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Abstract—Microphone arrays are widely used for speech
enhancement applications. We consider the enhancement of mul-
tiple desired speakers in a noisy environment while utilizing the
Relative Transfer Function (RTF) approach for the beamformer
realization. When beamforming operation relies on an estimated
RTF, it produces a signal with reduced noise compared to the
signal received by some reference microphone associated with
the RTF, while maintaining its speech component undistorted.
The reference microphone is usually chosen as the microphone
with the highest Signal-to-Noise Ratio (SNR). For large arrays,
in a multiple desired speaker environment, there is no single
reference microphone which maximizes SNR for all desired
speakers. The commonly used RTF technique may result in
compromised performance for one or more desired speakers.
Here, we propose an alternative scheme that considers multiple
reference microphones. Each reference microphone is associated
with a single desired speaker such that it maximizes its input
SNR, in comparison to other array microphones. We show that
by this technique, the beamformer maintains the desired noise
reduction without compromising SNR for any of the desired
speakers. We present analytical analysis for a 2 microphone
array in free-field propagation for far-field sources. Based on this
analysis some design criteria are derived and finally evaluated
both in synthetic and recorded room environments.

I. INTRODUCTION

New arising applications in the fields of speech recognition,
VOIP and cellular communication present new challenges for
speech enhancement algorithms. Targeting applications in the
domains of smart home, fitness and medicine, we encounter
severe noise conditions in highly dynamic environments. As
technology advances and deployment of microphone arrays
becomes common, multichannel processing, and beamforming
techniques in particular, are utilized.

Commonly used beamforming designs optimize the Mini-
mum Variance Distortionless Response (MVDR) criterion [1],
which minimizes the noise power at the output, while main-
taining the desired speech signal undistorted. Many audio
capturing applications, such as teleconferencing, surveillance
and broadcast, require transmission of multiple desired speech
sources simultaneously. For these applications, the multiple
constraints extension of the MVDR, known as the Lin-
early Constrained Minimum Variance (LCMV) beamformer,
is used [2], [3].

For a beamformer design, the desired source Acoustic
Transfer Function (ATF) is required. It reflects the source
spatial properties, as its position, and characterizes the acoustic
setup with no dependency on the emitted signal. Estimation

of the ATF may be a complex task as it requires the emitted
signal as reference, which in many real life scenarios may not
be applicable. It has been proposed to estimate the Relative
Transfer Function (RTF) instead [4]. The RTF technique relies
only on the observed signals received by the microphones, thus
applicable in practice. Different RTF estimation techniques
are available and are shown to perform well in various noise
environments and various array geometries [5]–[7]. However,
all RTF estimation techniques require a choice of a reference
microphone. The reference microphone is usually chosen as
the microphone with the best input Signal-to-Noise Ratio
(SNR) [8].

When beamforming operation relies on an estimated RTF,
it produces a signal with reduced noise compared to the signal
received by the reference microphone, while maintaining its
speech component undistorted. In a multiple desired speakers
scenario, for distributed microphone arrays systems or mi-
crophone arrays with large apertures, the traditional approach
of using a single reference microphone for all desired RTFs
may result in reduced output SNR for one or more desired
speakers. This occurs when one or more desired speakers
are distant from the chosen reference microphone. In the
described scenario, the distant sources will maintain the power
as received by the reference microphone, instead of producing
a higher level signal by choosing the nearest microphone as
reference.

In the following, we describe an alternative scheme that
considers multiple different reference microphones for the
estimated RTFs, instead of a single, shared microphone. We
denote it by the Multi Reference LCMV (MR-LCMV). Each
reference microphone is associated with a single desired
speaker such that it maximizes its input SNR. We show
that by this scheme the beamforming reduces noise without
compromising the output speech levels for anyone of the
desired speakers.

We present analytical analysis for a two microphone array
in free-field for far-field sources, based on which, design
guidelines for the MR-LCMV beamformer are derived. The
proposed MR-LCMV is then analyzed in a simulated room
environment as well as in office environment relying on real
recorded data. It is evaluated in comparison to the traditional
LCMV, considering SNR improvement, distortion and White
Noise Gain (WNG) [9].

The paper is organized as follows. The multiple desired
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speakers problem is formulated in Section II and the traditional
LCMV, which utilizes the RTF techniques, is described in Sec-
tion III. The proposed MR-LCMV is presented and analyzed
in Section IV. It is evaluated and compared to the traditional
LCMV in Section V.

II. PROBLEM FORMULATION AND NOTATION

Consider S desired speech signals propagating in a rever-
berant enclosure on an M element microphone array. The
received signal is contaminated by additive noise comprising
any combination of a point source, diffuse and spatially white
noises.

Let

x(`, k) =
[
x1(`, k) x2(`, k) · · · xM (`, k)

]T
(1)

be the M dimensional Short Time Fourier Transform (STFT)
domain representation of the stacked received microphones
signals vector in time-frame ` and frequency bin k. The
operator (·)T denotes transpose.

The received signal x(`, k) can be decomposed into:

x(`, k) =

S∑
i=1

hi(k)si(`, k) + v(`, k), (2)

where si(`, k) is the speech signal of the ith speaker, hi(k) is
the corresponding ATF vector to each of the array microphones
and v(`, k) is the noise vector, for i = 1, . . . , S.

The problem at hand is to design a beamformer w(`, k),
such that the output signal

y(`, k) = wH(`, k)x(`, k), (3)

with operator (·)H denoting conjugate-transpose, maximizes
SNR for all S desired sources, while maintaining distortionless
response for all. In the following, time-frame and frequency
bin indices are omitted for brevity.

III. TRADITIONAL SOLUTION AND PROBLEM STATEMENT

A commonly used technique to address the problem of
multiple desired speakers enhancement in noisy environment
is the LCMV beamformer [1], defined as:

wLCMV = argmin
w

wHΦvw s.t. CHw = g (4)

where

C =
[

h̃1 h̃2 · · · h̃S
]

(5)

is the M × S constraints matrix consisting of the desired
sources RTFs [4], such that h̃i = hi

hr
for i = 1, . . . , S and

r ∈ {1, . . . ,M} is the index of the reference microphone,
traditionally chosen as 1 or as the microphone with the best
input SNR. The vector g =

[
1 1 · · · 1

]T
, of length S,

is the corresponding constraints vector and Φv is the spatial
noise coherence matrix.

The well known closed form solution to (4) is given by [1]:

wLCMV = Φ−1v C
(
CHΦ−1v C

)−1
g. (6)

The RTF based LCMV beamformer maintains distortionless
response towards the desired speech components as received
by the reference microphone. When considering distributed
microphone array systems or arrays with large apertures, the

signal received by the reference microphone might not be
optimal for all desired speakers in terms of SNR, that is, with
reduced power of the speech component. This is expected, for
example, in a diffuse noise scenario, for near field sources,
when one of the desired speakers is positioned closest to some
microphone m ∈ {1, . . . ,M} \ {r}. This results in reduced
SNR for that speaker at the beamformer output.

IV. PROPOSED SOLUTION

To maximize the output SNR for all desired speakers, while
exploiting the important properties of RTFs and RTF based
beamformers [7], we propose the use of multiple reference
microphone, such that h̃i in (5) becomes:

h̃i =
hi
hri

, (7)

where ri ∈ {1, . . . ,M} is the index of the microphone
with the maximal input SNR for speaker i. The proposed
MR-LCMV approach assures that the power of all desired
speech components is maximized at the output of the beam-
former.

In this section we provide analytical analysis of the
MR-LCMV WNG in the simple case of M = 2 microphones
for S = 2 far-field sources in free-field propagation and spatial
white noise, that is Φv = I, where I is the identity matrix of
dimension M .

While this scenario doesn’t require the multi reference
approach, as all desired speech signals are impinging with
the same power on all microphones, as will be shown here,
it will drive guidelines for the design criteria of the proposed
MR-LCMV. Those will be verified in next sections in near
field reverberant enclosure.

A. Problem Formulation for Analytical Analysis
Consider the 2 sources impinging on the 2 element micro-

phone array from angles θ1 and θ2. Array interspacing is d
meters, as depicted in Fig. 1.

The ATF for some frequency bin k, sampling frequency fs
and STFT resolution K, is given by:

hi =

[
exp(−j2π kfsK τi)

exp
(
−j2π

(
kfs
K τi + d

λk
cos (θi)

)) ] , (8)

where τi is the propagation time from source i to the first mi-
crophone, λk = Kc

kfs
is wavelength corresponding to frequency

bin k and c is the velocity of sound.

mic2 mic1
d

θ1
θ2

Fig. 1: 2 elements microphone array in free-field configuration
with 2 far-field sources.

Without loss of generality, we choose r = 1 for the
traditional LCMV beamformer and for the MR-LCMV, r1 = 1
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and r2 = 2. Considering (8), the LCMV and MR-LCMV
constraints matrices are

CLCMV =

[
1 1

exp(−jφ1) exp(−jφ2)

]
(9)

and

CMR-LCMV =

[
1 exp(+jφ2)

exp(−jφ1) 1

]
, (10)

respectively, with φi = 2πd
λk

cos (θi).

Substituting 9 into 6, with g =
[

1 1
]T

and Φv = I,
yields:

wLCMV =

[
1
0

]
, (11)

with ‖wLCMV‖2 = 1.
This is an expected result suggesting that the beamformer

output is in fact the reference signal x1. This, since the
problem imposes 2 constraints on a 2 microphone system
with the reference signal meeting both constraints, leaving no
degrees of freedom for noise minimization.

For MR-LCMV, the solution is not trivial. Neither of the 2
received signals, x1 nor x2, meets both distortionless response
constraints. Substituting 10 into 6, with some calculations,
yields:

wMR-LCMV =

1

∆

[
1− exp(+jφ1) + exp(+jφ2)− exp(−jψ)
1 + exp(−jφ1)− exp(−jφ2)− exp(−jψ)

]
(12)

where ψ , φ1 − φ2 and ∆ = 4 sin2 (ψ/2).
Unlike the LCMV case, for the MR-LCMV, the impact on

white noise is not trivial. The analysis of the MR-LCMV WNG
is provided next in Sec. IV-B.

B. WNG Analysis

The metric of a beamformer WNG, or equivalently the
beamformer norm, indicates its robustness and is many times
considered as an additional design criterion [10]. In the
scenario discussed here, that is for Φv = I, the WNG analysis
is three fold: 1) Robustness analysis of the MR-LCMV.
2) Analysis of the maximal gain that can be achieved for
spatial white noise (such as sensors noise). 3) Analysis of
the robustness upper bound of the MR-LCMV for any Φv.

By applying trigonometry identities, the norm of (12) can
be shown to be:

‖wMR-LCMV‖2 =
1

sin2(ψ2 )

[
1− cos(

ψ

2
) cos(φ2 +

ψ

2
)

]
(13)

and is depicted in Fig. 2 for d/λ = 0.28 for all θ1 and θ2
combinations.

From (13), interesting observations can be noted:
B.1 Close Direction Of Arrivals (DOAs) may cause an in-

creased beamformer norm:

lim
ψ→0,φ2 6=0

‖wMR-LCMV‖2 →∞. (14)

B.2 Broadside position for one of the sources induces unity
norm:

lim
φ2→0,ψ 6=0

‖wMR-LCMV‖2 → 1. (15)

Fig. 2: ‖wMR-LCMV‖2 in dB, for d/λ = 0.28 and various θ1, θ2.

B.3 Observing Fig. 2 it is clear that ‖wMR-LCMV‖2 depends on θ1
and θ2, with its minimum obtained when θ1 = π−θ2, that
is, when the two sources are positioned symmetrically
with respect to the array center.

Considering B.3, by substituting θ1 = π−θ2, or alternatively
ψ = −2φ2, into (13) it can be shown that in that special case
‖wMR-LCMV‖2 ≤ ‖wLCMV‖2 = 1 for

|cos (θ1) | = |cos (θ2) | ≤ 1

4

λ

d
, (16)

which implies that for d/λ ≤ 0.25, ‖wMR-LCMV‖2 ≤ 1
∀ {θ1, θ2|θ1 = π − θ2}.

This is an interesting observation, as it suggests that in the
discussed scenario, the MR-LCMV obtains some spatial white
noise minimization even for the fully determined constraints
linear system.

A more important observation is that, generally, the
MR-LCMV norm is not bounded, unlike that of the traditional
LCMV. This must be considered in the MR-LCMV design
criterion, as discussed next.

C. MR-LCMV Design Criterion

The traditional LCMV beamformer is designed according
to (4). In the scenario discussed in this sequel, it minimizes
the noise power output, while maintaining distortionless re-
sponse towards all considered sources. To consider numerical
robustness, additional constraint on the beamformer norm is
introduced, such that (4) becomes:

wLCMV = argmin
w

wHΦvw s.t. CHw = g, ‖w‖2 ≤ δ2

(17)

where feasible values for δ2 must satisfy [10]:

δ2 ≥ ‖q‖2, (18)

for

q = argmin
w

wHw s.t. CHw = g. (19)

Note that for the problem discussed in this section, that is
M = 2, S = 2, g =

[
1 1

]T
and Φv = I, ‖q‖2 coincides

with (13). The fact that (13) is not bounded suggests that
for the MR-LCMV beamformer it is possible that no feasible
values for δ2 exist and hence the norm cannot be controlled
and very high norm values may be experienced.
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To resolve this, we propose to adopt the soft constraints
approach proposed in [11]. There, weighting between the min-
imization term and distortionless constraint is applied to allow
better noise reduction at the expense of a perfect distortionless
response. Considering that, we propose the design criterion of
the MR-LCMV beamformer to be:

wMR-LCMV = argmin
w

wHΦvw+µ|CH
MR-LCMVw − g|2

s.t. ‖w‖2 ≤ δ2, (20)

where µ ≥ 0 is a weighting factor. Note that for µ =∞, (20)
becomes (17).

To choose the value for µ, consider:

qMR-LCMV (µ) = argmin
w

wHw + µ|CH
MR-LCMVw − g|2, (21)

with the closed form solution:

qMR-LCMV (µ) = µ
(
I + µCMR-LCMVC

H
MR-LCMV

)−1
CMR-LCMVg. (22)

Note that ‖qMR-LCMV (µ) ‖2 ≤ ‖wMR-LCMV‖2 ∀δ2 and acts as the
lower bound for δ2.

Also, noting that ‖qMR-LCMV (µ) ‖2 monotonically increases
with µ, µ can be obtained as µ = µmax by solving

‖qMR-LCMV (µmax) ‖2 = β2 (23)

for 0 ≤ β2 ≤ δ2.

V. EXPERIMENTAL RESULTS

In this section we evaluate the proposed MR-LCMV method
and compare it with the traditional LCMV. The section is
divided into two parts as follows: In section V-A we simulate
an Audio Visual (AV) conference room, and compare between
the traditional LCMV and the proposed MR-LCMV under spa-
tially white and diffuse noise fields, for two desired speakers.
In section V-B, real room recordings are taken for two real
speakers and the two approaches are compared.

A. Simulated Environment

To evaluate the proposed MR-LCMV method, an AV
conference room is simulated with the Room Impulse Re-
sponse (RIR) simulator [12]. The room dimensions are
6m× 4.8m× 3m with reverberation time of 355 milliseconds.
A Uniform Linear Array (ULA) consisting of 5 microphones
and 0.5m interspacing is considered. Two speakers are sitting
symmetrically at a distance of 1.5m from array center at
θ1 = 20o and θ2 = 160o, for speaker 1 and speaker 2,
respectively, as shown in Fig. 3.

For the traditional LCMV, the reference microphone was
selected as r = 1, that is the microphone closest to speaker
1, marked with a blue circle in Fig. 3. For the MR-LCMV,
the reference microphone for speaker 1 remains r1 = 1 and
for speaker 2, r2 = 5 is chosen, as marked with blue and red
circles in Fig. 3, respectively. The RTFs were estimated using
the eigenvalue decomposition (EVD) based method [13].

The simulation was repeated for two types of noise fields:
spatially white and diffuse noise fields, with input SNRs
of 30 dB and 20 dB respectively, measured on x1. The
diffuse noise was generated using the diffuse noise simulator
from [14].

0 1 2 3 4 5 6
0

1

2

3

4
Mic 2-4

Mic 1

Mic 5

Speaker 1

Speaker 2

Fig. 3: Simulated conference room.

The STFT parameters was chosen to be K = 1024,
overlap of 25% and Hamming analysis window. For the norm
constraint, we chose δ2 = 15 dB for both algorithms, and for
the MR-LCMV, β2 = 3 dB.

The output SNR for each speaker and the normalized
distortion energy [11] of speaker i, defined as

Jd (w, i) = |wHhi − 1|2, (24)

were measured for both scenarios. The results are summarized
in Table I. It can be seen that for speaker 2, with the
MR-LCMV, we gain approximately 5 dB. This is achieved by
maintaining the power of its speech component as received
in x5. The tradeoff here is mainly in the output SNR of
speaker 1, which is reduced by approximately 2 dB. This
reduction is associated with the amount of noise reduced by
both techniques. As to the distortion, for the traditional LCMV
Jd (wLCMV, i) = −∞ ∀i, as it solves (17). Some distortion is
measured for the MR-LCMV, but it still remains very low.

TABLE I: Simulated environment: Comparison between
LCMV and MR-LCMV.

Traditional MR-LCMV
Noise Type Source 1 Source 2 Source 1 Source 2

White 38.2 31.5 36.3 36.3
SNR [dB] Diffuse 28.1 21.3 25.9 26.0

White −∞ −∞ −100.2 −105.3
Jd [dB] Diffuse −∞ −∞ −63.5 −66.7

To visualize the difference between the two methods, we
consider the beampowers for both beamformers, as depicted
in Fig. 4. The wide-band beampower was created by averaging
over all frequencies, as suggested in [15]:

‖H(θ, r = 1.5m)‖2 =
1

K

K−1∑
k=0

‖wH(k)d(θ, r = 1.5m, k)‖2,

(25)
where d(θ, r = 1.5m, k) is the generated ATF from angle θ
and radius of 1.5 m and H(θ, r = 1.5m) is the corresponding
array response.

The beampower is generated by (25) for both the LCMV
and MR-LCMV and is normalized to have a maximum of 0
dB. Comparing Fig. 4(a) and Fig. 4(b) it can be seen that while
the proposed MR-LCMV algorithm maintains equal gain for
both desired speakers, the LCMV exhibits a 6 dB attenuation
of speaker 2 signal, relatively to speaker 1.

B. Conference Room Recorded Scenario

A distributed microphone array consisting of 2 ULAs dis-
tanced at 3m was placed in a large conference room. Each
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Fig. 4: Simulated environment: Beampower for (a) traditional
LCMV and (b) MR-LCMV algorithms calculated for diffuse
noise field.

ULA consists of 4 microphones with 1cm interspacing. A
point source interference was placed at 1m from the array
center, and an air conditioner was set to high mode. The input
signals x1 and x8 are depicted in Fig. 5a.

(a)

(b)

Fig. 5: Comparison between the traditional LCMV and
MR-LCMV for Conference Room Recorded Scenario: (a)
Input for channels x1 and x8 and (b) output.

The LCMV and MR-LCMV were designed with the same
parameters as in Sec. V-A, with the one change of r2 = 8. The
output signals of both the LCMV and the MR-LCMV algo-
rithms are depicted in Fig. 5. Viewing Fig. 5a and comparing it

to Fig. 5b, the MR-LCMV property of maintaining the desired
speaker energy as captured by the corresponding reference
microphones is evident. While for both algorithms speaker 1
level is comparable, the level of speaker 2 produced by the
MR-LCMV algorithm is significantly higher. The output SNR
values are shown in Table II.

TABLE II: Recorded Scenario: Comparison of output SNR in
dB.

Traditional MR-LCMV
Source 1 Source 2 Source 1 Source 2

17.5 6.9 15.7 16.8

It can be seen that though, similarly to Sec. V-A, the SNR
for speaker 1 is decreased by 2 dB, the SNR for speaker 1 is
increased by 10 dB. This is significant improvement for the
case of two desired speakers.
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