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ABSTRACT

Achieving high-quality sound in noisy environments is a significant challenge in audio ap-
plications, particularly in areas such as communications, broadcasting, and healthcare. This 
study explores the use of the Minimum Variance Distortionless Response (MVDR) algo-
rithm in conjunction with a linear microphone array to improve audio beamforming. The 
objective is to enhance the signal-to-noise ratio (SNR) of desired signals while minimizing 
interference and reverberation. The MVDR algorithm is applied in the research using MAT-
LAB to create directional beams that help isolate the target signal, and background noise is 
reduced. Comparative analysis against the traditional delay-and-sum beamformer shows 
that the MVDR scheme is much better in SNR, particularly in the multiple sources of inter-
ference environment. The major findings are that as the number of microphones increases 
to 20, the mean squared error (MSE) reduces by up to 33.8 dB and that the microphones 
work best when the spacing between them is carefully adjusted. These results indicate that 
MVDR-based beamforming would be able to offer excellent solutions to improving sound 
clarity in numerous realistic scenarios, including teleconferencing, sonar, and medical im-
aging.
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INTRODUCTION

The The act of combining multiple signals captured 
from the sensors in a sensor array is the main concept in 
beam forming technique. It is a signal processing technique 
used in sensor arrays for directional signal transmission or 
reception. This technique basically approaches the problem 
from a spatial point of view [1]. It combines the elements 
in a phased array in such a way that signals at particular 
angles experience constructive interference while others 
experience destructive interference. Beam forming can be 
used at both the transmitting and receiving ends in order to 
achieve spatial selectivity. This has improved the directivity 
of elements as compared to the unidirectional reception/
transmission [2].

Beam formation has been studied in many areas such 
as radar, sonar, seismology and wireless communications, 
to name but a few. It can be used for a variety of purposes, 
such as detecting the presence of a signal, estimating the 
direction of arrival, and enhancing a desired signal from 
its measurements corrupted by noise, competing sources 
and reverberation [3]. Typical use of beam forming arise in 
RADAR, SONAR, communications, imaging, geophysical 
exploration, biomedical and also in acoustic source local-
ization [4].

In acoustics this concept can be adopted to form a noise 
free beam of the incoming corrupted signal by using array 
of microphones. Beam forming combines the output audio 
signals of the microphone array in such a way that it will 
make the microphone array to act as a highly directional 
microphone [5]. Actually, beam forming has been adopted 
by the audio research society, mostly to separate or extract 
speech for noisy environment [6]. A microphone array is 
used to form a spatial filter which can extract a signal from 
a specific direction and reduce the contamination of signals 
from other directions. In other words, beam forming pro-
vides a “listening beam” which points to a particular sound 
source while often filtering out other sounds [7, 8].

Spatially propagating signals encounter the presence 
of interfering signals and noise signals. If the desired sig-
nal and the interfering signals occupy the same temporal 
frequency band, then temporal filtering cannot be used 
to separate the signal from the interferers. However the 
desired and the interfering signals generally originate from 
different spatial locations. This spatial separation can be 
exploited to separate the signals from the interference using 
a beam former [9, 10]. A beam former consists of an array 
of sensors in a particular configuration. The output of each 
sensor is properly filtered and the filtered outputs of all 
the sensors are added up. Typically a beam former linearly 
combines the spatially sampled waveform from each sensor 
in the same way a FIR filter linearly combines temporally 
sampled data [11, 12].

When low frequency signals are used, then an array of 
sensors can synthesize a much larger spatial aperture than 
a single physical antenna or sensor [13, 14]. A second very 

significant advantage of using an array of sensors is the 
spatial filtering versatility offered by discrete sampling. In 
many applications it is necessary to change the spatial filter-
ing function in real time to maintain effective suppression 
of interfering signals [15]. Changing the spatial filtering 
function of a continuous aperture antenna is impractical. 
Use of an array of sensors makes this possible to implement 
[16, 17].

In this paper, basic fundamentals of beam formation, 
certain beam formation techniques, microphone array 
geometries and effect of various factors on beam former’s 
performance are discussed in subsequent chapters. The 
aim is to study traditional delay and sum beam former and 
MVDR (Minimum Variance Distortion less Response) 
beam former [18, 19]. It consists of performance check-
ing of beam former output by varying various parameters. 
In this Paper, sound source localization algorithm is not 
implemented which is required to steer the beam to that 
direction. Instead of that, certain direction for sound source 
and interference signal is assumed and then beam forma-
tion is implemented in MATLAB [20, 21].

Beamforming is a method that is widely applied in 
communications and radar systems in order to generate a 
focused beam of the required signal and minimize inter-
ference of background noise [22]. This is also reflected in 
the science of acoustics, in which good sound in ambient 
noise and reverberation is very essential. Signal integrity is 
also paramount in most of the voice applications, such as 
communications, broadcasting, and healthcare. However, 
traditional single-channel audio systems often have diffi-
culty improving signal-to-noise ratio (SNR) and improv-
ing signal quality [23, 24]. Therefore, techniques such as 
sound beam generation are needed to solve these problems. 
Beamforming based on the use of microphone arrays with 
geometry designs has been shown to have great potential 
in amplification of the desired signal and reduction of 
unwanted noise and echo [25, 26]. This article investigates 
electronic beam forming using the minimum displace-
ment distortion-free response (MVDR) algorithm and 
linear microphone array configuration (implemented in 
MATLAB) [27, 28]. This research aims to improve signal 
clarity and signal-to-noise ratio by focusing on the sound 
field and optimizing the response, thus demonstrating the 
effectiveness of beam forming technology in various fields 
such as sonar, radar, wireless communications, astronomy, 
etc. and biomedicine [29, 30].

The whole research is organized as follows: the intro-
ductory information about the beam formation is pre-
sented in Section I. Whole system is presented in section 
II. In section III deals with the concept of wave front. In
section IV and V discuss the delay calculation and MVDR
respectively. Finally section VI and VII gives result and
conclusion.

Mono audio systems cannot improve signal-to-noise 
ratio (SNR), making it difficult to achieve good sound qual-
ity in noisy environments. This work aims to use the MVDR 
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algorithm and linear microphone array in MATLAB to 
use electronic beam forming to improve signal quality. By 
optimizing response to local audio, this method aims to 
improve the desired signal while reducing noise and rever-
beration [31].

The ultimate aim of the work is to create and apply an 
electronic beamforming system based on the Minimum 
Variance Distortionless Response (MVDR) algorithm and 
a linear microphone array in MATLAB. The objective of 
this system is to increase the quality of the desirable audio 
signals by increasing the signal-to-noise ratio (SNR) in 
the harsh acoustic surroundings. Additionally, it seeks to 
optimize the directional response through effective sound 
source localization, thereby achieving clearer signal trans-
mission while effectively suppressing ambient noise and 
reverberation [32].

OVERALL SYSTEM

Overall system consists of four parts as shown in figure 
1, which are microphone array, sound source localization, 
beam formation and post filtering. Microphone array geom-
etry can change according to the application. Microphone 
array has circular, spherical, circular, cylindrical geometry. 
Here, linear geometry has been selected. The input to the 
microphone array is the sound signal and interference sig-
nal. Its output will be ‘S’ number of mixed signal which is 
addition of desired sound signal and interference signal. 
These signals differ with each other by an amount of delays 
which are calculated in equation (3.1). These are given to 
the Fourier transform block and source localization block 
for calculating the angle (θd and θi). Sound source local-
ization plays the important role to find direction of sound 
source and interference. It can calculate by various methods 
like GCC-PHAT, GCC-NONLIN, MUSIC, cross correla-
tion methods which is not the scope of this work.

On applying the microphone output signals and angles 
which are calculated by source localization to Fourier trans-
form block, it gives the array manifold vector for desired 
signal (AMV_d) and interference signal (AMV_ki). These 
array manifold vectors are required for calculating the 
MVDR weight vector which are shown in equation (3.9). 
It is a vector of size S×1. Finally beam formed output signal 
which is closer to desired signal along with the microphone 

output signals is applied to post processing block for remov-
ing the additional AWGN noise from beam formed signal. 
In addition to the main features summarized in Figure 
1, the system also features significant adaptive filtering 
in addition to beamform devices. This stage dynamically 
adjusts the filtering parameters according to the character-
istics of the input signal and the required signal. The system 
can also adapt to the changing environments by incorpo-
rating a mechanism of adaptive filtering and thus directly 
enhancing the beamforming process. This modification 
increases process versatility and efficiency, providing good 
performance in different noise environments. 

Even though the linear geometry was adopted in the 
current study, one can design a system that will support 
various other geometries, which may be circular, spherical, 
or cylindrical geometry, to fit various requirements. The 
geometry is a unique advantage in each in spatial coverage, 
directional sensitivity, and signal capture efficiency, allow-
ing solutions to be found in selected applications. An inter-
mediate step that makes it easier to convert the microphone 
output signal to frequency. 

This modification allows for a more focused analysis of the 
properties of the signal and helps extract important features 
for further processing. Using frequency domain analysis, the 
system will gain insight into signal strength, which will help 
optimize beamforming performance and increase signal fidel-
ity. and frequency analysis allows solving problems related to 
environmental noise, interference and flyback. This technique 
not only improves signal quality, but also makes it flexible and 
versatile, making it suitable for a variety of applications, from 
communications to biomedical imaging.

CONCEPT OF WAVE FRONT

Microphone Array with linear array geometry is dis-
cussed here for generating a microphone output. It has two 
types of concept i.e. near field system and far field system.

Figure 2. Spherical wave front generated by near field system.Figure 1. Overall block diagram of system.



Sigma J Eng Nat Sci, Vol. 44, No. 1, pp. 1−10, February, 20264

If distance between two microphones is greater than 
distance between sound source and centre of microphone 
array then it is called as near field system. In near field sys-
tem circular wave front are generated which is shown in 
Figure 2. 

If distance between two microphones is less than dis-
tance between sound source and centre of microphone 
array then it is called as far field system. In far field system 
plane wave front are generated which is shown in Figure 3. 

For conference or indoor application which is required 
for this work, distance between sound source and centre 
of microphone array is greater than distance between two 
microphones. So, it generates a plane wave front. Hence, a 
far field pattern is assumed throughout this work and linear 
microphone array geometry can be used for generation of 
number of outputs.

Understanding the concept of wave front propagation 
is important for optimizing the performance of the micro-
phone array, especially when accuracy is critical. In addi-
tion to the difference between near-field and far-field, the 
geometry of the microphone array profoundly affects the 
properties of the generated wave front. 

For example, linear arrays are frequently used in meet-
ings or home environments, while other geometries, such 
as circular or spherical arrays, offer special advantages in 
many applications. The distance between the center of 
the microphone array is generally greater than the dis-
tance between the microphones, and the remote system 
dominates. 

This configuration results in a wide plane as shown in 
Figure 3. The choice of microphone array geometry plays 
an important role in shaping the wave front characteristics 
and therefore the performance of the system. Linear arrays 
offer major advantages in ease of deployment, cost effec-
tiveness, and directional accuracy, making them ideal for 
applications requiring focused illumination in an area. 

The microphone array will be adjustable to the dynamic 
acoustic environment using sophisticated algorithms and 

dynamic filtering techniques to achieve consistent perfor-
mance across a wide range of environments, from the con-
ference room to the concert. The principle of propagation 
can be applied in the design of microphone arrays in order 
to optimize their applications. With the understanding of 
the interaction between array geometry and signal process-
ing algorithms relative to the environment, engineers are 
able to design and deploy microphone arrays to record real 
field scenes in an efficient way.

Delay Calculation
In this section we will examine the complex details of 

signal propagation and delay calculations in linear micro-
phone array geometries. With the center line of “S” micro-
phones, each at a distance “d” from each other, the system 
captures the signal with the time difference determined by 
the angle of arrival (α signal). The spacing of consecutive 
microphones is important for capturing and processing the 
feedback signal. Taking into account the speed of sound in 
air (c) and the cosine angle of arrival, the delay time of the 
microphones will be calculated accurately, as shown in fig-
ure 4. 

The wavelength (λ) of the signal is important in deter-
mining the distance between microphones. This relation-
ship allows the signal to be captured and processed in the 
array. Moreover, the angle of incidence (α) is closely related 
to the wave number (K), which means that a change in the 
angle of incidence will cause a change in the transmission 
of the wave number and therefore the calculation will be 
slow. The leaf converts the microphone array output from 
the time domain to the frequency domain. 

This transformation provides a comprehensive analysis 
of the characteristics of the signal in the frequency range 
and thus helps extract important features for the next pro-
cess. The resulting frequency representation of the micro-
phone array output allows signal processing algorithms to 
be more efficient and optimized to improve signal quality 
and achieve specific performance requirements.

Suppose there are ‘S’ number of microphones in a linear 
array geometry i.e. M0,  M1, M2, ……….MS-1. F is a fre-
quency of signal i.e. 3.3 KHz.‘d’ is a distance between con-
secutive microphones. ‘c’ is a speed of sound in air i.e. 330 
m/s. Assume that at the first microphone  M0 signal f(t-τ0) 
comes at zero delay. So, output of first microphone is f(t-τ0) 
with τ0 = 0.

By using a linear geometry which is shown in Figure4 
delay between first M0 and second microphone M1 is 
(d * cos θ)/c. Output at second microphone is f (t-τ1), here 
τ1 is time delay between first and second signal i.e. (d * cos 
θ)/c (by using geometry of Figure4). Delay between first M0 
and third microphone M2 is (2d * cos θ)/c. Output at third 
microphone is f (t-τ2), here τ2 is time delay between first 
and third signal i.e. (2d * cos θ)/c (by using geometry of 
Figure 4). Delay between m, n microphones is calculated 
by equation (1)

Figure 3. Plane wave front generated by far field system.
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	 	 (1)

Here, delay is a function of θ (i.e. angle of arrival direc-
tion). Distance between two microphone is adjusted by fre-
quency of sound ’f ’ and wavelength of signal ' λ'. Distance 
between two microphones is calculated by 

Where,

In fig. 4 angle θ is a function of ‘K’ wave number i.e. 
angle of arrival changes as wave number changes. f(t) is a 
microphone array output which is calculated by equation 
(2) and f(t) is a vector quantity.

	 	 (2)

Converting equation 2 into frequency domain by apply-
ing Fourier transform,  in frequency domain is

	 	

(3)

 

By considering,

V(k, ω) is vector quantity which is function of wave 
number and frequency

	 	 (4) 

Minimum Variance Distortionless Response (MVDR) 
If  denotes the vector of frequency domain signal 

for all microphones, and  is the frequency domain out-
put of array, then the operation of the beam formation can 
be represented as, 

	 	 (5) 

Where W(ω) is a vector of frequency dependent sen-
sors (microphone) weights. The difference between various 
beam formation designs are determined by the specifica-
tion of the weight vector W(ω). The simplest beam forma-
tion is a delay and sum (DS).time aligns the signals for the 
plane wave arriving from look direction by setting

	 	 (6)

Substituting 

	 	 (7)

From equation (7), output of the array is equivalent to 
original signal in absence of any interference or distortion. 
In general equation (7) will be true for any weight vector 
achieving

	 	 (8)

Equation (8) shows the condition for distortion less. To 
improve upon noise suppression performance provided by 
DS beam formation, it is possible to adaptively suppress 
specially correlated noise and interference N(ω), which can 
be achieved by adjusting the weight of beam former, so as to 
minimize the variance of noise and interference at the out-
put. Weight vector for MVDR algorithm can be calculated 
by equation (9)

	 	
(9)

Where, ∑N(ω) = ϵ{N(ω) × NH(ω)} is noise covari-
ance and ϵ{.} Is the expectation operator. In practice 
∑N(ω) is computed by average or recursively updating the 
covariance matrix. Weight vector obtained under these 

Figure 4. Delay calculation by considering plane wave 
front.
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conditions corresponds to the minimum variance distor-
tion less response (MVDR) beam formation. If N(ω) is a 
single plane interference with wave number k1 and has the 
spectrum

Where,

Figure 6 shows the beam pattern of the MVDR BF for the 
case of two plane wave interferers arriving from directions 

80° and 40°. It is apparent from the figure that such a BF 
can place deep nulls on the interference signals while main-
taining unity gain in the look direction. Depending on the 
acoustic environment, adapting the sensor weights w(ὠ) to 
suppress discrete sources of interference can lead to exces-
sively large side lobes, resulting in poor system robustness. 
A simple technique for avoiding this is to impose a qua-
dratic constraint ‖w‖2 ≤ γ, for some γ > 0 , in addition to 
the distortion less constraint six, when estimating the sen-
sor weights. The MVDR solution will then take the form [7, 
Sec. 13.3.7] 

	 	
(10)

(a) (b)
Figure 6. MVDR Response at S=10 and S=20 for sound source f(t) comes from the 40° angle and interference N(ω)comes 
from the 40° angle.

(a) (b)

Figure 5. Delay and sum Response at S=10 and S=20 for sound source f(t) comes from the 80° angle.
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which is referred to as diagonal loading where  is the 
loading level; the dependence on ω in (9) has been sup-
pressed for convenience. While (9) is straightforward to 
implement, there is no direct relationship between c and 

; hence the latter is typically set either based on exper-
imentation or through an iterative procedure. Increasing

 decreases ‖wDL‖, this implies that the white noise gain 
(WNG) also increases.

Fig. 5 (a) and (b) shows the response of the delay and 
sum (DS) at S=10 and S=20 respectively. Fig.6 (a) and 
(b) shows the response of the MVDR at S=10 and S=20 
respectively. It shows that sound source f (t) comes from 
the 80°and interference comes from the 40° angle. In fig.5 it 
is shown that maximum lobe comes at 80° and it does not 
suppress the interference signal i.e. which comes from 40°. 
In fig. 6 it is shows that maximum lobe comes at 80° and 
it suppress the interference signal i.e. which comes from 
40°, so it is concluded that MVDR suppress the interference 
signal.

RESULTS AND DISCUSSION

Minimum variance distortion less response (MVDR) 
is an algorithm used for beam formation. To achieve the 
goal of maximum SNR at output, experimentation is done 
by varying parameters like number of microphones (S), dis-
tance between two consecutive microphones (d), diagonal 
loading factor, number of overlapping samples. This sec-
tion briefly discusses the effect of above parameters on the 
output signal by calculating mean square error (MSE)

Effect of the number of microphones (S) on the mean 
squared error (MSE)

Table 1 shows the effect of changing the number of 
microphones (S) on the mean squared error (MSE) in dB. . 
As the number of microphones increases from 2 to 20, there 
is a clear decrease in the MSE value. Reduced MSE means 

improved signal-to-noise ratio (SNR), thus improving 
beam forming performance. Obviously, using more micro-
phones leads to a decrease in MSE, indicating better sound 
quality and better processing of the desired signal.

Effect of Inter-Microphone Distance (d) on Beam 
forming Response

In table 2 details the effect of different microphone dis-
tance (d) on the beam forming response as expected by 
MSE (in dB). The findings indicate that there is a desirable 
correlation between inter-microphone distance and beam-
forming performance. The nearer the microphones, the 
more resolution contained in the spatial sampling; it results 
in improved beamforming capabilities and reduced MSE. 
On the other hand, the greater the distance between micro-
phones, the lower the resolution and thus the higher the 
MSE values. What this illustrates is the need to adequately 
pick the spacing between microphones in order to maxi-
mize the beamforming capabilities of a certain application.

Waveforms of the Desired Signal, Mixed Signal, and 
Repeated Signal

Figures 7(a) and 7(b) represent the waveforms of the 
desired signal, mixed signal, and repeated signal of the 
square wave and speech signal, respectively. The presence 
of these waveforms is an indication of how well the beam-
forming process has separated the desired signal and noise 
and interference. The reconstructed signal is similar to 
the desired signal, demonstrating full noise reduction and 
signal enhancement through beam forming. This fit sup-
ports many of the results obtained from the MSE analysis 
and increases the efficiency of the proposed beam forming 
algorithm. It is important for formability. Once it is possible 
to vary parameters (number of microphones and distance 
between them) to reach the best signal-to-noise ratio and 
to make the reconstruction signal as faithful to the original 
as possible. Also, the comparison of the waveforms visually 

Table 1. Effect of change in number of microphones(S) on 
MSE

Sr. No. Number of 
microphones (S)

Mean square error (MSE) 
in dB

1. 2 -20.0239
2. 4 -31.7035
3. 6 -33.6351
4. 8 -33.8215
5. 10 -33.3802
6. 12 -33.1005
7. 14 -33.4404
8. 16 -33.6207
9. 18 -33.8334
10. 20 -33.8561

Table 2. Effect of change in ‘factor or distance between micro-
phones’ (d) on BM response

Sr. No. Factor Inter-Microphone 
distance (d) in cm

Mean square Error 
(MSE) in dB

1. 32 0.3125 -20.4012
2. 16 0.625 -25.9415
3. 8 1.25 -32.4857
4. 4 2.5 -34.0826
5. 2 5 -33.3802
6. 1 10 -29.1044
7. 0.5 20 -20.2985
8. 0.33 30.30 -14.6505
9. 25 40 -11.2208
10. 0.20 50 -7.1474
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ascertains the performance of the beamforming algorithm 
in real-life applications, which reaffirms its potential use-
fulness in various areas, including communications and 
audio processing, as well as biomedical imaging.

CONCLUSION

This research demonstrates that the Minimum Variance 
Distortionless Response (MVDR) algorithm is greater in 
audio beamforming tasks than the conventional delay-and-
sum methods. The MVDR beamformer was used to show 
improved ability to isolate the desired sound signals and 
reduce interference of other directions, especially in a com-
plex acoustic environment, by means of applying a linear 
microphone array. The experimental data indicate that the 
number of microphones and the spacing between micro-
phones will greatly increase SNR and decrease MSE. The 
trade-offs associated with beamformer design, however, e.g., 
the higher computational cost of more area overlap, should be 
sensitively addressed so as to provide optimum performance. 
The results highlight the significance of array geometry and 
parameter optimization to the beamforming performance 
and offer important ideas in the application to other fields, 
including telecommunications, sonar, and medical imaging. 
The proposed work may be done in the future by implement-
ing and testing the MVDR algorithm in real-time in various 
acoustic settings to once again confirm its efficiency.

This is enhanced by the fact that the main lobe is 
narrowed; thus, separation of the near field is correct.
Additionally, the number of lobes in the response function is 
directly related to the number of microphones in the array; 
this highlights the relationship between array geometry and 
beamformer performance. The impact of beamformer per-
formance is significant. Increasing the crossover reduces 
the mean square error (MSE), indicating an improvement 

in signal quality. However, this improvement comes at the 
expense of reducing interference from other directions. 
Conversely, increasing the number of overlapping samples 
in the window results in an increase in MSE and distortion 
of the reconstructed signal. 

According to the results, the trade-offs in the beam-
former design are evident, and it is important to optimize 
performance when optimum performance is required. 
They also show the nature and restriction in regard to sig-
nal boosting and interference. The geometry of the array 
is also a factor of consideration, and the choice of the 
parameters and optimization algorithms is critical to the 
success of beamformer activity in a number of applications, 
including telecommunications and voice processing. By 
understanding all these principles, engineers can deduce 
and implement beamforming systems that can be utilized 
in particular requirements, which is limiting any further 
advancement of signal technology.
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