(ejΩ) ·Qn(ejΩ), (1)

where Fm,n(ejΩ) is the acoustic transfer function from
the n-th source to the m-th microphone. The spectrum

of a source signal is denoted by Qn(ejΩ). With Sn(ejΩ) =
Fn,n(ejΩ) ·Qn(ejΩ) above equation can be expressed by

Xm(ejΩ) =

N∑
n=1

G∗m,n(ejΩ) · Sn(ejΩ), (2)

where Gm,n(ejΩ) = Fm,n(ejΩ)/Fn,n(ejΩ) are the relative
transfer functions (RTFs). For simplicity we use the con-
vention that them=n-th microphone is the one closest to
the n-th speaker. Each speaker hence has an associated
dedicated microphone. Without loss of generality the
microphones are considered to be spatially distributed in
the vicinity of the respective speakers. In the following
an overlap-add framework is considered and hence the
microphone signals are modeled in the sub-band domain
accordingly. For every sub-band λ the complex sub-band
signal in the k-th time frame is modeled as:

Xm(λ, k) =

N∑
n=1

LG∑
κ=1

G∗m,n(λ, κ) · Sn(λ, k−κ+1). (3)

Hence expressing that all sub-bands are considered truly
independent. It should be noted in Eq.(3) that the rela-
tive transfer functions Gm,n(ejΩ) are modeled here as a
set of (time-invariant) length LG sub-band FIR filters:

Gm,n = (Gm,n(1), Gm,n(2), . . . , Gm,n(LG))
T
. (4)

In Eq.(4) and from here on underlined quantities denote
vectors and the sub-band index λ is omitted for brevity.
In the following the goal is to cancel crosstalk from speak-
ers with n 6=m in the n-th microphone.

Generalized Sidelobe Canceller

For crosstalk cancellation in the n-th microphone the
MVDR principle may be implemented as GSC (Fig.1).
In the particular realization considered here, the output
signals of the M−1 blocking filters Ĝm,n(k), m 6= n, are

Um,n(k) = Xm(k)− Ĝ
H

m,n(k) ·Xn(k), (5)

whereXn(k) is the vector of the last LG values of the n-th
microphone signal. The blocking filters are updated dur-
ing single talk activity of the n-th speaker using NLMS:

Ĝm,n(k+1) = Ĝm,n(k) + µn(k) ·
U∗m,n(k) ·Xn(k)

XH
n (k) ·Xn(k)

(6)

with time variant and speaker specific stepsize µn(k).
Upon convergence we get Ĝm,n(k) = Gm,n.
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Figure 1: The GSC structure exemplary for M = 4 micro-
phones in a single sub-band. Here, the signal of the first
speaker (n=1) should be captured while the cancellation fil-
ters C1,m(k) cancel the crosstalk of all other speakers jointly.

As can be seen from Fig.1, the signals Um,n(k) are fed to
the sub-band FIR filters Cn,m(k) which jointly minimize
crosstalk in the n-th microphone. As in [11], the ”fixed
beamformer” which usually minimizes spatially uncorre-
lated noise in a GSC structure is omitted here. Still, this
GSC still does not distort Sn(ejΩ). For both, Ĝm,n(k)
and Cn,m(k), the same filter length LG is chosen. The fil-
ters Cn,m(k) are updated using the multichannel NLMS
during interfering speech activity.

Multitap Direct Form Filter

Let Hn,m = (Hn,m(1), . . . ,Hn,m(LH))T be the length LH

sub-band FIR filter applied in them-th microphone chan-
nel whereas Hn,m(1) is its first filter tap. The complete
system Hn is then obtained by stacking the FIRs:

Hn = (HT
n,1, H

T
n,2, . . . ,H

T
n,M )T . (7)

Fig.(2) shows a block diagram of the DF-system. The
n-th output signal of this system can be written as:

Yn(k) = HH
n X(k) = HH

n GHS(k), (8)

where S(k) is defined in the same fashion asHn in Eq.(7).
The term X(k)=GHS(k) is the vector of stacked input
signals. The NLc ×MLH matrix G finally, is the con-
volution matrix of the relative transfer functions Gm,n.
For M=N= 2 and LH =LG =2 this matrix looks like:

G =


1 0 G2,1(1) 0
0 1 G2,1(2) G2,1(1)
0 0 0 G2,1(2)

G1,2(1) 0 1 0
G1,2(2) G1,2(1) 0 1

0 G1,2(2) 0 0

 . (9)

The parameter Lc=LG+LH−1 is the length of the overall
system and is referred to as the convolution length.

The system Hn in Eq.(7) shall now be chosen such that
Yn(k) = Sn(k), which is equivalent to satisfying:

G ·Hn = cn. (10)

Here, cn is a selection vector being 1 at the entry (n−
1)Lc+1 and zero otherwise (to select Sn(k) out of S(k)).
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Figure 2: The Direct Form structure including RTF-
Estimation and filter update.

For NLc = MLH, G can be inverted as it is square
and assumed to have full rank (determined case). In
the underdetermined case (NLc < MLH) the Moore-
Penrose pseudo-inverse provides the minimum norm so-
lution [6, 7, 8]

Hn = GH(GGH)−1cn (11)

which solves Eq.(10) exactly. Note that for LH =LG =1,
Eq.(11) is identical to the well known LCMV solution for
the uncorrelated and homogenous noise field [2, 3]. In
the context of dereverberation Eq.(11) is known as the
”MINT” solution [6], whereas the matrix G in Eq.(9)
carries a sub-band FIR filter representation of the RTFs
rather than time domain impulse responses.

The third possible case is the overdetermined case with
NLc>MLH. Here, Eq.(10) can only be solved approx-
imately. The least-squares solution is also given by the
Moore-Penrose pseudo-inverse but this time as the so-
called ”left-inverse”:

Hn = (GHG)−1GHcn. (12)

The overdetermined case occurs once the number of equa-
tions NLc in Eq.(10) exceeds the available degrees of
freedom MLH. This is true if:

M

N
<
LG + LH − 1

LH
. (13)

Interestingly, if the number of microphones M equals
that of the sources N and the order of the acoustic model
LG exceeds 1 the system will always be over-determined
prohibiting an exact solution. Furthermore, the system
length LH cannot be used to reach an under-determined
case. As a rule of thumb: For LG > 1 and independent of
LH an exact solution can be guaranteed once the number
of microphones is at least twice the number of sources.

Remarks. The filters Gm,n are estimated by Ĝm,n us-
ing the NLMS algorithm as in Eq.(6). Changing the
RTF-Estimates Ĝm,n for one speaker means a rank-Lc
change in G and a rank-2Lc change in GHG, respec-
tively GGH . Although the efficient implementation was
beyond the scope of this study, efficient solutions for up-
dating the pseudo-inverse exist [8-10]. For instance, rank-
Lc changes may be split into rank-1 or rank-2 changes
and applied iteratively.
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Figure 3: Cancellation gain XCG2,1(k) of driver into the
co-driver’s output for 2 × 2 (overdetermined), 2 × 4 (undert-
ermined) GSC and DF system.

Experimental Setup

The two systems, GSC and DF, have been MATLAB sim-
ulated with different (N,M,LG, LH)-configurations. The
Mouth-Enclosure-Microphone impulse responses stem
from real in-car measurements (960 taps, 60 ms, 16 kHz).
After convolving the source signals and impulse re-
sponses, spatially and spectrally white background noise
has been added to the signals to obtain an SNR of
≈ 40 dB. The sub-band processing uses an FFT of size
NFFT = 512 with Hann window and a frameshift of
R=128 samples. The estimation of Gm,n uses the NLMS
algorithm (Eq.6) with a common base step size of µ0 =0.1
for all sub-bands (except Fig.(3) where µ0 =1 was used).
It is assumed that the speech activity periods are known
for each speaker so the stepsize µ(k) can be controlled to
update the respective adaptive filters during single talk
periods only. Diagonal loading has been applied prior
to any matrix inversion. For this study LG = LH was
chosen1.

The performance metric to evaluate the described sys-
tems is defined as the ratio of speaker related signal terms
in input xm,n(l) and output ym,n(l), averaged over all
time samples l of one frame k.

XCGm,n(k) = 10 · lg


NFFT−1∑
l=0

‖xm,n(l+kR)‖2

NFFT−1∑
l=0

‖ym,n(l+kR)‖2

 (14)

E.g. XCG2,3(k) corresponds to speaker 3 in microphone
2 and output 2. Best case values are XCGm,n(k) = 0
dB for an undistorted signal and ∞ for perfect crosstalk
cancellation. Averaging of 20 frames is used to smooth
the curves. Systems are characterized as N×M systems,
e.g. 2× 4 equals 2 speakers into 4 mics.

Temporal Behavior

At first the GSC and the DF system are compared in
terms of their temporal cancellation performance. Here,
the filter length LG =LH =6 is used.

1Note that this must not be the case. In particular, it may
be considered to choose LH < LG in order to provide accurate
acoustical modeling and to implement these constraints by means
of a large M .
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Figure 4: Cancellation gain XCG of rear-right passenger into
the driver’s output for 4×M systems, GSC, DF.

2×2 and 2×4 Systems. In Fig. (3) XCG2,1(k)
(cancellation of the driver speech in the co-driver’s
output) is depicted for both systems. It can be seen that
the cancellation gain in the DF system (orange curve)
rises with the driver activity and remains stable for the
rest of the simulation. Once a speaker and its related
RTFs have been estimated, this information is stored in
the constraint matrix: ”what has been learned is kept
in mind”. In the GSC system, XCG2,1(k) (blue curve)
shows a similar behavior during driver activity. Once
the co-driver becomes active, however, the performance
degrades because the blocking filters change which
makes the interference canceler filters lose optimality.

4×M Systems. From the 12 cancellation gains, that
have to be tracked in systems with 4 speakers and M
microphones, XCG1,3(k) (rear-right passenger cancella-
tion in driver output) is chosen exemplary in Fig.4. As
in 2×M systems, XCG is highly time-varying for the
GSC, although with temporarily better values than the
DF system. In this example the degradation is caused by
the interference canceler filters that ”switch” from one
interferer to another. As can be seen, the DF systems
also show a slight dependency on the speaker situation
(”steps”) but do yield a cancellation gain greater than 0
dB. However, the best overall values are achieved in the
case of the underdetermined 4×8 system.

Filter Length

To analyze the effect of the filter length on the cancella-
tion performance the average cancellation gain after full
convergence of all filters is used for comparison. The
curves in Fig. (5) demonstrate this influence for LG =LH

in a 2×2 system.

It can be seen that the achieved cancellation gain in-
creases with filter lengths smaller than 10 and saturates
afterwards. A filter length of around 10 taps corresponds
well with the equivalent acoustic filter length LG = 7.5
and the number of blocks per frame (512/128 = 4). The
Direct Form system achieves similar gains as the GSC.
In this particular example even somewhat higher gains
can be observed compared to GSC.

Finally, the same simulated speaker sequence as in the
previous section is used (every passenger speaks one after
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Figure 5: Influence of the filter length LH for DF and GSC
System on the cancellation gain.

another and finally all 4 speakers speak simultaneously)
to give an overview on the differences for 4×M systems.
Here, each cancellation gain (XCG1,2(k) . . .XCG4,3(k))
is averaged during the multi-talk situation at the end of
the sequence. The resulting 12 values are concentrated
in a box-and-whisker plot in Fig.(6) (min, 1-st quartile,
median, 3-rd quartile, max).
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Figure 6: Box-and-whisker plot of the achievable cancella-
tion gain for different 4×M systems, L=LG =LH = 1...3.

As can be seen from Fig.(6), increasing the filter-length
is beneficial for both GSC and DF. The main difference
between both systems becomes obvious when compar-
ing their median values. Here, the DF-system achieves
higher values than the GSC. The only exception is the
determined 4×6-system with L= 2. The reason for this
effect is a worse matrix condition as for the under- or
overdetermined systems2. The DF-system also achieves
better results in terms of variance indicating that the
ability to memorize RTFs pays off and leads to more
consistent results. The GSC on the other hand achieves
higher maximum cancellation gains. This can be at-
tributed to the fact that this system always uses all inter-
ference canceler filters to minimize the current crosstalk.
Fig.(6) also shows that underdetermined LCMV systems,
e.g. 4×8, L=2 and L=3 show the best performance.

2As can be shown experimentally, depending on the RTFs, a
high condition number is more likely to occur for determined sys-
tems.

Conclusion

The study addressed speech signal separation in a multi-
speaker and multi-microphone scenario. The achievable
crosstalk cancellation gain of an MVDR system in GSC
structure has been compared to that of a Direct Form sys-
tem with explicit constraints. The GSC system achieves
considerable cancellation gains but crosstalk cancellation
depends strongly on the temporal speaker sequence. The
system adapts to a ”local” minimum. The Direct Form
system has proven its potential for signal separation. It
allows for a wide range of constraint configurations (num-
ber M of microphones or tap lengths LG and LH). It op-
timizes an ”overall” cancellation gain. The Direct Form
system memorizes the acoustic environment and thereby
leads to more consistent results than the GSC.
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