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Abstract: The MVDR beamformer has more prominent solution and much better noise reduction and interference sup-
pression capability than the conventional beamforming method, which required that the associated microphone
array steering vector to sound source is accurately known. However, whenever the a priori information about
the direction of arrival of the interest signal is not imprecise, microphone mismatch or different microphone
sensitivities; the evaluation of MVDR beamformer is often degraded, thus speech distortion, which decreases
the speech quality, is unavoidable. For mitigating the drawbacks, diagonal loading has been imposed to en-
hance MVDR’s performance in terms of improving the signal-to-noise ratio (SNR) and removing background
noise. So diagonal loading has been a common widely used method to enhance the robustness of MVDR beam-
former. The inherent problem of diagonal loading is the choice of optimal parameter λ to increase the effective
working of diagonal loading in complex acoustical situation. In this correspondence, the author presented a
method for calculating the necessary parameter λ to improve the speech enhancement in dual-microphone sys-
tem. The illustrated experiment has proven the capability of considered technique via a numerical example.

1 INTRODUCTION

Separation and speech enhancement are the most pop-
ular challenging task in digital signal processing. In
real environment, target speech signal is often dis-
torted, cause: third-party speaker, noise, transport ve-
hicle, interference. Separation speech refers to the
task of saving the target speech speaker and suppress-
ing the unwanted different noisy environment. In
this context, speech enhancement is extracting one or
more target speakers, and mitigate the effect of an-
noying noise, interfering environment or reduce some
types of speech distortions due to reverberation, the
complex surrounding recording scenario. So that, the
terms of “signal enhancement” and “source separa-
tion” are very necessary in almost industry applica-
tion. Audio device, hearing aid, teleconference, com-
munication.

Conference has several speakers, which can be
considered as target source speech, that requires sep-
arating each component from a complicated mixture.
Moreover, speech enhancement is the most crucial
pre-processing for further speech application, such as:
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Figure 1: Extracting the desired speech is an essential task
in speech enhancement.

dialogue, speech recognition, distant remote, GPS,
surveillance device, video game. For dealing these
problems, the microphone array (MA) (Benesty et al.,
2008, 2016, 2017; Lockwood et al., 2004; Brandstein
and Ward, 2001) is used for using the advantage of
microphone array geometry, the spatial information
of direction-of-arrival (DOA), the coherence between
microphones, the characteristics of environment to
alleviate the effect of noise while saving the target
speaker. MA allows more input signals are multi-
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channel. The number of microphones has increased
in many applications in the last few years. Most of
telephone, tablets or hearing-aid require 2-3 micro-
phones.

Figure 2: The using of microphone array technology.

The enhancement capabilities of MA are often
higher than single-channel method. Because of the
designed spatial filter to extract the target directional
source speaker while eliminating all interference and
noise. MA exploit the spatial a priori information
about position, configuration user-defined of MA, dif-
ference of phase, more general the different acoustic
properties between MA to achieve the better noise re-
duction while keeping the target speech. In contrast,
the single – channel approach doesn’t have knowl-
edge of source or noise, so in results, the smaller qual-
ity obtained signal.

Minimum Variance Distortionless Response
(MVDR) (Pan et al., 2014; Ba et al., 2007; Erdogan
et al., 2016; Xiao et al., 2017a,b) has an attractive
performance, which is the most widely studied
and the basic to some commerce available acoustic
devices. MVDR utilizes the information of DOA of
target desired speaker for forming beampattern to-
ward this direction while minimizing the output noise
power. Based on the precise knowledge of interest
signal’s DOA, MVDR has ability of extracting the
only target directional useful speech component. In
practice, the DOA of target speaker if usually is not
determined exactly, due to many reasons: position of
MA, influence of interference or noisy environment,
that degrades seriously performance of MVDR
beamformer. A lot of research has been developed
to overcome this problem, by extending the region
where the target directional sound source can be
determined. In this paper, the author proposed the
using of diagonal method for solving the problem of
imprecise DOA of interest signal to improve speech
enhancement.

There are some research directions for enhanc-
ing the evaluation of MVDR beamformer. One of
the most important parameters is a steering vector,

which present the acoustic of sound propagation in
environment from the desired source to all element of
MA. More generally, a normalized of relative transfer
function (RTFs) (Gannot et al., 2001b,a) is used for
further signal processing. To improve performance
of MVDR beamformer, RTF may be measured a pri-
ori or based on knowledge of microphone properties,
room acoustic, speaker location, position.

However, in complex situation with presence of
microphone mismatches or error of preferred DOA,
the diagonal loading (DL) (Wu and Zhang, 1999;
Vorobyov et al., 2003; Lorenz and Boyd, 2005; Shah-
bazpanahi et al., 2003; Chen and Vaidyanathan, 2007)
technique is developed to address the problem of de-
graded performance of MVDR beamformer. DL tech-
nology is not only known provides the robustness,
which against the DOA mismatch but also to the im-
precise steering vector. Several research of DL have
been proposed to force the magnitude of final signal
in complex recording environment to exceed or equal
to the original microphone array signal. The one well-
known disadvantage of DL is the way of choosing the
exact parameters is still lacking.

In this contribution, the author introduces an im-
provement of MVDR beamformer (imMVDR) that
can be integrated into multi-microphone system for
extracting the target directional speaker while elimi-
nating all non-target directional noise or interference.

The rest of this paper is organized as: The next
section is the model signal of MVDR beamformer.
The proposed method, which use the diagonal tech-
nique is presented in section 3. The enhanced evalu-
ation of the suggested method is illustrated in section
4, a comparison the quality output signal between the
traditional MVDR beamformer (traMVDR) and im-
MVDR provides the robustness for separating inter-
ested speech source signal. Finally, concluding re-
marks and the future research of this approach are
conducted.

Hundreds of microphone phones have been used
for acoustic acquisition sound source from distance.
However, dual-microphone array (DMA2) is more
popular widely applied in almost speech application,
due to it’s simplicity, low computational load, com-
pact, and easily installed in almost audio equipment.
In experiment, DMA2 is used for verifying and illus-
trating the effectiveness of suggested method in term
of increasing the signal-to-noise ratio (SNR) in real
environment.
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Figure 3: The scheme of beamforming in the frequency domain.

2 THE MVDR BEAMFORMER

In a noisy acoustic recording situation, it is very im-
portance to capture the speech signal from target di-
rectional talker, therefore the only capable method is
using MA beamforming to acquire the desired sig-
nal. It is assumed that a DMA2 is used to record
speaker and acoustic environment. With f ,k index
frequency and frame, a target speaker S( f ,k) from
a certain direction θs, an unwanted noise V ( f ,k) are
captured by DMA2, the observed microphone signals
X1( f ,k),X2( f ,k) can be written by in the frequency
domain as:

X1( f ,k) = S( f ,k)e jΦs +V1( f ,k) (1)

X2( f ,k) = S( f ,k)e− jΦs +V2( f ,k) (2)

where e jΦs ,e− jΦs is the transfer function of target
talker relative to microphone 1,2 respectively. Φs =
π f τ0cos(θs),τ0 = d/c,d distance between two micro-
phones, c = 343(m/s) speed of sound propagation in
the air, τ0 is the time delay.

We denote XXX( f ,k) = [X1( f ,k) X2( f ,k)]T ,
DDD( f ,θs) = [e jΦs e− jΦs ]T , VVV ( f ,k) =
[V1( f ,k) V2( f ,k)]T with ()T indicates transpose
operator, equation (1-2) can be rewritten by:

XXX( f ,k) = S( f ,k)DDD( f ,θs)+VVV ( f ,k) (3)

The steering vector DDD( f ,θs) play a major role in
all MA algorithm. Due to, DDD( f ,θs) contains the in-
formation of DOA desired talker.

The digital signal processing is necessary to find
an optimum weight vector WWW ( f ,k), which ensures the
final output signal Y ( f ,k) approximate the original
signal S( f ,k):

Y ( f ,k) =WWW H( f ,k)XXX( f ,k) (4)

where ()H is the symbol of Hermitian conjugation.
MVDR beamformer is aiming to minimizing the

power of noise at the output without speech distortion,
therefore, the optimum problem is described by the
following equation:

min
WWW ((( fff ,,,kkk)))

WWW ((( fff ,,,kkk)))H
ΦΦΦVV ( f ,k)WWW ((( fff ,,,kkk)))

s.t. WWW ((( fff ,,,kkk)))HDDD( f ,θs) = 1
(5)

where ΦΦΦVV ( f ,k) = E{VVV H( f ,k)VVV ( f ,k)} is the covari-
ance matrix of noise. The optimum criteria of pre-
serving the target directional speech signal leads to
the solution:

WWW ( f ,k) =
ΦΦΦ

−1
VV ( f ,k)DDD( f ,θs)

DDDH( f ,θs)ΦΦΦ
−1
VV ( f ,k)DDD( f ,θs)

(6)

In realistic speech application, due to not avail-
able information about noise, the covariance matrix
of observed microphone array signals is used instead
of noise ΦΦΦXX ( f ,k) = E{XXXH( f ,k)XXX( f ,k)}. So, the fi-
nal optimum weight vector is:

WWW ( f ,k) =
ΦΦΦ

−1
XX ( f ,k)DDDs( f ,θs)

DDDH
s ( f ,θs)ΦΦΦ

−1
XX ( f ,k)DDDs( f ,θs)

(7)
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Figure 4: The scheme of MVDR beamformer.

ΦΦΦXX ( f ,k) =
{

E{X1
∗( f ,k)X1( f ,k)}∗1.001 E{X1

∗( f ,k)X2( f ,k)}
E{X2

∗( f ,k)X1( f ,k)} E{X2
∗( f ,k)X2( f ,k)}∗1.001

}
(8)

PXiX j( f ,k) = (1−α)PXiX j( f ,k−1)+αX∗
i ( f ,k)X j( f ,k) (9)

where ΦΦΦXX ( f ,k) is denoted by equation (8).
With the power spectral density,

E{Xi
∗( f ,k)X j( f ,k)} = PXiXi( f ,k) is calculated

as (9), where α is the smoothing parameter.

3 THE DIAGONAL
LOADING-BASED PROPOSED
METHOD

The matrix covariance ΦXX ( f ,k) is one of the most
common enhanced for enhancing MVDR beam-
former. Diagonal loading technique is an efficient
method for increasing the robustness of signal pro-
cessing and speech quality of the output beamformer,
while alleviating all surrounding background noise.
Matrix covariance

ΦXX ( f ,k)

is added λIII, where λ is unknown parameter in range
{0..1}, III is the unity matrix. The problem of de-
termining λ still the most challenging in speech en-
hancement.

As a result, the speech distortion often occurs in
frame, where the signal-to-noise ratio (SNR) high.
Due to, the necessary information of noise is more re-
quired than target directional speech, the author uses

the information the speech presence probability (SPP)
(Gerkmann and Hendriks, 2012a,b) and SNR to form
an appropriate value of λ.

λ = SPP( f ,k)∗ 1
1+SNR( f ,k)

(10)

where SPP( f ,k) was calculated from (Gerkmann and
Hendriks, 2012a,b).

In the scenario with these criteria: the speech
component of target speaker and noise are uncorre-
lated, the noise is the same and uncorrelated between
two microphones. An estimation of speech covari-
ance σ2

s ( f ,k) (Zelinski, 1988) can be expressed as:

σ
2
s ( f ,k) =

Re{PX1X2( f ,k)+PX2X1( f ,k)}
2

(11)

where Re{.} is the mathematical operator, which gets
the real part.

And an estimation of noise covariance:

σ
2
n( f ,k) =

PX1X1( f ,k)+PX2X2( f ,k)
2

−σ
2
s ( f ,k) (12)

The temporal SNR( f ,k) is computed by:

SNR( f ,k) =
σ2

s ( f ,k)
σ2

n( f ,k)
(13)

From the equation (7), the denominator plays a
role as equalizer for MVDR beamformer. Therefore,
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the author proposed the modified MVDR beamformer
as the following equation:

WWW ( f ,k) =
(ΦΦΦXX +λIII)−1( f ,k)DDDs( f ,θs)

DDDH
s ( f ,θs)(ΦΦΦXX +λIII)−1( f ,k)DDDs( f ,θs)

(14)
The diagonal loading technique is suitable with

complex recording scenarios in presence of diffuse,
coherent, incoherent noise field or interference. With
an adaptive determined addition to covariance matrix
of observed data, the performance of beamformer will
rapidly adapt to the change of considered environ-
ment.

The next section will analyze the improvement of
the proposed technique for reducing speech distortion
and enhance speech quality.

4 EXPERIMENTS AND
DISCUSSION

In experiment, a DMA2 is used for recording the tar-
get directional speech talker in presence of surround-
ing noise, interference of real situation. The pur-
pose of this experiment is verifying the capability of
saving target directional speech in comparison with
the conventional MVDR. The distance between two
microphones d = 5(cm). The model of experiment
is illustrated in figure 5. The desired speaker stand
at the direction θs = 90(deg) relative to the axis of
DMA2. For further digital signal processing, the au-
thor used Hamming window, α = 0.1, FFT = 512,
overlap 50%, the sampling frequency Fs = 16kHz. A
measurement SNR (Ellis, 2011) is used for estimating
the speech quality of obtained signal. The configura-
tion of experiment is shown in figure 5.

Figure 5: The scheme of experiment.

The author will compare the waveform and energy
of microphone array signal and processed signals by

traMVDR, imMVDR to realize the effectiveness of
the proposed method. The observed microphone sig-
nal is shown in figure 6.

The obtained signal by traMVDR and imMVDR
are presented in figure 7, 8. The effectiveness of
the proposed method is preserving the original speech
component while mitigating all background noise. In
comparison with the convention MVDR, as we can
see, traMVDR removes noise, but the it’s weakness is
speech distortion due to several reasons. imMVDR
has deal it perfectly, and help keeping the original
speech signal. With an appropriate addition, which
has the information of speech presence probability
and the SNR, MVDR beamformer has achieved a bet-
ter result in extracting the target directional useful
speech signal while removing the background noise
or coherence noise. MVDR beamformer has the ca-
pability of minimizing the noise at the beamformer’s
output, but because of some reasons, such as the er-
ror of direction of arrival (DOA) of target speaker, the
microphone mismatches, the different sensitivities of
microphones, that degrade the performance of MVDR
beamformer. In figure 7, all of surrounding noise are
suppressed, but the beamformer has cancelled origi-
nal signal.

Therefore, as the following of diagonal loading
technique, the author has expropriated a small value,
which depends on the speech presence probability and
temporal SNR. The effectiveness of the proposed has
increased the amplitude of received signal. Figure 9
presents the energy of microphone array, traMVDR
and imMVDR. imMVDR reduces speech distortion
to 3.5 (dB).

The comparison in term of speech quality between
two output signals depicted in table 1. The speech
quality is increased from 1.8 to 5.4 (dB).

Table 1: The signal-to-noise ratio (dB)

Method Microphone traMVDR imMVDR
Estimation array signal

NIST STNR 9.5 24.0 25.8
WADA SNR 6.8 20.4 25.8

So, in the complicated environment, the suggested
diagonal loading technique has improved the per-
formance of MVDR beamformer and enhanced the
speech quality and intelligibility. The effectiveness
of imMVDR was verified and numerical result con-
firmed the capability of this approach, which uses
the information of speech presence probability and
instantaneous SNR. The obtained numerical results
have satisfied the aim of evaluated experiment.
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Figure 6: The waveform of the observed microphone array signal.

Figure 7: The obtained signal by traMVDR.

Figure 8: The obtained signal by imMVDR.

5 CONCLUSION

In many speech applications, such as hearing aids, au-
dio devices; extracting of desired speech signal is a
challenging problem from a mixture of corrupted sig-
nal with surrounding interference and different noise
at low SNR. The performance of microphone array
signal processing usually significantly deteriorated in
the presence of unwanted noise, different speaker or
complex recording scenario. Therefore, improvement

of diagonal loading is a promising method for enhanc-
ing MVDR beamformer to extract useful target signal.
This contribution presents an improved of diagonal
loading that takes into account the calculation of nec-
essary parameter. Objective experiment was carried
out to confirm the ability of suggested technique in
increasing of speech quality, noise reduction and the
signal-to-noise ratio from 1.8 to 5.4 (dB). The numer-
ical result has ensured that the proposed method can
be integrated into multi-microphone system. The es-
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Figure 9: The illustrated energy of microphone array signal and traMVDR, imMVDR.

timation of speech presence probability can be more
applied into several approaches to enhance the perfor-
mance of speech enhancement system.
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