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ABSTRACT

We propose a new multi-microphone noise reduction technique
for binaural cue preservation of the desired source and the inter-
ferers. This method is based on the linearly constrained minimum
variance (LCMV) framework, where the constraints are used for the
binaural cue preservation of the desired source and of multiple inter-
ferers. In this framework there is a trade-off between noise reduc-
tion and binaural cue preservation. The more constraints the LCMV
uses for preserving binaural cues, the less degrees of freedom can be
used for noise suppression. The recently presented binaural LCMV
(BLCMYV) method and the optimal BLCMV (OBLCMYV) method re-
quire two constraints per interferer and introduce an additional inter-
ference rejection parameter. This unnecessarily reduces the degrees
of freedom, available for noise reduction, and negatively influences
the trade-off between noise reduction and binaural cue preservation.
With the proposed method, binaural cue preservation is obtained us-
ing just a single constraint per interferer without the need of an in-
terference rejection parameter. The proposed method can simultane-
ously achieve noise reduction and perfect binaural cue preservation
of more than twice as many interferers as the BLCMYV, while the
OBLCMYV can preserve the binaural cues of only one interferer.

Index Terms— Binaural cue preservation, LCMV, noise reduc-
tion.

1. INTRODUCTION

Multi-microphone noise reduction [1, 2] is of significant importance
for hearing aids. The availability of multiple microphones per hear-
ing aid results in potentially more noise suppression and a better
speech intelligibility [3], than with single-channel algorithms, e.g.
[4]. Apart from noise suppression, it is also important to preserve the
binaural cues of both desired and noise sources. A binaural hearing-
aid system consists of two collaborative hearing aids, usually with
multiple microphones each. The collaboration between the hearing
aids can be exploited to preserve the binaural cues and increase the
amount of noise suppression.

A popular multi-microphone noise reduction technique is the
multi-microphone extension of the Wiener filter [5], also known as
the multi-channel Wiener filter (MWEF) [6]. In [7], it was shown that
the MWEF perfectly preserves the binaural cues of the desired source,
but distorts the ones of the interferers. Several multi-microphone
noise reduction techniques that aim at simultaneous noise reduc-
tion and binaural cue preservation have been proposed in the liter-
ature [7-12]. Binaural cues are defined by the interaural level differ-
ences (ILDs) and the interaural time differences (ITDs) [8].

In [10], a variation of the MWEF is proposed, which preserves
the ITDs and ILDs of the desired source, but only partially preserves
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binaural cues of the interferers [8, 10]. More specifically, the method
uses a trade-off parameter, which allows a portion of the noise to re-
main unprocessed in the final enhanced signal by mixing in a portion
of the original noisy signal. The larger the portion of the unprocessed
noise is, the better the ITD and ILD preservation, but the less noise
reduction.

The binaural linearly constrained minimum variance (BLCMV)
method [11] preserves the ITDs and ILDs of the desired source as
well as multiple interferers. BLCMV consists of two beamform-
ers, one for each hearing aid, that reproduce the desired signal as
received by the reference microphones in each hearing aid by min-
imizing the noise power. Binaural cue preservation of interferers
is obtained by placing constraints on the acoustic transfer functions
(ATFs) of the interferers using a fixed interference rejection param-
eter which controls the amount of noise reduction. This implies that
two constraints are needed for each interferer for which the binaural
cues are to be preserved, i.e., a constraint for the right hearing aid
and a constraint for the left hearing aid.

The optimal BLCMV (OBLCMYV) [12] optimizes the inter-
ference rejection parameter, with respect to the binaural output
SNR, leading to better noise reduction. However, in contrast to the
BLCMY, this method can only preserve the ILDs and ITDs of the
desired source and one interferer. Both the BLCMV and OBLCMV
consist of two LCM V-based optimization problems using the record-
ings of all microphones of both hearing aids.

Both the BLCMYV and OBLCMYV depend on the interference re-
jection parameter and can simultaneously achieve noise reduction
and binaural cue preservation of M — 2 and 1 interferers, respec-
tively, where M is the total number of microphones of both hearing
aids. Both algorithms are characterized by the fact that for each in-
terferer for which binaural cues are to be preserved, two constraints
are introduced. As we show, this unnecessarily reduces the degrees
of freedom, for noise reduction, in the optimization problem.

In this paper we present a different LCMV-based approach,
where the degrees of freedom available for noise reduction is in-
creased by spending only one constraint per interferer. As a result,
the proposed method does not depend on the interference rejection
parameter. The proposed method can simultaneously achieve noise
reduction and binaural cue preservation of up to 2M — 3 interferers.
The proposed algorithm has two advantages: a) more degrees of
freedom, resulting in more sources for which binaural cues can be
preserved and b) no need to predefine or optimize an additional
interference rejection parameter.

2. SIGNAL MODEL AND NOTATION

The collaborating hearing aids are assumed to consist of M = My +
Mpr microphones in total, where M and Mg are the number of
microphones of the left and right hearing aid, respectively. With-
out loss of generality, we assume My = Mpg. In this paper the



signals are processed on a frame-by-frame basis in the frequency
domain. However, time-frame indices are neglected for notational
convenience. Further, let w denote the frequency variable. The M-
element microphone array acquires the emitted sounds from one de-
sired source, S(w), and r interferers, U;(w), ¢ = 1,---,r, each
placed at a potentially different location. Let X;(w) = A;(w)S(w)
and N;;(w) = Bi;(w)Ui(w) be the received desired source and
received i-th interferer, respectively, at the j-th microphone with
Aj(w) and B;;(w) being the corresponding ATFs. The j-th micro-
phone Fourier coefficient, Y; (w), is given by

Vi(w) = Xj(w) + > Nij(w) + Vi), j=1,---,M, (1)
=1

where Vj(w) is additive uncorrelated noise. In the remainder of the
paper, the frequency variable, w, is omitted to simplify the notation.
Using a stacked vector notation, i.e., Y = [Y7,--- ,YM}T, Eq. (1)
can be written as

T
Y=X+) Ni+V, 2
i=1

where X, N; and V are the vector representations of the X;, N;;, V;
(for j = 1,---, M) components, respectively. Note that X = AS
and N; = B,;U;, where A € CM*! and B; € CM*! denote the
vectors containing the ATFs of the desired source and the ¢-th inter-
ferer, respectively. Note also that the cross power spectral density
(CPSD) matrix of X is given by

Px = E[XX"] = PsAA", 3)

where Ps = E|[|S|?] is the power spectral density (PSD) of S.
Similarly, the CPSD matrix of N; is given by

P, = E[NuN{'] = Py, B;BY, “)

where Py, = E[|U;|?] is the PSD of U;. Without loss of generality,
we assume that Vj (w) is spatially uncorrelated white Gaussian noise

(WGN) with variance af-, ando; = o0 > 0,forj =1,--- , M.
Therefore, the CPSD matrix of V is given by

Py = E[VV"] =¢’L, )
where I € RM*M s the identity matrix. Assuming that all sources

and the additive uncorrelated noise are mutually uncorrelated, the
CPSD matrix of Y is given by

Py :PX‘FZPNi + Pv, (6)

i=1

P
where P is the CPSD matrix of all disturbances and is of full rank.

3. PROBLEM STATEMENT

Let us denote the first and M -th microphone as the reference mi-
crophones for the left and right hearing aid, respectively. Hence,
YL =Y1, X = X1,AL = A1, Bip, = Bit, N = N1, VL. = Wi
are the reference Fourier coefficients of the left hearing aid. Sim-
ilarly, the corresponding reference Fourier coefficients of the right
hearing aid are denoted with subscript R. Binaural beamforming
can now be formulated by having two different spatial filters, W,
and W R, applied to the left and right hearing aid, respectively. Each
filter produces a different output given by

Xr=wlY and Xp=wEY. @)

3.1. LCMV

As the proposed method is based on the LCMV framework, we
briefly summarize its main aspects. The LCMV problem is given
by [13,14]

W = arg min wiPwst Afw = f, ®)

where the constraint matrix A € C™*? and d is the number of

constraints. In Secs. 3.2, 3.3 and 4, w denotes w, or Wg or the
concatenation of these two (the actual meaning of W is clear from
the context). Without loss of generality, we assume that A has full
rank. There are then three interesting cases:

1. If d < M, the feasible set {w : A¥w = f} has infinitely
many solutions and the problem of Eq. (8) has a closed-form
solution given by [14]

-1
w=P'A(A"PTA) F. ©)
Note that in this case there are M — d degrees of freedom left

for noise reduction.

2. If d = M, the feasible set has one unique solution given by
w = (A")7'f. (10)

In this case, there are no degrees of freedom left and, thus, w
is unable to control the suppression of noise.

3. Ifd > M, the feasible set is empty and the problem of Eq. (8)
cannot be solved.

Therefore, in order to achieve noise reduction, the matrix A has to be
“tall” (i.e., d < M). Generally, the larger M — d, the more degrees
of freedom can be devoted to noise reduction.

3.2. BLCMV

BLCMV [11] aims to preserve the binaural cues of the desired source
and b (b < r) interferers, where r is the number of all present inter-
ferers (see Sec. 2). It estimates w and w& by solving two indepen-
dent LCMV optimization problems; one for each hearing aid. The
LCMV problem of the left hearing aid is given by

. H . H
wr = argminwy Pwp
wL
H

s.t. WLA:AL

WfBl = ’I7LB1L, ey WfBb = nLBbL. (11)

The LCMYV problem of the right hearing aid has a similar form. In
both LCMV problems, the constraints wZ A = Ay, and wEA =
AR preserve the binaural cues of the desired source, while the con-
straints wiB; = n;B;, and wEB; = ngBig, fori = 1,...,b,
preserve the binaural cues of the b interferers. 7y, and ngr are pre-
defined (9, nr < 1) real-valued interference rejection parame-
ters, which control the noise reduction of the interferers. A nec-
essary condition for binaural cue preservation of the interferers is
n =nr = Nr [12]. Eq. (11) can be reformulated compactly as

W, = arg min WwaL s.t. AHWL = fr, (12)
wr,

where
B,] € CM* (Y, (13)

mBy] € CTY (14

A=[A B

£ = [AL nLBiL



As explained in Sec. 3.1, A should be “tall” (M > b+ 1) to al-
low noise reduction. The least “tall” A has dimensions M x (M —1),
where one of the columns is dedicated to the desired source. There-
fore, the maximum number of columns that can be dedicated to
binaural cue preservation of interferers is M — 2. Consequently,
BLCMV can simultaneously achieve noise suppression and binaural
cue preservation of at most bmax = M — 2 interferers.

3.3. OBLCMV

OBLCMYV can preserve the binaural cues of the desired source and
only one interferer (i.e., bmax = 1), say, the k-th interferer, where

k € {1,...,r}. Consequently, OBLCMV solves the two LCMV
problems of BLCMV where A and ff, f& are given by [12]
A=[A B;]ecC" (15)
ffl = [AL ULBkL] eC'*? (16)
and
fF = [Ar nrBrr] € C'*2 (17)

Unlike BLCMYV, in OBLCMV 7 and nr are complex-valued.
OBLCMYV estimates n = nr = mgr such that the binaural output
SNR (defined in Sec. 5.2.2) is maximized. Note also that the matrix
A has dimensions M X 2 and, therefore, there are M — 2 degrees
of freedom left that can be devoted to noise reduction.

4. PROPOSED METHOD

Instead of solving the problem of Eq. (11) and the corresponding
problem for the right hearing aid separately, the proposed method
has the advantage of solving them jointly, without the need to in-
troduce 7z, and nr. Preserving binaural cues of the i-th interferer
implies that the following constraint has to be satisfied

H
wrBi  Bip

= 18
wiB, = B (18)

which can be reformulated as:
WfBiBiR — WgBlBlL =0. (19)

By using this unified constraint, the total number of constraints ded-
icated to binaural cue preservation of interferers is reduced by a fac-
tor of 2 (compared to (O)BLCMV). Therefore, for a given number
of interferers, more degrees of freedom can be devoted to noise re-
duction. The proposed method thus solves the following problem

L H . H . H H
wr,Wr = argminwyPwp +wipPwpg
WL, WR
H
s.t. wrA=AL

ng = AR

WgBlBlR — W§B1B1L =0

W?BbBbR — WngBbL =0. (20)

Let w" = [W[, W ]. The above problem can then be written as
W = arg min wiPwst Afw = f, 21

where

5_ (PO 2M x2M
P [0 P} ecC , 22)

_|A 0
|0 A
and

B.Bir
—B1B11

B2Bar
—B2Bs>y,

ByBir

A
—ByByr

(23)

f7—[AL Ar 0 0 0] e CEH (24

where A € C2M*(2+b)  Ag explained in Sec. 3.1, if matrix A is
“tall” (i.e., 2M > 2 + b), the proposed method can, simultaneously,
achieve noise reduction and binaural cue preservation of up to bmax =
2M — 3 interferers. For instance, if M = 4, the proposed method
can achieve noise reduction and preserve the binaural cues of bm.x =
2M — 3 = 5 interferers, while BLCMYV can preserve the binaural
cues of only bmax = M — 2 = 2 interferers, and OBLCMV can
preserve the binaural cues of bm.x = 1 interferer.

5. EXPERIMENTS

We compare the proposed method with BLCMV and OBLCMYV in
simulation experiments using a target speech signal degraded by sev-
eral additive point noise sources. We study performance in terms of
noise reduction and binaural cue preservation as a function of simul-
taneously present interferers.

5.1. Experiment Setup

Fig. 1(a) shows the top-view of the experimental setup. Two virtual
hearing aids (’+’) are used. The center of the head is at the origin,
(0,0). Each hearing aid consists of a linear array (in the direction of
the y-axis) of two omnidirectional microphones (i.e., My = Mg =
2) having a distance of 1.2 cm. The distance between the two hearing
aids is 20 cm. There is one desired talker at 135 degrees, denoted
by ’o’. Experiments are performed as a function of the number, r
(1 < r < 5), of simultaneously present interferers. Two of the
interferers are speech shaped white noise (at 15 and 105 degrees)
denoted by x and three are WGN sources (at 45, 75, 165 degrees)
denoted by "x’ markers. In Fig. 1(a), next to each interferer, a set of
r-values is indicated. For instance, the interferer with the set {4, 5}
is present for » = 4,5. All sources have a duration of 24 seconds
and are located 1 m from the origin. In this initial work, we ignore
the presence of the head of the user, i.e., we consider a free-field and
near-field acoustic situation.

To model microphone self noise, WGN is added to each mi-
crophone at an SNR of 50 dB with respect to the desired source
measured at the microphones. The total average binaural input
SNR (defined in Sec. 5.2.2) for r = 1,...,5 is —9.1, —18.9,
—21.4, —21.9, —23.3 dB, respectively. The sampling frequency
is 16 kHz. The enhancement is performed using the overlap-and-
add analysis/synthesis method [15] with 50% overlap and using a
square-root-Hann window for analysis and synthesis. Matrix P is
calculated from the true ATFs of the r interferers and the estimated
PSDs, using Welch’s method, of all disturbances. Note that each of
the three compared methods has a different byax. All methods are
tested using b = bmax, if bmax < 7, otherwise, they are tested using
b = r. The BLCMYV algorithm is tested for n = 0.1 and 0.001. The
former value was used in [11] in order to mitigate possible artifacts
from estimation inaccuracies. In the present paper, we also tested
the latter value which enables BLCMYV to achieve even higher noise
reduction and better ILD preservation than with n = 0.1.

5.2. Performance Evaluation

In this section we specity the used performance measures, which are
based on [8, 12]. These measures are averaged over all frequency
bins and frames. Moreover, ITD and ILD errors are averaged over
all present interferers.
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Fig. 1. Locations of sources and microphones (a), average SNR gain over all frequencies and frames (b), average ILD error over all frequencies
and all interferers that are present (c), average ITD error over all frequencies and all interferers that are present (d). In (a), * and ’x’ denote
speech shaped white noise and WGN interferers, respectively, "o’ denotes the desired talker source and ’+ denote the microphones.

5.2.1. ITFs, ITDs & ILDs

The input and output interaural transfer functions (ITFs) of the de-
sired source are given by [8]
X L A L

ITFy = &L = =L
X7 Xr  Ar

wiIX wlA

and ITFY' = = )
* T WX T whA

(25)

The input and output interaural level differences (ILDs) are the
squared magnitudes of the input and output ITFs, respectively. That
iS, . .

ILD = [ITF|*> and ILDY' = [ITFY'|>. (26)
The input and output interaural time differences (ITDs) are defined
as the phases of the input and output ITFs, respectively. That is,

ITD% = ZITFx and ITDY = ZITFX. 7
Preservation of binaural cues implies
ITFy = ITFY', ILD% =ILDY', ITD% =ITDY.  (28)

Note that ITF = ITFY, implies preservation of the ILDs and ITDs.
The preservation errors of the ILDs and ITDs are given by

XL (29

ou in IT])Uut — ITD
ERipy = [ILDY" — ILDY|, ERmpy = %

where ERirpy € [0, 1]. Similar expressions can be defined for each
interferer by replacing X with N;, .S with U; and A with B;.

5.2.2. SNR measures
The binaural input SNR is defined as [12]

T T
in e;Pxer +erPxer
SNR™ = 101 dB 30
Olog.o ( eTPey + eLPer ’ (30)
where eI = [1,0,---,0] and el = [0,---,0,1]. The binaural

output SNR is defined as

H H
wr, Pxwr + wp Pxwr

SNR™ = 1()10g10( > dB. (3D

wiPw, + wHPwp

The binaural SNR gain is then defined as

SNR&" — SNR™ — SNR™ dB. (32)

5.3. Results of Experiments

The proposed algorithm and reference algorithms are compared with
respect to the average binaural SNR gain (Fig. 1 (b)), average ILD
errors (Fig. 1(c)) and average ITD errors (Fig. 1(d)) as a function
of the number of the present interferers, . Note that all methods
preserve the ILD and ITD of the desired source, since the two con-
straints, w2 A = Ap and wZ A = Ay, guarantee ITFx = ITFY.
The figure curves showing this are left out due to space limitations.
As was stated in Secs. 3 and 4, the proposed method can simultane-
ously perform noise suppression and preserve the binaural cues of
a maximum 2M — 3 interferers, while the BLCMV and OBLCMV
algorithms preserve the binaural cues of up to only M —2 and 1 inter-
ferer, respectively. It is clear from the results in Figs. 1(b), (c) and (d)
that with M = 4 microphones, the proposed method is capable of
preserving the binaural cues of 2/ — 3 = 5 interferers and achieve
noise reduction, while the BLCMV and OBLCMYV can preserve the
binaural cues of only M — 2 = 2 and 1 interferers, respectively. The
noise reduction performance (see Fig. 1(b)) of the proposed method
and BLCMV for n = 0.001 is similar, while OBLCMYV achieves
slightly better noise reduction for r > 3.

6. CONCLUSION

A new multi-microphone LCM V-based noise reduction technique is
proposed, which jointly estimates the left and right beamformers of
the two hearing aids. We showed that the proposed approach can
simultaneously perform noise suppression and preserve the binaural
cues of 2M —3 interferers. This means that, unlike existing methods,
the proposed method can preserve the binaural cues of more inter-
ferers than the number of microphones, while still achieving some
noise reduction. Notice that a similar strategy to preserve the binau-
ral cues in combination with a MWF has been proposed in [16] upon
submission of the current paper.
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