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Abstract

In industrial workplaces, such as factories, noise pollution is a prominent
danger to the health of workers, and could cause physical and psychological
harm to them. The purpose of this thesis is to formulate and implement a
device that can help locate the origin of these noise sources. This paper deals
with the design and implementation of a spatial acoustic measurement device
that can locate the origin of dominant acoustical sources in an environment.
The device is made up of an array of microphones in a filter-and-sum array.
The filters are designed using the Least Squares filter design method. The
end device was able to identify the location of an acoustical noise source. The
amount of attenuation for non pass band angles achieved depended on the
number of filter taps used, main lobe width, and the number of microphones
selected.



Chapter 1

Introduction

Ever since the beginning of humanity, humans have tried to strengthen their
senses. From the primitive cupping of one’s ears to the advanced antennas
we have today, humanity’s thirst to enhance its communication capabilities
has been never ending.
The purpose of this thesis is to formulate a spatial acoustic measurement
device. This device uses an array of microphones and is able to detect the
direction and power of a noise source and is able to filter out or ’choose’ a
particular direction of sound sources in a certain environment. The device
is formulated in Matlab and uses a set of 8 microphones in a circular array
to achieve this goal.
In today’s workplaces, noisy environments can be not only annoying but also
hazardous in terms of noise pollution to the workers in the fore mentioned
places. This is the case of industries, factories, and other noisy work places.
One of the main purposes of the device is to enhance the work conditions
by identifying the location of dominant noise sources. This is achieved with
an array of filters with each filter receiving input from each microphone.
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Chapter 2

Theoretical Background

This section contains some theoretical background concerning the formula-
tion of the device and the assumptions made in order to bring the theory
into practice.

2.1 Array Signal Processing: Beamforming

Signal processing is the analysis, interpretation and manipulation of signals.
The signals could be audio (sound), video, or images. The signals might
be emitted by a source, such as a radar, satellite, or even the environment
itself, such as seismic signals. The goal of signal processing is to extract as
much information as possible from the environment [1].
Signal processing is focused on traveling waves whether they be electro-
magnetic, acoustical or vibrational. If these traveling waves are received
by a set of sensors, then array signal processing techniques can be used.
An array is a group of sensors that are located at different locations. In
the proposed device, the sensors are microphones or electro-acoustical
sensors. The goal of this device is to find the location and the power of a
sound source in the environment, hence the use of array signal processing.
The reason to use an array of sensors as opposed to one sensor is that
it is impossible to detect the location of a source with one sensor [1],
unless the physical properties of the sensor is changed, such as directional
microphones. However, directional microphones are still far less effective
than using an array of omni-directional microphones.
A beamformer is a processor used together with an array of sensors to
provide a flexible form of spatial filtering [4]. The actual term, beamforming
comes from the fact that the early spatial filters were designed to form
pencil beams [4] as is depicted in figure 2.1.

2



Figure 2.1: A Beamformer pointing to around 5 degrees.

The array used in the design is called a filter-and-sum beamformer [1],
where the signal inputs are filtered and then summed up as shown in figure
2.2. Figure 2.2 shows inputs X1....XN as inputs from the sensors. In this

Figure 2.2: A filter-and-sum beamformer

particular case these sensors are microphones and the inputs are audio sig-
nals that have been recorded and sampled to be able to be passed through
a digital filter. The signals Y1....YN are the outputs of the filtering of the
inputs signals through the beamformer filters h1....hN . Summing up the
output signals in the last step gives the beamformer output signal Z.

A beamformer can help determine a signal’s source location by allowing
pass bands in desired spatiotemporal regions and having stop bands in other
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spatiotemporal regions [1].

2.2 Antenna Theory: Far Field Assumption

In order to simplify geometry, an important assumption is made, which is
that the sound waves arrive at the microphone array from the far field. The
surrounding area around the sound source can be divided into two areas: the
near field, and the far field [7]. The near field can then be further divided
into two sub-fields as is shown in figure 2.3.

Figure 2.3: Wave field regions

In the near field region, the sound waves can be assumed to be spherical
while they can be assumed to be planar in the far field, which corresponds to
any distance away from the sound source greater than D2/λ, with D being
the largest dimension in the source and λ being the wavelength. Figure 2.4
shows in more detail how the sound waves behave in each field.

The assumption that the array lies in the far field region of the source
simplifies the geometrical calculations as will be shown in Chapter 2 of this
report.
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Figure 2.4: Wave behaviour in the near and far field regions. Figure
Source: http://heim.ifi.uio.no/ ftp/publications/cand-scient-theses/BElgetun.pdf Optimization of
response from 2D arrays for medical ultrasound. Björnar Elgetun
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2.3 On Digital Filter Design

Analog and Discrete-time signals and systems

An analog signal or continuous-time signal is one that is defined for every
point in time in a continuous interval (−∞,+∞) [10]. Discrete-time signals
are defined only at specific points in time. They can be obtained by sampling
a continuous-time signal. Sampling is the conversion of a continuous-time
signal to a discrete one by taking samples of the continuous-time signal at
specific discrete-time instances. The time period T , measured in seconds,
between each sample is called the sampling period while f = 1/T is called
the sampling frequency, measured in Hertz or Hz.
A discrete-time system is a device or algorithm that performs a mathemat-
ical operation on a discrete signal, that is considered the input signal or
excitation of the system. This operation yields another signal called the
output signal or the response [10].

A discrete-time system is shown in figure 2.5.

Figure 2.5: Discrete-time system

A digital filter is a discrete-time system that performs mathematical
operations on a discrete time signal to change certain aspects of that signal.
Usually these changes are on the frequency components of the signal. The
system in figure 2.5 could be a digital filter.

FIR vs. IIR filters

The impulse response function of a filter is the filter output due to an impulse
input signal. An impulse δ(n) is defined as:

δ(n) =

{
1 for n = 0
0 otherwise

(2.1)

Filters can be categorized according to their impulse response function.
A Finite Impulse Response (FIR) filter is one which has a finite impulse
response h(n) such that h(n) = 0 for n < 0 and n ≥M(for causal filters),
where M is the length of the impulse response function. The output y(n) of
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a FIR filter with the impulse response function h(n) due to a certain input
signal x(n) is:

y(n) =
M−1∑
k=0

h(k)x(n− k) (2.2)

The operation in equation 2.2 is called the convolution of x(n) and h(n).
Causality is assumed in this equation. The impulse response function h(n)
is generally assumed to be real valued.

An Infinite Impulse Response (IIR) filter has an infinite duration im-
pulse response function h(n). The output of an IIR filter is found by the
convolution to be:

y(n) =
∞∑
k=0

h(k)x(n− k) (2.3)

There are many differences in the characteristics of FIR and IIR filters,
and are listed on table 2.1.

Table 2.1: FIR vs IIR
Effect FIR IIR
Stability Stable Can get instable
Calculations required More calculations required Less calculations required
Implementation complexity less than IIR Complex to implement

since feedback is needed

The choice of using and FIR or IIR filter usually depends on the type
of signal processing application used. In the case of this project, stability is
a more important factor that the amount of calculations required, which is
why FIR filters were chosen.

The Frequency Response

The frequency response of a digital filter is the output or response when a
signal of constant amplitude but varying frequency is applied at the input,
such as the complex exponential function e−jωn for an angular frequency ω.
The frequency response is important in the field of signal processing because
it conveys important information about the frequency characteristics of a
digital filter or system. Digital filters can be divided into four broad types
according to their frequency response:

1. Low pass filter : is a filter that passes low frequency signal components
that are present in the input signal below a certain cutoff frequency
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fc, and attenuates or reduces the presence of signal components that
have frequencies above fc.

2. High pass filter: is a filter that passes signal components whose fre-
quency are higher than the cutoff frequency fc and attenuates all signal
components that have frequencies below fc.

3. Bandpass filter: is a filter that passes signal components whose fre-
quencies are between two cutoff frequencies fl and fh, and attenuates
all signal components whose frequencies are outside of the interval be-
tween fl and fh. This is a characteristical frequency response that is
used to implement the spatial acoustical measurement device in this
thesis.

4. Bandstop filter: is a filter that attenuates all signal components whose
frequencies are between the cutoff frequencies fl and fh and passes all
signal components whose frequencies are outside the interval between
fl and fh.

The frequency response of each fore mentioned filter type is shown in
figure 2.6.
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2.4 Least Squares Filter Design

The frequency response function of an N-tap FIR filter is given by:

H(ω) =
N−1∑
n=0

h(n)e−jωn (2.4)

where j =
√
−1 and the impulse response h(n) is assumed to be real valued.

Converting this summation into vector notation, the frequency response in
2.4 is thereby [3]:

H(ω) = hTφ(ω) (2.5)

where

φ(ω) =



1
e−jω

.

.

.

e−jω(N−1)


(2.6)

and

h =



h(0)
h(1)
.
.
.

h(N − 1)


(2.7)

φ(ω) is called the basis function of the filter, and the vector h contains
the filter coefficients of the impulse response function h(n). In the Least
Squares (LS) design method, the filter transfer function is approximated
to a desired, ideal transfer function. Unfortunately, an ideal filter cannot
be achieved, so what is achieved is an approximation or a ’best effort’ of
an ideal filter. For example, an ideal transfer function for a low pass filter
along with its LS approximation are shown in figure 2.7

Figure 2.7 shows that there is a part of the frequency response function
of the low pass filter for frequencies between 0.4ω/π and 0.6 ω/π where the
passband region (approximately 0 dB attenuation) goes down to the stop
band region (more than 40 dB attenuation). This range between 0.4ω/π
and 0.6ω/π is called the transition zone. As mentioned before, an ideal
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frequency response function cannot be achieved.However, the smaller the
transition zone, the closer the design is to the desired, ideal one.

The reason why this approximation is called a least squares
approximation[2] is that it minimizes the squared error E given by:

E =
1

2π

∫ π

−π
|H(ω)−Hd(ω)|2dω (2.8)

where Hd(ω) is the desired transfer function. An additional design feature
of the LS design is to include a frequency weight function v(ω), according
to E = 1

2π

∫ π
−π v(ω)|H(ω) − Hd(ω)|2dω. This weight function allows the

filter designer to put more or less emphasis at various frequencies during
the design of filters. A higher value on the weight function means more
emphasis is given to attenuate the error at a certain frequency.

In the design of digital filters, continuous time domains have to be con-
verted to discrete or digital. The continuous frequency domain can be di-
vided into discrete ones. The higher the number of discrete frequencies the
better approximation it is of the continuous range.

Let ωi represent the discrete frequency grid between [0 π] where i=1....I.
I is the number of discrete frequencies used to represent the frequency
domain. Let Hdi denote the desired transfer function at the discrete
frequency points. Hd is the transfer function that is going to be de-
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signed on a vector form where the elements of this vector are Hd =
(H(ω1), H(ω2), . . . ,H(ωI))

T . Also, let φi = φ(ωi) and Φ = [φ1....φI]. The
frequency transfer function, or frequency response function of the LS de-
signed filter, is given , for the frequency point in the grid, as H = hTΦ,
where .T denotes the transpose of a vector or matrix.

The continuous integration in 2.8 can be approximated as a discrete
summation:

E =
I∑
i=1

|H(ωi)−Hdi|2 (2.9)

The way the frequency weights are applied is through a diagonal weight
matrix W such that:

W =


v2

1

.
.
v2
I

 (2.10)

where v1...vI are the individual weights for each frequency ωi. With the
weight matrix, the weighted least squares error of the design[2] will be

E =
I∑
i=1

v2
i |H(ωi)−Hdi|2 (2.11)

The least squared error can also be defined as

E = (H−Hd)W(H−Hd)H (2.12)

where .H denotes the Hermitian transpose of a matrix.
This can be rewritten as:

E = (H−Hd)W(H−Hd)H

= HWHH −HWHH
d −HdWHH + HdWHH

d

= hTΦWΦHh− hTΦWHH
d −HdWΦHh + HdWHH

d

= hTΦWΦHh− hT2Re{ΦWHH
d }+ HdWHH

d

(2.13)

where Re denotes the real operator. Computing the partial derivative of E
with respect to h and evaluating it to zero yields:

∂E

∂h
= 2ΦWΦHh− 2ReΦWHH

d = 0 (2.14)

which yields

h = (ΦWΦH)−1Re{ΦWHH
d } (2.15)
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Chapter 3

Implementation

This chapter discusses the implementation of the device using the theories
mentioned in Chapter 1. Finally, an array of 8 microphones was configured
in a circular array.

3.1 Problem Geometry

3.1.1 Linear vs. Circular Array

The implementation started by first testing out a linear array made up of two
microphones, and then moving on to a circular array of three microphones.

Figure 3.1 shows diagrams of a linear array together with a circular
array. The microphones of the linear array are placed on a line and are
equally distanced from each other in this example. The circular array is
configured with its microphones placed on the circumference of a circle, and
the microphones are equally distanced from each other.

Figure 3.1: Linear Vs. Circular Arrays
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In array signal processing, several sensors configured in a certain geomet-
rical setup will experience a phenomena called ’Spatial Aliasing’ [1]. Spatial
aliasing is when two or more sources in different positions are misinterpreted
to be emitting waves from the same position. Spatial aliasing is a similar
phenomena to frequency aliasing except that the aliasing happens in space,
not in frequency. In a linear array setup, the spatial aliasing exists in regions
in the front and the back of the array, as is shown in figure 3.2.

Figure 3.2: Spatial Aliasing Problem: The sound source at point A can be
misidentified with the sound source at point B

In figure 3.2, A and B represent two sound sources that are on opposite
sides of the line that connects the two microphones. This array setup can-
not differentiate between these two sources, causing the problem known as
spatial aliasing. A solution to the spatial aliasing problem can be adding
more microphones or changing the geometry of the setup. For this device,
a circular array is used in order to overcome the front-back spatial aliasing.

3.1.2 Array Geometry

For simplicity reasons, a three microphone circular array setup will be shown
to explain the geometry and idea behind the spatial acoustical measurement
device. A definition for a generalized filter design method for an arbitrary
number of microphones with arbitrary array geometries will then be estab-
lished.

Figure 3.3 shows three microphones setup in a circular array. In this
array, the center of the cartesian axes is the origin.

14



Figure 3.3: Three microphones with a sound source

The sound source is emitting waves towards the direction of the array.
The sound wave is assumed to be planar since it is in the far field (as
mentioned in Chapter 2.3 of this report). Being in the far field, it can be
assumed that the wave is perpendicular to the direction of propagation.
This assumption makes the mathematical calculations easier without losing
much of generality.

The first microphone to receive this sound wave in this example is M1,
followed by M3, and finally M2. The sound waves arrive at the separate
microphones in three distinct times. The values D2 and D3 represent the
distance that the sound wave travels to each of the microphones M2 and M3

after being received by the first microphone, M1. The speed of sound in air
can be generalized as c = 340m/s, and using the formula of motion D = V T
where D represents the distance, V represents the velocity of propagation,
and T represents the time. The additional relative times that the sound

15



waves took to arrive to each microphone can be found as:

T2 = D2/c (3.1)
T3 = D3/c (3.2)

where T3 and T2 are the additional time delays for the sound wave to arrive
to microphones M3 and M2, respectively. Knowing these delays is essential
for the filter design step that will be covered by the next section.
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3.2 Filter Design

The filter design discussion starts with a two microphone setup and then
moves on to the general case of more microphones. It is generally easier
to understand and work on the two microphone linear setup than to tackle
a general case directly. For the sake of simplicity the same approach of
explaining the filter design techniques is used here.

A circular array with sensors equidistant from each other and on the
radius of a circle is called a Uniform Circular Array, and a linear array
with sensors equally distanced from each other is similarly called a Uniform
Linear Array [5].

3.2.1 Simple Two-Element Array

In the previous section the delays needed by the incident signal to arrive
to each microphone were established . This section shows how these delays
are incorporated in the filter design to achieve the desired spatial filtering.
First, the filter design for a simple two microphone linear array is described,
and the filter design for a general array is described. Figure 3.4 shows a
simple two element array.

Figure 3.4: Two Microphone Array with filter and sum beamformer
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The signals x1(n) and x2(n) in figure 3.4 are the recorded signals from
the microphones which are then input into the filters h1(n) and h2(n). The
outputs of these filters, y1(n) and y2(n) are then summed up to give one
final output z(n).
The angle, θ, that the direction of propagation of the sound waves makes
with the x-axis is called the angle of incidence (AOI), or angle of arrival
(AOA).
D2 is the distance that the sound wave traverses between microphones M1

and M2. The distance d is the spacing between each microphone and the
origin. As mentioned before, the filter coefficients control the angle the
device is ’listening’ to, and the way to get the coefficients of each angle will
be shown in the following.

Looking at Figure 3.4, there are two similar triangles ∆OBC and
∆ABD. This leads to the angles DÂB and BÂC being equal to θ, the
angle of incidence. D2 can be found in terms of d and θ:

cos(θ) = D2/2d (3.3)
D2 = 2dcos(θ) (3.4)

Knowing the additional propagation distance D2, the time delay can be
identified as T = D2

v = 2d
v cos(θ) where v is the speed of sound. The delay in

samples is N = T/FS where FS is the sampling frequency in Hz. In spectral
domain, a time delay is denoted by the frequency response function:

L(ω) = e−jωN (3.5)

where ω is the normalized angular frequency. Since the delay is a function
of θ, which is the angle of arrival(AOA), or angle of incidence (AOI), the
frequency response function corresponding to the additional propagation is
formulated as:

L(ω, θ) = e−jωFS
2d
v
sin(θ) (3.6)

Now, referring to figure 3.4, there are two signals x1(n) and x2(n) as
inputs to the filter. Since the signal received at microphone two is delayed
more than that of microphone one, the frequency function of these two
signals are related as follows:

X2(ω) = L(ω, θ)X1(ω) (3.7)

The output signals after each filtering are Y1(ω) = H1(ω)X1(ω) and
Y2(ω) = H2(ω)X2(ω), respectively. H1(ω) and H2(ω) are the transfer func-
tions or frequency response functions of h1(n) and h2(n), respectively. The
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total output Z(ω), which is the frequency response function of z(n), is there-
fore:

Z(ω) = Y1(ω) + Y2(ω)
= H1(ω)X1(ω) +H2(ω)X2(ω)
= H1(ω)X1(ω) +H2(ω)L(ω, θ)X1(ω)
= X1(ω)(H1(ω) +H2(ω)L(ω, θ)) (3.8)

The total transfer function of the system is:

T (ω, θ) =
Z(ω)
X1(ω)

= H1(ω) + L(ω, θ)H2(ω)
= ΦT (ω)h1 + L(ω, θ)ΦT (ω)h2 (3.9)

This is formulated as:

T (ω, θ) = ΨT (ω, θ)h (3.10)

where

Ψ(ω, θ) =

(
Φ(ω, θ)

L(ω, θ)Φ(ω, θ)

)
(3.11)

and

h =

(
h1

h2

)
(3.12)

The vector notation of an FIR filter has been adopted here [3]. In this
case, the design regards both spectral and spatial domain so Φ is:

Φ(ω, θ) = (φ(ω1, θ1) φ(ω2, θ1) ... φ(ωI, θ1) φ(ω1, θ2) ... φ(ωI, θK)) (3.13)

where K is the number of discrete angles taken into the design. Equa-
tion 3.13 gives the size of Φ equal to M × IK. The higher the number of
frequencies and angles taken into the design, the higher the design accuracy
would be. However, it would also require more calculations as the matrices
become very large.
Using the LS design approach discussed in the theory part of this report, see
section 2.4, assigning a desired transfer function Hd(ω, θ) provides a means
to compute the filter coefficients according to equation 2.14. However, the
desired passband and stop band zones are now taken in angular and spatial
domain. One example of a design specification for a spatial and temporal
bandpass filter is shown in figure 3.5.

The actual transfer function for a two element array designed with the
LS method is shown in figure 3.6.
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Figure 3.5: Design specification (Ideal transfer function)
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3.2.2 Simple Circular Array

In the previous section, it was shown how to get the delay functions for a two
microphone array using geometric identities and trigonometric functions.
Similar methods are used to get the delay functions for a three microphone
circular array that is shown in figure 3.7. It may be noted that this array is
not a uniform circular array as defined before, instead it is a circular array
with the microphones located at special points at a circle as to make the
geometric calculations easier.

Figure 3.7: Three microphone circular array

Following the derivation for the two-microphone simple linear array, the
delays for this three-microphone structure are found as

D2 = 2dcos(θ) (3.14)

D3 =
√

2sin(
π

4
+ θ) (3.15)

These distances are translated into propagation delays in the same man-
ner as in the previous section. The delay functions are:

N2 = T2.FS =
D2

c
FS (3.16)
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N3 = T3.FS =
D3

c
FS (3.17)

The propagation path transfer functions are:

L2(ω, θ) = e−jωFS
2d
c
sin(θ) (3.18)

L3(ω, θ) = e−jωFS
√

2
c
sin(π

4
+θ) (3.19)

The beamformer’s output signal in the frequency domain is

Z(ω) = X1(ω)H1(ω) + L2(ω, θ)H2(ω)X2(ω) + L3(ω, θ)H3(ω)X3(ω) (3.20)

where H1(ω), H2(ω), and H3(ω) are the transfer functions of the filters
of the filter-and-sum beamformer that are attached to microphones one,
two, and three respectively. The basis function is found by appending the
transfer function for each microphone:

Ψ(ω, θ) =

 L1(ω, θ)Φ(ω, θ)
L2(ω, θ)Φ(ω, θ)
L3(ω, θ)Φ(ω, θ)

 (3.21)

where L1(ω, θ) is equal to 1 in this case since the delay is 0 i.e., e−jω0 = 1.
The total transfer function is:

T (ω, θ) = Ψ(ω, θ)h

=

 L1(ω, θ)Φ(ω, θ)
L2(ω, θ)Φ(ω, θ)
L3(ω, θ)Φ(ω, θ)


 h1

h2

h3

 (3.22)

3.2.3 A General Approach

The problem with using a geometrically based approach in finding the delays
is that the more microphones added to the array, the more complicated
the geometry becomes. Another reason is that it is assumed that one of
the microphones is used as the reference microphone, in other words, the
microphone to which the sound wave arrives first. In figure 3.4, if the sound
source was on the left side of the array instead of the right, microphone one
would no longer be the reference microphone; as the sound wave would be
received first by microphone two. A general approach that is discussed in
this section provides more versatility to the array geometry.

The idea behind this approach is to define an imaginary or virtual source
at the desired angle for which the device should point towards.
This approach is summarized in the following steps:
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1. Define the microphone array mi =

(
xi
yi

)
where i is the microphone

index and xi and yi are the Cartesian (x,y)-coordinates of each mi-
crophone in the array. A three dimensional structure may easily be
obtained by extending the Cartesian coordinate system.

2. Define a virtual or imaginary source located at a desired θ. This angle
is sweeped to define the source for every angle in the stopband and
passband. The location of the virtual source is defined as S(θ) =

S

(
cos(θ)
sin(θ)

)
where S specifies a distance of the virtual source from

the origin of axes.

3. Define the distance to be in the far field of the array, e.g., S = 100 max
i,j

||mi − mj||2. The actual distance value is not important; what is
important is to have the source at a certain distance such that its
virtual sound waves would be in the far field of the microphone array.
The max

i,j ||mi −mj ||2 is the maximum dimension of the array [7].

4. Compute the distance Di(θ) between the source and each microphone:
Di(θ) = ||S(θ) − mi||2. The minimum of these distances miniDi(θ)
will correspond to the microphone that is closest to the source, and
thereby, the reference microphone.

5. Find the delay for each microphone: Ti(θ) = Di(θ) −
min
i Di(θ)

v . The

delay for the reference microphone would be 0, since Di(θ) =min
i Di(θ).

After completing these steps, the signal from each microphone in spectral
domain would be:

Xi(ω) = Li(ω, θ)S(ω)
= e−jω2πTi(θ)FSS(ω) (3.23)

where S(ω) is the power spectrum of the sound wave.
A Matlab code for designing a beamformer filter according to the above
described general procedure is given in the the appendix of this report,
script micsmultifreq.m.

A plot of the transfer function of a uniform circular eight microphone
array is shown in figure 3.8.
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Figure 3.8: Transfer function for a uniform circular eight microphone array
with the passband centered at 225 degrees
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3.3 Sound Source Localization

The main goal of the spatial acoustic measurement device is to locate
dominant sound sources in noisy environments, as mentioned in the intro-
duction. However, the device can also be used in other applications, such
as focused or directional microphone that passes sound from one direction
while attenuating other directions. The advantage of using this device, as
mentioned in section 2.1 is that no physical change is needed when a new
’listening’ direction is desired.
This section describes how the main goal of the sound source localization
is achieved. After the sound is measured by the microphones, the filters
point to a certain angle. The power of the total output of the device is
then measured. The same procedure is repeated for the rest of angles that
span the space around the device. The output which has the highest power
corresponds to the dominant source or noise, and the angle at which the
highest output power is calculated is the direction of the sound source.

The space around the microphone array is divided into many regions.
The number of these regions depend on the main lobe width and side lobe
level. This is discussed in the following section. In this section, the area was
divided into eight regions, with a main lobe width of 12 degrees. The filter
coefficients are calculated for every desired region. The sounds are recorded
by all microphones, and the direction is filtered by choosing the appropriate
filter coefficients that correspond to that direction or angle. For example,
if the desired angle is 45◦, the filter coefficients which point the filter to
45◦, are used, and after filtering the input sounds with these coefficients,
the sum of the outputs of each filter is calculated. The power of this last
output signal is measured in the form of power spectral density. The power
spectral density is the portion of a signal’s power (energy per unit time)
falling within given frequency bins. The most common way of calculating
the power spectral density of a signal is by applying the discrete Fourier
transform on it [12].

As an experiment, a uniform circular array of eight microphones were
setup. The radius of the circle that the microphones are placed on is 5 cm.
The main lobe width is 12◦, and the number of filter coefficients is ten. A
sound source emitting white noise was placed at an angle of 225◦, or 5π/4.
The angle 0◦ is taken from the left of the Cartesian position of x=0, as is
shown in figure 3.9.

Figure 3.10 shows the plot of the total transfer function with the device
listening to angle 0◦, while figure 3.11 shows the power spectral density of
the output of the device after pointing it to angle 0◦.

The power spectral density of the output is measured for every angle in
the sweep between 0◦ and 325◦.

Figure 3.12 shows the plot of the total transfer function with the device
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Figure 3.9: Top view of angles around array with device pointed to 0◦
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Figure 3.10: Transfer function of a filter pointing towards 0 degrees
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Figure 3.11: Power spectral density of output of a filter pointing towards 0
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listening to angle 225◦, while figure 3.13 shows the power spectral density
of the output of the device after pointing it to the angle 225◦, which is the
angle of the source.
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Figure 3.12: Transfer function of filter pointing towards 225 degrees, i.e.,
the direction of the active source
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Figure 3.13: Power spectral density of output of filter pointing at 225 de-
grees, i.e., the direction of the active source
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As mentioned in the introduction, noisy workplaces such as factories
can be hazardous to the health of workers. One of the main goals of this
device is to identify the location of these sources. If the device is being used
to identify a noise source, after identifying its location, a sound absorbing
screen can be setup in front of the source in order to reduce the effect of the
noise. The noise is therefore absorbed and poses less or minimal threat to
the workers.
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Chapter 4

Results and Analysis

4.1 Side Lobe Level

The side lobe level is the ratio of the amplitude at the peak of the main
lobe to the amplitude of the peak of the side lobe [7]. It is desirable to
maximize that ratio by minimizing the amplitude of the side lobe. Low side
lobe levels (high side lobe peaks) means that the signals present in the stop
band region will not be attenuated enough and will interfere with the signal
components in the pass band region, whether it be frequency components
or angular components. Figure 4.1 shows an explanation of the main lobe
peak, side lobe peak, and side lobe level on a band pass filter designed with
the LS method.

Figure 4.1: Side lobe level definition
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The following sections show the effect that the filter length, number of
microphones, and main lobe width have on the side lobe level.

4.1.1 Filter Length Effect

The number of filter taps, or number of coefficients, of each filter connected
to each microphone has a direct effect on the side lobe level. Figure 4.2
shows the plot of the side lobe level versus the number of filter coefficients.
The test was done using an eight microphone uniform circular array and a
main lobe width of 12 degrees.
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Plot of side lobe level versus filter length

Figure 4.2: Side lobe level vs. filter taps

Figure 4.2 shows that the side lobe level increased drastically when the
number of taps increased from two to eight. For filter taps between eight
and twenty, the value of side lobe level was almost the same, averaging at
around 24 dB.
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4.1.2 Number of Microphones Effect

The previous section showed that for filter taps between eight and twenty,
the side lobe level remained almost the same even if the filter taps were
increased. Using a fixed filter length of ten, the effect of the number of
microphones is investigated here. The microphones are again arranged in a
uniform circular array. Figure 4.3 shows the plot of the side lobe level versus
the number of microphones used, with a fixed number of filter coefficients
of ten and a main lobe width of 12 degrees.
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Plot of side lobe level versus number of microphones

 

 

Figure 4.3: Side lobe level vs. Number of microphones

Figure 4.3 shows that the side love level increased with every added
microphone to the array reaching around 35dB for and array of fourteen
microphones.

4.1.3 Main Lobe Width Effect

The main lobe width is the width between the first two nulls of the highest
peak in a filter, which is called the main lobe [11]. The nulls of a filter
are the local minimal to which the value of the frequency response function
drops to zero. The main lobe width and nulls are represented in figure 4.4.

The 3-dB bandwidth or the resolution of the main lobe is the width
between the values of the main lobe at 3dB less than its highest level. The
resolution of the pass band, is the range of angles that are inside the pass
band of the design and are the angles that the device ’listens’ to. This is
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Figure 4.4: Plot of a band pass filter with definition of main lobe width and
nulls

shown in figure 4.5.
The resolution is directly proportional to the side lobe level. The lower

the resolution is, the lower the side lobe level. This can be seen in figure 4.6
where a plot of the side lobe level versus the resolution is shown.

The number of filter coefficients used to produce the plot in figure 4.6
is ten, while the number of microphones is eight, configured in a uniform
circular array. However, increasing the main lobe width too much in sake of
side lobe level would reduce the angular accuracy of the device, therefore a
compromise has to be made in order to achieve optimal accuracy and side
lobe level.
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Figure 4.5: 3dB Bandwidth
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Figure 4.6: Side lobe level vs. main lobe width
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4.1.4 An Optimal Design

An optimal design of the filter trades off between filter taps, main lobe width,
angular accuracy and side lobe level. An example of an optimal design is
shown in figure 4.7. Based on the findings of sections 4.1.1, 4.1.2, and 4.1.3,
it consists of a uniform circular array of six microphones, a filter length of
ten, and a main lobe width of 7.2◦. The average side lobe level achieved was
18 dB.
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Figure 4.7: Optimal transfer function
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4.2 Noise Analysis

In a real world situation it is quite improbable to place microphones in a
uniform array with zero error in the placements. This section investigates
the effect of microphone position on the performance of the spatial acoustical
measurement device, in terms of the side lobe level.

Noise in Microphone Positions

This section investigates the sensitivity of the total filter design of the device
to inaccuracies in microphone placement. This is measured in the impact of
these inaccuracies on the side lobe level. As mentioned in section 4.1, it is
desirable to have the side lobe level as high as possible.

Radial Noise

The microphone array geometry used is a uniform circular array, placed
on the circumference of a circle with radius of 5 cm. The inaccuracies
in placements are added randomly to the radius of the circle that each
microphone lies on. The shift in radial position could be inwards to the
center of the circle, or outwards. The test was repeated twenty times in
order to calculate a mean side lobe level for each misplacement distance.

Figure 4.8 shows the plot of the side lobe level versus the displacement in
meters. The displacement is a random value between ±0.001m and ±0.01m.
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Figure 4.8: Side lobe level versus displacement
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Figure 4.8 shows that the side lobe level experienced a small deviation
of 3 to 4 dB in the displacement range of ±0.01m and ±0.1m. This shows
that the device is forgiving in small errors in displacements.

Figure 4.9 shows another test that investigates the effect of higher
values of displacement.

The maximum suggested error in radial placement should be not more
that ±0.01m.
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Figure 4.9: Side lobe versus displacement
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Angular Noise

Angular noise is an inaccuracy in the angular position of the microphones.
In a uniform circular array, the microphones are placed at equal angles from
each other. This section investigates the effect of the angular misplacement
on the side lobe level. Two kinds on angular displacement are investigated.
The first type is a random angular displacement applied to all microphones
in the array, and the second type is a random angular displacement applied
to one of the microphones chosen randomly. Figure 4.10 shows the plot of
the side lobe level versus the first type of angular displacement that adds
random noise to all microphones’ positions, in degrees.
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Figure 4.10: Side lobe level versus angular displacement for all microphones

Figure 4.11 shows the plot of the side lobe level versus the second type
of angular displacement, that adds random noise to one of the microphone’s
position, chosen randomly.

Figures 4.10 and 4.11 show that the design is more sensitive to the an-
gular noise applied to one of the microphones rather than the angular dis-
placement applied to all of the microphones in the array.

The investigation on angular noise did not give much insight to what
extent the design is forgiving to angular position error, but depending on
the radius of the circular array used, it is suggested that the error in angular
position be not more than 4◦ to 10◦.
The noise in microphone position investigation shows that the device is more
sensitive to the radial displacement than it is to the noise in angular position.
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4.3 Beamformer Filter Banks

In frequency domain, a filter bank is an array of band pass filters that span
the whole frequency range used. The filter bank separates the input signal
into several components that each contain a frequency component or sub
band of the original signal. In this device, the array is used in the spatial
domain, where the angles are separated by a filter bank. It is desirable to
construct a filter bank in a way such that the total sum of these individual
band pass filters is as flat as possible. In other words, the passband of one
band pass filter directed towards a certain angle should not be coincident
with the passband of another band pass filter that is directed towards a
different angle. The design of a filter bank depends on the main lobe width
given a fixed number of microphones and band pass filters used.

A filter bank using four band pass filters, a uniform circular eight micro-
phone array, and a main lobe width or resolution of 7.2◦ is shown in figure
4.12.
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Figure 4.12: Filter bank using four band pass filters

A two dimensional view of this filter bank is shown in figure 4.13.
The more the number of bandpass filters, the less the resolution of the

individual filters should be. A direct equation that relates the resolution
to the number of bandpass filters used does not exist. Rather, a loop that
goes through possible resolutions could be used. Starting with a maximum
resolution, the resolution is decreased linearly until an optimal resolution
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is found. This resolution is optimal in the sense that the total sum of the
filter bank is as flat as possible. This means that the difference between the
maximum and the minimum of the sum is minimal. Figure 4.14 shows the
total sum of the filter bank array shown in figure 4.13.

It is to be noted, that decreasing the resolution too much would decrease
the side lobe level of the filters. A compromise should be made between the
overall flatness of the sum of filter banks and the side lobe level.
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Figure 4.14: Sum of filter bank using four angles

42



Chapter 5

Conclusions

The spatial acoustic measurement device is able to achieve different amount
of attenuation for non pass band angles, depending upon the choice of filter
taps, resolution, and number of microphones. The device design is also
forgiving to errors in the placement of the microphones up to 1 cm. It is
also capable of identifying the source of dominant acoustic sources, using
pre-calculated filter coefficients. Future work could include extending the
design to cover a 3-dimensional area, using azimuth and elevation angles.
Another use of the sound source localization techniques can be in the design
of smart antennas for mobile phones. The same procedure used to find
the direction of a dominant sound source can be employed to detect the
direction of the strongest radio signal in the environment, and point the
antenna towards that signal.
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Chapter 6

Appendix

This chapter contains the scripts written in Matlab for performing the
various algorithms and tasks throughout this report.

Listing 1: micsmultifreq.m

A Matlab function for designing a beamformer using the general approach
described in section 3.2.3.

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%% Function for filtering out an angle with arbitrary number of mics%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

% M is the Matrix of microphones each row represents a microphone dimension
function [T,BigPhi2,hoLS,theta] = micsmultifreq(Micmtx,theta1,filterorder,res)

if (nargin<4), res=pi/10; end %Determining the resolution
if theta1>2*pi, theta1=theta1-2*pi; end %Checking if angle > 2*pi

[r,c]=size(Micmtx);

%Length of the filter
M1=filterorder; %Length of the individual filters
M=r*M1; %Length of the big Filter

%Sampling rate
Fs=8000;

%Speed of sound in meters/seconds
v=340;
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d=zeros(r,r);
for i1=1:r

for i2=1:r
%Distances between Microphones
d(i1,i2)=norm(Micmtx(i1,:)-Micmtx(i2,:));

end
end

%Imaginative source distance + position
S=200*max(d(:));

theta = (0:r*20-1)*2*pi/(r*20); %Number of angles between 0-360

%Finding the passband and the stopband and transition
passband = find(theta >= theta1-res & theta <= theta1+res);
stopband = find(theta < theta1-res-3*res | theta > theta1+res+3*res);
transition=find(theta<theta1-res & theta>=theta1-res-3*res | theta>theta1+res & theta <= theta1+res+3*res);

thetaPB = theta(passband);
thetaSB = theta(stopband);
thetaTZ = theta(transition);
theta = [thetaPB, thetaSB];

K=length(theta);

%Frequencies that can be heard by human ear

freq = linspace(0,4000,filterorder*3);

%Delay Function for every Microphone
f=find(freq>=500 & freq<=3500);
outf=find(freq<500 | freq >3500);

%Inside the frequency band
w1=2*pi*freq(f)/Fs;

%Basis function
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BigPhi=zeros(K,M);
BigPhi2=zeros(K*length(f),M);

% BigTd=zeros(K,1);
BigTd2=zeros(K*length(f),1);

% vikt_vektor=zeros(K,1);
BigViktVektor=zeros(K*length(f),1);

% BigW=zeros(K*length(f),K*length(f));
y=zeros(filterorder,1);
D=zeros(1,r);
N=zeros(1,1);
H=zeros(1,1);
%Frequency weight matrix Stopband
vi=0.075;

BigTd = [ones(length(passband),1); zeros(length(stopband),1)];
vikt_vektor = [ones(length(passband),1); vi*ones(length(stopband),1)];

for wi=1:length(w1)
for t=1:K;

%Imaginative source distance + position
source=S*[cos(theta(t)); sin(theta(t))];
%Calculating distance between source and each microphone
for i=1:r

D(i)=norm(source’-Micmtx(i,:)); %distance between source and each mic
end
mindist=min(D);

for i=1:r
N(i)=(D(i)-mindist)*Fs/v;
H(i)=exp(-j*w1(wi)*N(i));

end

y=exp(-j*(w1(wi)*(0:filterorder-1).’));

for i=1:r
BigPhi(t,(0:filterorder-1)+(i-1)*filterorder+1)=H(i)*y;

end

end
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%Desired Transfer Function (Passband filter)

BigTd2((wi-1)*K+1:K*wi,:)=BigTd;

BigViktVektor((wi-1)*K+1:K*wi,:) = vikt_vektor;

BigPhi2((wi-1)*K+1:K*wi,:)=BigPhi;

end
vi=0.075;
%Outside the desired frequency band..........................

w2=2*pi*freq(outf)/Fs;

%Basis function

BigPhi1=zeros(K,M);
BigPhi21=zeros(K*length(outf),M);

BigTd1 = [zeros(length(passband),1); zeros(length(stopband),1)];
vikt_vektor1 = [vi*ones(length(passband),1); vi*ones(length(stopband),1)];
BigTd21=zeros(K*length(outf),1);

BigViktVektor1=zeros(K*length(outf),1);

% BigW1=zeros(K*length(outf),K*length(outf));
y=0;
D=zeros(1,r);

for wi=1:length(w2)
for t=1:K;

%Imaginative source distance + position
source=S*[cos(theta(t)); sin(theta(t))];
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%Calculating distance between source and each microphone
for i=1:r

D(i)=norm(source’-Micmtx(i,:)); %distance between source and each mic
end
mindist=min(D);

for i=1:r
N(i)=(D(i)-mindist)*Fs/v;
H(i)=exp(-j*w2(wi)*N(i));

end

y=exp(-j*(w2(wi)*(0:filterorder-1).’));

for i=1:r

BigPhi1(t,(0:filterorder-1)+(i-1)*filterorder+1)=H(i)*y;
% BigPhi1=[H(i)*y];

end

end
%Desired Transfer Function (Passband filter)

BigTd21((wi-1)*K+1:K*wi,:)=BigTd1;

BigViktVektor1((wi-1)*K+1:K*wi,:) = vikt_vektor1;

BigPhi21((wi-1)*K+1:K*wi,:)=BigPhi1;
end
BigPhi3=[BigPhi2; BigPhi21];
BigTd3=[BigTd2; BigTd21];
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BigViktVektor3=[BigViktVektor; BigViktVektor1];

% whos

%Calculation of the optimal vector.........

BigW=diag(BigViktVektor3);

% tic
% rxx=real(BigPhi3’*BigW*(BigPhi3));
% rdx=real(BigPhi3’*BigW*(BigTd3));
% [hoLS, gamma ] = gl2(rxx ,rdx );
% hoLSsize=size(hoLS)
% gltime=toc
% tic
%
%
% hoLS=pinv(real(BigPhi3’*BigW*(BigPhi3)))*real(BigPhi3’*BigW*(BigTd3));
%
%
% pinvtime=toc
tic
Den=real(BigPhi3’*BigW*(BigPhi3));
Num=real(BigPhi3’*BigW*(BigTd3));
hoLS=Den\Num;

fslashtime=toc

T=BigPhi2*hoLS;
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