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UNIVERSITY OF SOUTHAMPTON 

ABSTRACT 

FACULTY OF ENGINEERING, SCIENCE AND MATHEMATICS 

INSTITUTE OF SOUND AND VIBRATION RESEARCH 

Doctor of Philosophy 

SIGNAL PROCESSING FOR CIRCULAR MICROPHONE ARRAYS 

by Clara Ferreira Cardoso 

The aim of this research is to design a microphone array that can be used for the 

reconstruction of the time histories of a number of acoustic sources. Several 

simulations were carried out to test the performance of a range of microphone arrays. 

A pre-requisite for the designs used is knowledge of the Green function relating the 

acoustic source strengths to the pressures they produce. A method that adjusts the 

phase representation of the Green functions and then corrects the impulse response by 

interpolation is applied in order to compute a discrete time representation of the Green 

functions. Signal processing solutions that minimise the square errors between the 

array output and the desired signal are employed to design the filters necessary to 

implement a focused beamformer. A focused beamformer maps the source signal by 

changing the assumed Green fonctions in accordance with the assumed source 

position. The use of both single-channel and multi-channel focused beamforming is 

studied. Computer simulations demonstrate that it is possible to obtain output time 

histories that are a delayed version of the source time histories and output spectra that 

are a good approximation to the source spectra. Circular arrays show no front-back 

ambiguity when compared to linear arrays. Also, a circular microphone array on a 

rigid sphere generally has an enhanced directivity when compared to linear and free 

field circular microphone arrays. This is due to the increased path that the waves have 

to follow when compared to the free field circular array. Practical experiments were 

carried out in the ISVR anechoic chamber where free field and rigid sphere circular 

microphone arrays recorded speech emitted by loudspeakers. As the angular 

separation between two sources diminishes and as the number of circularly, equally 

spaced, simultaneously emitting sources increases, a better performance is achieved 

when the circular microphone array is placed around a rigid sphere, and when 

measured Green functions are used in the beamformer design. 
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1 INTRODUCTION 

1.1 Background and Context 

Sensor arrays are used, in several applications, in order to obtain high spatial-temporal 

resolution, rather than just the limited spatial-temporal resolution acquired when using 

a single directional sensor. When using sensor arrays, superior directivity 

performance can be achieved that captures the desired signal without interference. 

Their applications include several fields of study, such as radar, sonar, 

communications, geophysical and medical imaging and astrophysics (Veen and 

Buckley, 1988, Krim and Viberg, 1996). The study of microphone arrays is one of the 

areas of research of sensor arrays. A microphone array is a useful resource for 

recording audio signals. Microphone arrays are employed in several applications such 

as teleconferencing, speech processing, hearing aids and in automotive engineering 

(Brandstein and Ward, 2001). This thesis deals with two aspects of the design of a 

microphone array; array geometry and signal processing methods. 

The array geometry is chosen depending on the dimensionality of the field to be 

studied. Several sensor array geometries can be found, such as linear, rectangular, 

spiral, circular and spherical. Linear arrays have been extensively studied due to their 

simple geometry and their numerous applications in, for example, radar, sonar, 

communications and so on. More recently circular and spherical microphone arrays 

have been investigated (Poletti, 2005 and Rafaely, 2005) and the introduction of a 

rigid sphere in these arrays has also been researched (Meyer, 2001 and Meyer and 

Elko 2002). The performance of free field linear and circular microphone arrays, as 

well as circular microphone arrays on a rigid sphere is studied in this thesis. 

Sensor array signal processing has been mainly concerned with the task of detecting, 

locating and finding the direction of arrival of signals. However, in this thesis, the 

goal proposed is the accurate recovery of source time histories. This ability could be 

applied for example in speech or music recording tasks as well as noise cancelling 

utilities. Therefore signal processing techniques are studied in order to design filters 

that process the recorded signals with the goal of obtaining an accurate estimate of 

source time histories. 



In this thesis the problem of accurately estimating the time histories of sources is 

looked at from an "inverse filtering" perspective, in the sense that appropriate filters 

are found to apply to each microphone signal that undo the modifications that each 

source signal suffers while travelling from the source to the sensors. The filters are 

derived by using a least squares solution that minimises the error of a cost function 

that consists of the difference between the output signal and a delayed version of the 

source signal. The focused beamformer maps the source signal by changing the Green 

functions associated with the assumed source position. Both single and multi-channel 

focused beamformers are tested. The single-channel beamformer simply focuses on 

the desired source signal to recover, while the multi-channel focused beamformer 

focuses on the desired source signal and also minimises signals from the look-

direction of interfering sources. The same procedure can be used to determine the 

signals associated with a number of sources, where each source is focused upon in 

turn and the remaining sources are treated as interferers. 

A more detailed introductory review of the design of microphone arrays is provided in 

Chapter 2. The influence of the geometric design of an array is discussed. Spatial 

filtering analysis is performed on continuous linear and circular microphone arrays 

when uniform filtering weight is used. Signal processing techniques are introduced, 

including beamforming and other methods developed to estimate source 

characteristics. 

Chapter 3 introduces the system used to investigate the performance of the 

microphone arrays. The free field Green function and the structure of the beamformer 

are mathematically derived. In order to be able to apply a suitable discrete time 

representation of the Green function in the computer simulations, signal processing 

techniques are developed to find a causal impulse response of the free field Green 

fimction when its delay happens to fall within measured samples. Several methods for 

dealing with this problem are studied. These include discarding the noncausal values 

of the Green frmction impulse response, applying a window to the Green ftinction, 

adjustment of the phase of the Green fimction, emulating an impulse response 

measurement, splitting the Green function between the two closest samples, and the 

final technique, that adjusts the phase and then corrects for that adjustment by 



interpolation. These methods are investigated and their advantages and disadvantages 

are considered in order to choose the best discrete Green function representation. 

The appUcation of single-channel focused beamforming and multi-channel focused 

beamforming in free field arrays is investigated in Chapter 4. The ability of the 

microphone arrays to recover the source time history and spectrum is evaluated, with 

both single-channel and multi-channel focused beamforming. The planar and vertical 

directivities of a linear microphone array are compared with the directivities of a 

circular microphone array in the fi-ee field, when a single-channel beamformer is 

applied. When using a multi-channel focused beamformer care must be taken when 

inverting the Green function matrix. Therefore the condition number of the matrix to 

invert in the equation describing the filters is observed and a regularisation parameter 

is introduced to avoid ill-conditioning problems. The directivity patterns obtained in 

the single-chaimel focused beamformer and in the multi-channel focused beamformer 

are compared. 

Chapter 5 studies the performance of microphone arrays on a rigid sphere. Initially the 

scattering of sound by a rigid sphere is analysed. The equation of the scattering of 

sound by a rigid sphere is derived and the process of scattering is studied. The 

directivity of a circular array on a rigid sphere is compared to a circular array in free 

field. The causes of the enhanced directivity when a rigid sphere is present are 

studied. Finally, the multi-channel focused beamformer is applied to the rigid sphere 

circular array. The directivity patterns obtained in the single-channel focused 

beamformer and in the multi-channel focused beamformer are compared. Also, a 

comparison is made between the directivities of the free field and rigid sphere multi-

channel focused beamformers. 

Chapters 6, 7 and 8 explain the experimental part of this research. Experiments were 

carried out that tested the performance of an 11-element circular microphone array in 

the free field and on a rigid sphere. A comparison is made between the performance 

of focused beamformers designed from computed and measured Green functions. 

Computed Green functions are designed using the interpolation method described in 

Chapter 3. Measured Green functions are obtained by measuring the transfer function 

between the input signal of the loudspeaker and the output signal of the microphones. 

In Chapter 6 the details of the structural design of the circular microphone array are 



illustrated and the experimental layout is described. The experiments performed 

consisted of testing the performance of the arrays to recover a source signal when a 

loudspeaker distance to the arrays was varied and the single-channel beamformer was 

designed for a specific distance. Next, the ability of the arrays to recover several 

simultaneous source signals is tested in Chapters 7 and 8. The performance of the 

arrays in recovering two sources moved progressively closer in angle is detailed in 

Chapter 7 and the ability of the arrays to recover an increasing number of circularly 

placed equally spaced sources is studied in Chapter 8. 

1.2 Contributions of the Thesis 

The main contributions of this work can be summarised as follows: 

• Signal processing techniques were studied to find the best discrete Green 

function representation to apply in the computer simulations. The discrete 

Green function representation impulse response had to be causal and its 

frequency response, once used in the "focused beamformer", had to provide a 

realisable filter. Several methods were researched. These included discarding 

the noncausal values of the Green function impulse response, windowing 

techniques, phase adjustment, emulating an impulse response measurement, 

splitting of the impulse between the two closest samples and an interpolation 

method. The final method that consists of adjusting the phase representation 

of the Green function and then correcting the signal timeline by interpolation 

was found to give the best Green function representation. 

A single and a multi-channel beamformer, whose functions are derived by 

using a least squares solution that minimises a cost function that consists of 

the squared difference between the output signal and the desired signal, were 

applied to microphone arrays in order to reconstruct the source time histories. 

The desired signal is defined to be a discrete delayed version of the source 

signal. It is shown that these beamformers recover the time histories and 

spectra of the contributing sources. 

The origin of the enhanced directivity produced when a circular microphone 

array is placed on a rigid sphere was studied. It is concluded that the 
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improvement is due to the increased path that the waves have to follow. When 

a rigid sphere is present the waves have to go around the sphere while in the 

free field the waves go through the array. Also, creeping waves formed when 

a rigid sphere is present further increase the path travelled by the waves since 

creeping waves have a lower velocity than the free field sound speed. 

When using a multi-channel focused beamformer, care must be taken in the 

filter design. Therefore the condition number of the matrix that is inverted in 

the filter equation was observed and a regularisation parameter was 

introduced in order to reduce the sensitivity to errors in the inversion process. 

It is concluded that for the situations of several secondary sources, and for the 

circumstance when sources are too close together, the beamformer filter 

matrix is ill-conditioned, especially at low frequencies. Once regularisation is 

introduced into the filter design process some accuracy in the recovery of the 

source signals is lost. 

When comparing the directivity patterns obtained when a single-channel 

focused beamformer is applied and when a multi-channel focused 

beamformer is used it is observed that a narrower main lobe can be obtained 

at low frequencies in the multi-channel case. Nulls are obtained for the multi-

channel directivity patterns at the angular positions of the secondary sources. 

When comparing the free field and rigid sphere multi-channel focused 

beamformer directivities, in general the rigid sphere improves the directivity 

patterns. 

Several experiments were carried out in the ISVR anechoic chamber in order 

to test the performance of circular microphone arrays. Comparisons were 

made between the performance of a free field array and an array on a rigid 

sphere, as well as between the performance of the focused beamformers when 

designed using measured Green functions or computed Green functions. The 

first experiment tested the recovery of the source signal when a loudspeaker 

distance to the arrays was changed and the beamformer was designed for a 

specific distance. A test speech sentence became quieter as the source moved 

away from the array and when the system used measured Green functions the 

ability to produce an output signal that was a good recovery of the source 
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signal improved (since the measured Green functions take into accovint the 

frequency response function of the loudspeaker and are measured in situ). 

The next experiment tested the ability of the arrays to separate the signals of 

two sources as the angle separation between them subsequently diminished. 

The introduction of a regularisation parameter in the beamformer design, 

especially when computed Green functions were used, improved the ability of 

the microphone array to recover the signals of very close sources. The rigid 

sphere array when compared to the free field array and the measured Green 

functions when compared to computed Green functions enabled better 

perception. 

The aim of the final experiments was to test the performance of the arrays 

when the number of simultaneous, circularly placed and equally spaced 

sources around the circular microphone arrays increased. As the number of 

sources increased a better recovery of the sources signals was achieved, once 

again, when a microphone array on a rigid sphere was used to record the 

signals and measured Green functions were used to design the beamformer. 
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2 A REVIEW OF INVESTIGATIONS INTO 

MICROPHONE ARRAYS 

2.1 Introduction 

This chapter presents a brief review of the design of microphone arrays. Two concepts 

that influence the performance of a microphone array will be introduced, namely the 

geometric design of the array and the techniques used for processing the outputs of 

the microphones. 

A microphone array is a configuration of sensors that captures a source signal and 

processes it in order to recover its characteristics. By using an array of microphones a 

directional listening response is achieved, with the objective of ensuring that 

interfering signals originating from different directions from the main source are not 

acquired. When compared to the use of a single microphone, a microphone array has 

the advantages of allowing an enhanced directivity that can not be achieved with a 

single directional microphone, enabling hands-free acquisition of the sound source 

signal and not requiring physical movement to alter its direction of reception. 

Microphone arrays have several applications in daily life, namely in computers, 

biomedical devices for the hearing impaired, mobile phones, speech recognition and 

in teleconferencing. The inclusion of microphone arrays in computer devices has 

expanded lately due to the increased use of voice communication software and game 

industry demands. When applied in hearing aids, microphone arrays have the 

objective of reducing the background noise (Greenberg and Zurek, 2001). The 

application of arrays in mobile phones has been used mostly regarding hands-free 

telephony in cars (Nordholm et al, 2001). However, the development of ever smaller 

microphones increases the possibility of including arrays in mobile phones for the 

reduction of background noise. Speech recognition can have several applications such 

as, hands free interaction, voice activation and computer dictation (Omologo et al, 

2001). Teleconferencing and auditoria were once considered a large market for 

microphone arrays. However, the enthusiasm for both of these applications has 

decreased in recent years (Compemolle, 2001). Audio used in conjunction with video 
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data can be used to provide the localisation of sound sources as discussed extensively 

by Zotkin et al (2000, 2002) and Strobel et al (2001). 

2.2 Array Geometry 

There are several geometric designs of microphone arrays, such as linear, spiral, 

rectangular, circular, spherical, etc. The array geometry depends on the goal that is 

desired to be achieved with the microphone array. 

The first geometric issue regarding the design of a microphone array is the 

dimensionality of the sound field to be studied. For example, if the sound field to be 

researched is one-dimensional then a linear array can be used. For a two-dimensional 

sound field a circular array could be employed, although a linear array might suffice if 

care is taken to avoid "fi-ont-back" ambiguity. If the sound field to be investigated is 

three-dimensional, then a circular array might be used but a spherical array would 

enable better accuracy. 

Linear microphone arrays were studied by Billingsley and Kinns (1976) for the 

investigation of aeroacoustic noise sources. Linear microphone arrays have the 

advantages of a simple geometry and continuous linear arrays show "natural" 

directivity that will be demonstrated in Section 2.3.1.3. Two-dimensional arrays 

include rectangular microphone arrays; Flanagan et al. (1991) studied a two-

dimensional planar array mounted on the ceiling of an auditorium for 

teleconferencing applications. The circular microphone array is another possible two-

dimensional geometry. Poletti (2005) investigated the performance of circular 

microphone arrays in the fi-ee field and Meyer (2001) researched "phase mode" 

beamforming for circular microphone arrays mounted on a rigid sphere. A three-

dimensional array allows a three-dimensional scan field that can not be achieved 

using two-dimensional arrays and a spherical geometry enables a sensor distribution 

that covers, all possible recording angles. Rafaely (2005) analysed the performance of 

spherical microphone arrays based on spherical-harmonic analysis. Meyer and Elko 

(2002) studied the performance of a spherical microphone array on a rigid sphere; 

they demonstrated that the acoustic response of arrays where the microphones are 

mounted on a rigid sphere leads to a highly desirable array directivity. Research in 
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chapter 5 of this thesis explains this improvement and presents observations that are 

confirmed and further detailed by Daigle et al. (2005). 

More complex geometries are considered in order to improve the performance of 

microphone arrays. Equally spaced microphone arrays often show a narrowing in 

beamwidth as frequency increases. This results in "low-pass sounding" output due to 

a larger beamwidth at low frequencies that allows more input power from room 

reverberation (Elko, 1996). A solution to this problem is described by Flanagan et al. 

(1991) that split a rectangular array into several nested sub arrays for optimal 

response at different frequencies. Parthy et al. (2006) placed a rigid sphere 

microphone array in the centre of a larger free field spherical array for improving the 

recording of the sound field at different frequencies. 

When trying to improve the directivity of a microphone array an optimisation problem 

is faced: the longer the array the better its low frequency directivity, while the shorter 

the spacing between the sensors in the array the better its high frequency directivity. 

Sidelobes formed in the array responses correspond to the ripples in the spatial 

Fourier transform. They can be reduced if spatial aliasing is avoided by spacing the 

array sensors by less than one half of the acoustic wavelength. As a result of these 

geometric constraints, further improvements in the performance of microphone arrays 

can only be achieved by using signal processing techniques. 

2.3 Signal Processing Techniques 

The goal of improving the directivity of a microphone array is to capture the sound 

source coming from a desired direction and suppressing all the "noise" coming from 

the other directions, without affecting the desired signal. If the desired signal and 

interferences occur at the same time but their sources are at different locations, 

temporal analysis can not be used to separate the signal from the interferences, but 

spatial analysis can. Sensor array signal processing consists of processing data 

collected from sensors in order to perform space-time analysis. Therefore signal 

processing techniques applied to sensor arrays represents a multifaceted problem, 

since it can be seen as an extension of time analysis techniques; other parameters have 

to be considered in space-time processing such as the spatial distribution of the 

sensors as described above. 
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2.3.1 Spatial Filtering 

When a sound wave originating from a far field source perpendicular to a continuous 

linear array reaches the array it can be considered to be a plane wave. Consequently, 

the signals at each sensor will be in-phase, contributing positively when summed 

together to produce the output signal. Therefore far field directivity can be achieved 

by using a continuous linear array. However, if the continuous array has a circular 

geometry the signals will no longer be in-phase when summed, therefore the 

continuous circular array will not show the directivity obtained when using a linear 

array. This is mathematically demonstrated below, and Matlab simulations are also 

performed to further confirm these results. 

2.3.1.1 Linear Arrays 

An elementary mathematical study of a harmonic acoustic plane wave reaching a 

continuous linear array from a certain angle is undertaken in this section. This 

analysis is based on that presented in the review given by Nelson (2004). The usual 

notation will be used throughout this thesis, where italics denote variables and bold 

face type denote matrices; j is the square root of -1. Also, s(t) represents the 

continuous time variable with Fourier transform and assuming that the data is 

sampled at a time interval T, s{nT) will be written as s{n) and the discrete time 

variable with Fourier transform S'(e'̂ ^) will be denoted as for abbreviation 

purposes. 

A plane wave, with an angle 9 and wavelength A, impinges upon a continuous linear 

array, with an assumed infinite length, positioned on the x-axis. The system output is 

given by, 

== (2.1) 

where w(x) is the weighting function that represents the contribution of each element 

of the array to the system output and pix) is the acoustic pressure. This is given by 

= (2.2) 

where k is the wavenumber of an acoustic plane wave with a time dependence of the 

form e''"'. The wavenumber component in the x-direction is given by kx= ksind. 

16 



The rectangular aperture function defined by 

is the simplest form of weighting function related to a continuous line array. 

Substituting Equations 2.2 and 2.3 into Equation 2.1 gives the output of the array in 

the form of a wavenumber transform, 

% ) = - f ) (2.4) 

which shows an emphasis on the dependence on the wavenumber kx. Note that the 

wavenumber transform is similar to the Fourier transform used to obtain the 

frequency content of a given time history. Since e'"-e"^"=2jsinot, the array output 

becomes 

sm[(*J/2)sing] 

which is a "sine" function, whose zero crossings closest to the origin are given by 

(^Z/2)sin^=±7c (2.6) 

when the angle of the impinging plane wave is d. Substituting the identity k = 2nlX, 

shows that 

d=±sm\XIL) (2.7) 

If it is assumed that the acoustic wavelength is much smaller than the length of the 

array then, 

9 * (/L «:j&) (2.8) 

and the directivity of the main lobe of the linear array is situated within -AJL and XIL. 

Thus, it can be concluded that the width of the main lobe is inversely proportional to 

the length of the array, which leads to the feature referred to previously: a long array. 
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compared to the acoustic wavelength, is needed to obtain a narrow main lobe at low 

frequencies. 

2.3.1.2 Circular Arrays 

This section uses, for continuous circular arrays, a process similar to the one applied 

in the previous sub-section 2.3.1.1. Consider a continuous circular array receiving a 

harmonic acoustic plane wave from an angle d, whose wavelength is X. This will 

produce the following output in the circular array, 

= |o"w(a);7(a)da (2.9) 

where w(a) is the weighting function that represents each sensor contribution to the 

system output and p{a) describes the acoustic pressure as a function of the sensor's 

angle a with the array centre. 

The complex pressure of a plane wave travelling in two-dimensions can be written as 

(Nelson and Elliott, 1993), 

Pp W = Pp (2.10) 

where Pp(y) is the complex pressure and k is the acoustic wavenumber vector with 

modulus k. 

Assuming that Pp{y) = A and y is located at the origin, the plane wave incident upon 

the array only has components in the xi and xz directions and travels at an angle 6 to 

the xi axis, as shown in Figure 2.1. Thus, 

(2.11) 

Since cosa = x\lr and sina = xi/r, where r is the distance from the origin 

to the point (xi, xi), then, 

(2.12) 

From the trigonometric property, cos(a-0) = cos a cos6+ sinor sin0. 
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= (2.13) 

The uniform weighting function associated with the circular array can be written as 

w=\/2Ttr (OandlTi) (2.14) 

Therefore the output of the circular array can be written as 

Y(a) = — (2.15) 
2nr " 

From the mathematical property 

J , (z) ^ (2.16) 
27tj" Jo 

assuming n=0 and considering that ^ is a constant, the integral in Equation 2.15 can 

be evaluated to give 

r ( ^ ) = (2.17) 

r 

where Jo(-kr) is the Bessel function of the first kind of order 0. 

So, the output of the circular array is given by 

]"(&,-) ==:̂ ĵro(-;b") (2.1!!) 
r 

Note that the output Y{kr) does not depend on the direction of arrival of the source 

signal. This means that if a continuous circular array has uniform filter weighting the 

array is omni-directional and has no directivity. 

2.3.1.3 Simulations 

The conclusions obtained in sub-section 2.3.1.1 for continuous linear arrays and in 

sub-section 2.3.1.2 for continuous circular arrays are tested with some illustrative 

computer simulations. These simulations are undertaken with a source in the near 

field and in the far field. The circular array has a radius of 0.09m, the linear array has 

its width equal to the circumference of the circular array, therefore 0.56m. In this way 
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the linear array is an "unwrapped" circular array, in the sense that the linear array is a 

circular microphone array opened to the sides after a cut in the 0°-180° axis. The 

maximum frequency to be plotted is 20kHz. The arrays have 51 receivers; the circular 

array is designed assuming there is a microphone straight in front of the source and 

the other microphones are distributed equally around the circumference of the array, 

as shown in Figure 2.2. Since it is assumed that the linear array is an "unwrapped" 

circular array, by having an odd number of microphones the linear array has one 

microphone in the middle of the array and equal numbers of microphones on the left 

and on the right of the central microphone. The far field distance between the sources 

and the microphone arrays is chosen to be 10m and the near field distance is chosen to 

be Im. The sampling frequency to be used is 150kHz with 2̂ ^ samples, high values 

being used to try to approximate the system to a continuous system. The input signal 

fed to the system has a magnitude of unity at all frequencies. The directivity is 

calculated with sources spaced at 1° intervals, for six arbitrary frequencies distributed 

up to 20kHz. 

The systems used are shown in Figure 2.2. As shown in the figure, the only filter 

through which the signal passes is the free field Green function, described below in 

Equation 2.20. The signals from the sources after reaching the sensors are multiplied 

by the constants w, specified in sub-sections 2.3.1.1 and 2.3.1.2 above, and then added 

together to produce a single output. 

The acoustic radiation from a point monopole source in free space is given by 

p{r)=icopoq-— (2.19) 
4nr 

where p(r) is the complex pressure, po is the density (that throughout this thesis is 

assumed to have the value 1.21kgm'^), k^co/co where co is the angular frequency and 

Co denotes the sound speed (that throughout this thesis is assumed to have the value 

ns"" 

An time dependence is assumed. 

343ms"'), q is the source strength and r is the distance from the source to the receiver. 

Designating the complex volume acceleration ftmction, F=j coq, as the input and the 

complex acoustic pressure p{r) as the output, the frequency domain transfer ftmction 
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(free field Green function) of the path from the monopole source to the receiver can 

be written as 

-}kr 

(2(j<9)== Po -r--- (2.20) 
47tr 

In the time domain the ideal representation of the free field sound propagation is a 

scaled delta function with a time delay of r/co. The input signal, while travelling from 

the source to the microphones, suffers decay due to spherical spreading, which is 

proportional to 1/r and a time delay of r/co. 

Figure 2.3 shows the linear and circular microphone array directivities in the far field 

for six different frequencies up to 20kHz. The directivity is plotted from the 

magnitude of the output frequency response, with the source signal as the reference, at 

different angles with the source, 

20xZogio(|y(ja))|/|F(ia))|) (2.21) 

which represents a logarithmic scale in dB, where I 7(jfij) | is the magnitude of the 

frequency responses of the output signal and |F(j®)| is the magnitude of the 

frequency responses of the source signal. It is clearly seen that the continuous circular 

microphone array has homogeneous directivity, as it shows uniform response for all 

angles around the array, the values of the output responses can be verified in Figure 

2.4, where Equation 2.18 was computed for the different frequency values. The 

frequencies for which the directivities were plotted are denoted by circles in Figure 

2.4. The continuous linear microphone array shows two mainlobes to the front and to 

the back and some sidelobes. The mainlobes and the sidelobes become narrower as 

frequency increases, however the number of sidelobes increases. The aperture of the 

mainlobe can be verified in Figure 2.5, where Equation 2.7 was computed for the 

different frequency values. The frequencies for which the directivities were plotted 

are denoted by circles in Figure 2.5. These results illustrate the mathematical 

developments presented in sub-section 2.3.1.1 for linear arrays and in sub-section 

2.3.1.2 for circular microphone arrays, where it was shown that the linear arrays have 

"natural" directivity while circular arrays have none. It is also worth noting the natural 

lack of response of the circular microphone array at certain frequencies corresponding 

to the zeros of the Bessel function in Equation 2.18. 
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Figure 2.6 shows the directivity of Unear and circular microphone arrays with the 

source at Im from the array. The circular array remains omni-directional and the 

linear array directivity achieved at far field distances is degraded, as the linear array 

shows broader mainlobes when compared to Figure 2.3. As the source moves closer 

to the array the plane wave approximation to the radiation of a point monopole source 

will become invalid and the sound field that reaches the array will be composed of 

spherical waves. Therefore the wave reaches different sensors at different times, 

consequently the relative phase of the signals will unmatch and since no weighting is 

applied to the sensors to compensate for the phase differences the linear directivity 

mainlobe will broaden until it becomes omni-directional for sources very close to the 

array. 

2.3.2 Beamforming 

A beamformer is a multi-input single-output system, since the signals at each sensor 

are processed via filter weights in order to obtain an output signal and a desired 

directivity pattern. Beamformers can be classified as either data independent or 

statistically optimum, depending on how the weights are chosen. The weights in a 

data independent beamformer are chosen to present a specified response 

independently of the source signal/interferers scenario. A statistically optimum 

beamformer uses the source signal/interferers scenario data to optimise its filter 

performance. 

As explained in sub-section 2.3.1 signals that arrive perpendicularly to the array are 

in-phase contributing positively to the output signal, while signals that do not arrive 

perpendicular to the array undergo destructive interference. It can be noticed that 

preserving the signals arriving from an angle at zero degrees while suppressing 

signals from other directions is equivalent to low pass filtering techniques. Shaded 

arrays consist of applying different filter weights to modify the directivity, by trading 

between beamwidth and sidelobe attenuation. This is analogous to choosing a window 

shape in a filter design; for example a Harming window gives a large beamwidth with 

small sidelobes, other commonly applied windows are Dolph-Chebychev and 

triangular. 
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Another simple beamformer technique consists of steering the array in a desired 

direction. The delay and sum beamformer consists of impinging time delays or phase 

changes to adjust the angle of directionality of the array. The delays are chosen to 

compensate for time differences in the propagation of the source signal to each sensor. 

All the beamforming techniques referred above are data independent beamformers. 

These beamformers' only objective is to form a beam with specific characteristics but 

independent of the source data. Statistically optimum beamformers use data from the 

medium, namely source and interferers' characteristics, in order to improve the 

capture of the source signal. When using statistically optimum beamformer 

techniques attention has to be given to a possible cancellation of the desired signal 

when attempting to cancel the interferers. Possible correlation between the main 

source and the interferers might also affect the desired signal (Veen and Buckley, 

1988). Some examples of statistically optimum beamformers are: Use of Reference 

Signal, Multiple Sidelobe Canceller and the Linearly Constrained Minimum Variance. 

The Use of Reference Signal (or Pilot Signal) method described by Widrow et al. 

(1967) uses some knowledge of the desired signal in order to optimise the weights to 

generate an output signal that minimises the mean square error between the 

beamformer output and the desired signal. In the Linearly Constrained Minimum 

Variance technique (Frost, 1972) the weights are chosen in order to minimise the 

output signal variance subject to a constraint that imposes the beamformer response to 

have a desired gain and phase in the direction of the main signal. The Multiple 

Sidelobe Canceller (Applebaum and Chapman, 1976) consists of a main channel to 

obtain a mainlobe in the desired direction and several auxiliary channels to cancel 

interference entering through the sidelobes of the main channel response. 

Several modem beamformers are designed by applying some modifications to the 

beamformers described above. Namely, the Generalised Sidelobe Canceller 

beamformer, described by Griffiths and Jim (1982), is a progression of the Multiple 

Sidelobe Canceller and of the Linearly Constrained Minimum Variance Beamformer. 

2.3.3 Other Methods for the Estimation of Source Characteristics 

The beamforming methods described above were developed with the intention of 

detecting sources and finding their placement. In this section other methods that 
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approach the same problem and are also capable of finding other source 

characteristics are described. These methods also make use of arrays of sensors to find 

source characteristics. One of the reasons for the development of this field of study is 

the desire of understanding the characteristics of the sources in order to understand 

how to reduce the source output (Nelson and Yoon, 2000). 

Several researchers attempted to find the characteristics of noise sources in jet 

engines. Billingsley and Kiims (1976) developed a system with a linear microphone 

array and a mini-computer to locate and determine the statistical properties of sources 

on full-size jet engines. In the following year, the polar correlation technique was 

developed that makes use of the Fourier transform relationships between acoustic 

source distributions and the cross-spectra measured between microphones, placed on 

a polar arc array, in the far field. This method is unable to resolve sources separated 

by less than one-half of an acoustic wavelength. A parametric approach was later used 

where a least squares fit procedure is used to calculate the set of source strengths that 

provide minimum error with respect to the measured cross-spectral data. The last two 

methods described have a major restriction since they both require that all sources be 

mutually incoherent (Fisher and Holland, 1997). 

A method developed by Maynard et al. (1985), near-field acoustic holography, also 

makes use of a relationship between the acoustic source distribution and its radiated 

field. This method employs a wavenumber transform in order to decompose the sound 

field, impinging on an array originated from a near field source, into its constituent 

plane wave components. The Helmholtz equation in the wavenumber domain is then 

used to relate the transformed source acceleration and the equivalent transformed 

acoustic pressure. This method allows measurements of source components that are 

separated by distances less than one-half wavelength. 

Another approach to the problem includes finding the distribution of a source strength 

by minimising the mean square error between the measured field and the output of a 

model. The model was developed by a decomposition of the radiated field, which was 

achieved by either spherical harmonic decomposition or by a discrete representation 

of the source distribution in a Kirchoff-Helmholtz representation. 
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Veronesi and Maynard (1989) derived a matrix which related the strengths of a 

distribution of discrete sources, in a Kirchoff-Helmholtz representation, to the 

acoustic pressure at a number of field points. This matrix was then expressed in terms 

of its singular value decomposition and a similarity was found with the matrix 

operations used in near-field acoustic holography. 

Several estimation algorithms can be used to determine the direction of arrival of a 

desired source signal and resolving very close sources. The MUSIC algorithm 

(Schmidt, 1986), the Root MUSIC and the ESPRIT algorithms use eigenvalue 

decomposition methods. The Maximum Likelihood estimator, that uses the Maximum 

Likelihood principle, is another method that can be used and is described by El-Beheri 

and MacPhie (1977). These methods can also be used to find the number of sources 

present, to improve the localisation of sources that are close together and to determine 

several other source characteristics. Source locations can also be obtained from a set 

of delay estimates measured across various combinations of sensors. 

Stoughton and Strait (1993) incorporated source characteristics in a linear minimum 

mean-squared error imaging estimator for the identification of the distribution of a 

source strength. 

2.4 Summary 

This chapter presented an overview of the field of microphone arrays. Microphone 

arrays are used in order to achieve a directional response and obtain information on 

the source signal. Two characteristics of the design of microphone arrays were 

identified in this Chapter, the geometry of the array and the signal-processing block. 

Regarding the geometry of the array it was stated that the choice of the dimensionality 

of the array depends on the required dimensionality of the sound field to be analysed. 

The low frequency directivity of the array is dependent on the aperture of the array 

and the placement of the sensors, namely its spacing, should be studied to avoid 

spatial aliasing especially at high frequencies. Due to these geometric restrictions in 

microphone arrays, signal processing techniques have to be used to further enhance 

the performance of the arrays. 
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The directivity response of a continuous linear and a continuous circular microphone 

array where the sensors signals were simply summed, without any processing of the 

data, was firstly deduced mathematically and then verified by Matlab simulations, 

concluding that the linear microphone arrays have "natural" directivity while the 

circular microphone arrays have none. 

Beamforming techniques and other estimation methods that are mainly used to detect, 

find the direction of arrival and location of sources were introduced. Most of these 

methods are also used in order to obtain a required directivity of the arrays. 
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Figure 2.1 Plane wave localised in the %i, %2 plane travelling with an angle 9 to the xj axis. 
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Figure 2.2 Linear and circular systems used to perform the simulations. 
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Figure 2.3 Directivity of linear and circular arrays with 51 microphones at 10m from the source for 6 
different frequencies. 
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Figure 2.4 Output of the circular array at 10m from the source. 
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Figure 2.5 Mainlobe aperture of the linear array at 10m from the source. 
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Figure 2.6 Directivity of linear and circular arrays with 51 microphones at Im from the source for 6 
different frequencies. 

30 



3 DISCRETE TIME REPRESENTATION OF THE 

GREEN FUNCTION 

3.1 Introduction 

This Chapter begins with an analysis of the implementation of a beamformer system 

in a real environment and a discussion of the method for simulating this real 

environment on a computer. Since in a computer simulation it is impossible to 

represent the signals at all frequencies, suitable discrete signal representations have to 

be found. Therefore signal processing methods are studied in order to develop a 

discrete time representation of the Green functions, that ensures a causal impulse 

response and whose frequency response once applied to a focused beamformer 

provides a realisable filter. The methods investigated include discarding the non-

causal values, applying a window to the Green function, emulating an impulse 

response measurement, adjusting the phase of the Green function, splitting the 

impulse response by the two closest measured samples, and the final method chosen 

that adjusts the phase and then corrects the time history by interpolation. A least 

squares estimation method will be used to mathematically derive a focused 

beamformer that ensures that the output signal is as similar as possible to the delayed, 

anti-aliased and sampled source signal. 

3.2 Real and Simulated Beamformer Implementations 

The block diagram in Figure 3.1 shows the application of a beamformer in a real 

environment. VQco) is the continuous volume acceleration of the source. GQco) 

represents the Fourier transform of the continuous time Green function. An anti-

aliasing filter, AQco), is applied at the sensor array to the continuous sound field 

radiated by the source before the data is processed digitally. After summing all the 

signals resulting from applying the filtering weights, to the sampled sensor 

signals, X(e'®), an output signal, r(e''^, is obtained. The superscript * denotes the 

complex conjugate, and its application to the weights W(^'^ is conventional in array 

signal processing techniques since it simplifies the notation (Veen and Buckley, 

1988), as will be seen in section 3.3. This output signal is then compared to the 
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desired signal, Z)(e'®), which is a delayed and anti-aliased version of the discrete 

representation of the volume acceleration of the source is the error 

resultant from the comparison of the output signal, 7(e'®), with the desired signal. 

Since this real environment is impossible to replicate in a computer simulation, as it is 

not viable to simulate the Green functions Gi^co) over all frequencies, the practical 

approach is to use a finite bandwidth and obtain a discrete representation of the Green 

functions G(e'^, as shown in Figure 3.2. 

Figure 3.2 shows the block diagram used to perform the computer simulations. The 

source volume acceleration, V(]oi), after being anti-aliased and sampled is represented 

by F(e'®). G(e'^ is the discrete representation of the Green functions. The microphone 

array then processes the resulting signal, X(e'®), through the filters with the 

goal of obtaining an output response, 7(e''^. The goal is to obtain an output response 

that is as close as possible to the desired signal, D(e'^, which is a delayed version of 

the anti-aliased volume acceleration of the source, 

The equations describing the filters PF*(e'̂  and the Green functions will be 

derived in this Chapter. The mathematical derivation of the filters will use a 

method that ensures that the output signal, /(e*^, is as similar as possible to the 

desired signal, D(e''^. Signal processing techniques are then developed to find a 

suitable discrete representation of the Green functions, G(e''^, to be used in the 

computer simulations in order to replicate a real situation. 

3.3 Least Squares Estimation of a Single-Channel Focused 

Beamformer 

The goal of the system shown in Figure 3.2 is to obtain an output signal, 

similar to a source signal sampled, anti-aliased and delayed, D(e'®). Thus a filter, 

PF*(e'^, is designed using a least squares solution that minimises the errors between 

the output and the desired signal. 

The firequency domain output of the system, shown in Figure 3.2, can be calculated by 
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r ( 0 = w"x (3.1) 

where the superscript H denotes the conjugate transpose, is the conjugate 

transpose complex vector of the beamformer digital filters defined by 

w" = ... (3.2) 

and X is the complex vector of the sensor signals given by 

= D%i(ej")J%;,(ê *)... (3.3) 

where T denotes the transpose. Assume the sensor signals are x = s+n, where n is a 

vector of unwanted noise signals and s = gF(e^^), where F(e''^ is the source volume 

acceleration and g is the complex vector of the Green functions 

gf == [(3i(e^") Gf2(ei*).. (3 4) 

The expression for the beamformer vector is found by minimising the modulus 

squared of the difference between the output of the system, 7(6̂ ®), and the desired 

signal, D(e'®), in the following cost function (Nelson, 2004), 

J = E y(ej")-D(ej")^ (3.5) 

where E[ ] denotes the expectation operator and £>(6*®) = F(e'"^ where A 

represents a suitably chosen delay. From Equation 3.5, 

J = E[(w " X - Z)(e ))(w " X - Z)(e j'" ))* ] (3.6) 

T T rp ^ T T 

and since (w x) = (x w ) = x ^ then 

J = w " E[xx"]w - w " E[xD*(ej®)] - E[x"i)(ej'")]w + E[| p] (3.7) 

Defining the matrix of the sensor output cross spectra by = E[xx^], the vector of 

the cross spectra between the sensor outputs and the desired signal by 

= E[xD*(e^®)], and the power spectrum of the desired signal by 

S , j=E[ |C(eJ" ' ) f ] , t hen 
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= + (3.8) 

which is a quadratic function of the vector w. The value of the vector w that 

minimises this function is given by, 

Wopt=S;!s;^ (3.9) 

This expression is also used in the Use of Reference Signal (or Pilot Signal) method 

described by Widrow et al. (1967). Note that, 

=E[%Dyej")] = E[(s + n)(r(ej")e-^"'')'] (3.10) 

Assuming that n is uncorrelated with F(e'^, then E[iiF(e-''")] = 0, also since 

s = gF(e-'®), then %xd = where is the power spectrum of the source 

volume acceleration and = •S'wgĝ +Sww, where S„„ = E[nn"] is the matrix of noise 

signal cross spectra, thus 

Wop, = .•S„gg"+S™]''gS„eJ«'' (3.11) 

If it is assumed that S„„ = S„„I, where I is the identity matrix, such that the noise 

signals are mutually uncorrelated and all have the same power spectrum S„„, and that 

the signal to noise ratio is y= Sm/Sw, then 

Wopt = [gg" +yl]'^geJ"'"' (3.12) 

This expression can be written in an alternative form by using the matrix inversion 

lemma, 

(A+BCD)^ = A A B(C +DA B) DA^ (3.13) 

If the following substitutions are applied, A = B = g, C = 1, D = g ,̂ then 

[gg"+y i ] - '= ( iWi /> )Vi+( i / ; ^g"g ) 'Y (3.14) 

and after some algebraic manipulation it follows that 
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Wopt =[y + g " g r g e ^ ' ^ (3.15) 

The complex conjugate of Wopt when no noise is present, y=0, is 

= [§"8^8* (3.16) 
» 

w 
o p t 

This solution for the optimal beamformer corresponds to that of a focused 

beamformer. A focused beamformer maps the source signal by changing the vector of 

Green functions, g, in accordance with the assumed source position. Noticing that the 

inversion [g^g]"' is only a simple division as g^g is a scalar, the optimal beamformer 

solution shown in Equation 3.16 will be used, rather than that shown in Equation 3.12, 

where a matrix inversion has to be performed. Care must be exercised in ensuring that 

the beamformer filter, shown in Equation 3.16, is realisable. First an appropriate 

"modelling delay" has to be introduced as described in more detail in section 3.4, also 

filter stability has to be certified as discussed in section 3.5. 

3.4 The Use of Modelling Delays and Time Reversal in the Solution 

Making use of some well-known properties of Fourier transforms described by 

Oppenheim and Schafer (1975), a time reversed version of the Green function can be 

used to calculate g*. Thus 

= G(e-n = FT{g(-»)} (3.17) 

the complex conjugate of the Green function is equal to the Fourier transform, 

denoted by FT{}, of the time reversed Green function. Therefore the value of g is 

calculated by taking the filter g impulse responses and then reversing them. A causal 

representation of g* is then given by applying a delay, ti, as illustrated in Figure 3.3. 

Since [g'̂ g]"̂  is a real function of frequency that means that it is an even function of 

time (Oppenheim and Schafer, 1975) therefore has to be introduced in the 

implementation of the filter [g^g]"' for causality reasons, as illustrated in Figure 3.4. 

The delay, A, shown in Figure 3.2 and in Equation 3.16, is therefore equal to the sum 

of the delay ti and the delay T2. 
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3.5 Representation of Realisable Green Functions 

As explained in Section 3.2, it is not possible to simulate the Green functions over all 

frequencies and thus to simulate a practical approach, a discrete representation of the 

Green functions has to be found. The next sections describe ways of calculating a 

causal discrete impulse response representation of a Green function, whose frequency 

response once inverted in Equation 3.16 still provides a realisable beamformer. 

Several simulations were run in Matlab to represent Green frmctions. Unless 

otherwise stated all the simulations were run taking 2̂® samples in the time domain at 

a sampling frequency, fs, of 48kHz. To compute frequencies up to the Nyquist 

frequency the number of frequency samples used is 513. The Green function impulse 

responses are plotted showing circles at the sample points, in order to illustrate clearly 

their discrete nature, and they are plotted in the same scale throughout the next 

sections, in order to ease comparison of the impulse responses achieved by the 

different methods (except when impulse response details of particular importance are 

enhanced). 

The goal of the first simulation is to show a Green function impulse response 

measurement that occurs at an exact sample. Therefore it is necessary to find a 

distance between the source and the receiver, r, that ensures that the sample value, n, 

is an integer, 

n = ^ r (3.18) 
0̂ 

The arbifrary distance chosen, between the receiver and the source, is 1.4149m. 

The Green function impulse response, shown in Figure 3.5, is achieved by applying 

the Matlab function i f f t , to the Green function frequency response calculated from a 

discrete version of Equation 2.20. The Matlab function i f f t calculates the inverse 

discrete Fourier transform of a vector using the formula 

x(M) = (3.19) 
^ w=\ 
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where L is the length of the frequency response. The impulse response value x{n) is 

calculated from its frequency response series value X(w). 

The next simulation illustrates what happens when the distance between the source 

and the receiver implies a delay that occurs at a fraction of the sample interval, 

therefore a distance, r, will be calculated using Equation 3.18 so that n has a fractional 

value. The arbitrary distance, between the source and the receiver, is chosen to be 

1.41m. Figure 3.6 shows the frequency response of the free field Green function 

calculated using a discrete version of Equation 2.20. The frinction plotted is 

normalised to a reference Green function as 

20 xfo.g,o( (ej")|) (3.2()) 

which represents a logarithmic scale in dB, where | G(e'®) | is the magnitude of the 

frequency response of the Green function and | Gref (e'®) | is the magnitude of the 

frequency response of the reference Green function. The frequency response of the 

Green function at a distance of 1.41m will be used as the reference Green function 

throughout this Chapter, since this is the frequency representation to be replicated 

through the application of signal processing methods. As expected, the frequency 

response of the free field Green function shown in Figure 3.6 has a flat magnitude at 

OdB. 

Since the distance between the source and the receiver implies a delay that occurs at a 

non-measured sample the free field Green function impulse response shows a ringing 

time domain representation, as seen in Figure 3.7. Given that the source is at a 

distance of 1.41m from the receiver and the sound travels at 343ms'^ the impulse 

response should only show non-zero values after approximately 4.1ms. Therefore the 

Green function impulse response, shown in Figure 3.7, can be considered a non-

causal response in the sense that a response occurs before the signal arrives at the 

receiver. 

When sampling a continuous signal, in order to achieve an accurate representation of 

the signal, the sampling rate must satisfy the Nyquist criterion and in addition the 

sampling instants must be properly selected. These two criteria must be synchronised 

to the incoming signal (Valimaki and Laakso, 2000). 
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Laakso et al. (1996) shows that the impulse response of a single delayed impulse 

when obtained from a calculated frequency response is represented by a sine function. 

The frequency response of a simple delay is represented by This system impulse 

response can be obtained via the inverse discrete-time Fourier transform 

h{n) = — da (3.21) 
2jr 

Substituting in the equation above gives 

_ sin[7t(«—^ (3.22) 

When the delay of the impulse, J , is an integer value, the impulse response reduces 

to a single impulse, with sample points on the zeros of the sine fimction and on the 

maximum value of the sine fimction that corresponds to the delay sample. When the 

delay is non-integer, the sampling instants are not synchronised with the signal, the 

impulse response is spread over all discrete signal values, weighted by appropriate 

values of the sine fimction. Figure 3.8 shows the time impulse responses of this ideal 

free field Green function, plotted in red, and of the calculated free field Green 

fimction, plotted in blue. The calculated free field Green fimction impulse response 

refers to the fimction plotted in Figure 3.7. The ideal impulse response, giJji), is 

calculated by adapting Equation 3.22, to give 

Sid («) = ^ sinc(n - A) (3.23) 
4jrr 

The blue plot is exactly the same as the red plot (the blue plot is overlaid by the red 

plot) in Figure 3.8. This illustrates the statement made by Laakso et al. (1996) that the 

impulse response of a single delayed impulse is represented by a sine fimction. 

Several investigations have looked at finding a realisable representation of a signal 

when the sampling instants are not synchronised with the signal. These include 

interpolation of the signal to obtain its values at the new samples (Nelson et al., 

1995), shifting the signal in order for it to occur at a measured sample (Nelson et al., 

1995). Laakso et al. (1996) illustrates several techniques such as least square error 

solutions, windowing, smooth transition band functions, minimax design, etc. Some 
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of these methods will be investigated in the next sub-sections and some new methods 

will be presented. Unless otherwise stated the simulations are run for a distance 

between the source and the receiver, r, of 1.41m. 

3.5.1 Discarding Values 

The method shown in this section is adapted from a method described in Laakso et al. 

(1996) and in Parks and Burrus (1987). 

The frequency response of an FIR filter, with a N length impulse response h{n), is 

given by 

E V K - " " " (3.24) 
n=0 

The signals are usually represented in terms of their frequency content or the energy 

of the signals in the frequency bands. Since the energy of a signal is related to the 

square of the signal, a squared error approximation criterion is often appropriate. 

Therefore the error measure, E, is defined as the sum of the squared differences 

between the designed and the ideal frequency response over a set of L frequency 

samples. 

£ = E l G W - G a W I ^ (3.25) 
w=0 

where G(w) is the calculated Green function and Giĉ w) is the desired "ideal" Green 

function response. Since the frequency samples are equally spaced, Equation 3.25 can 

be converted into the time domain by using Parseval's theorem. Thus 

( I - l ) / 2 

E = x (3 26) 
n = - ( I - l ) / 2 

Therefore the optimal solution to minimise the error function, shown in Equation 

3.26, is the one that is as similar as possible to the desired "ideal" response. The 

"ideal" response was obtained in Equation 3.23. Consequently to minimise Equation 

326, 
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g(n) 

-sinc{n-A) forM<n<M + N 
A%r 

(3.27) 

0 otherwise 

where N is the impulse response length and M equals 

(3.28) M = ceil 

where ceil is a Matlab function that rounds towards plus infinity, in order to obtain a 

causal impulse response. 

To minimise the error in Equation 3.26 the N values of g(n) must be equal to the 

equivalent N values of giJji) (Parks and Burrus, 1987). Therefore by truncating the 

response so that it becomes causal, errors are introduced in the solution and g{n) 

becomes an approximation to the ideal solution. 

A simulation was run to observe the impulse and frequency responses of the free field 

Green function when this method is used. 

Figure 3.9 shows the free field Green function impulse response obtained from 

Equation 3.27, which was truncated at the sample M, calculated using Equation 3.28, 

in order to be causal. A big loss in the amplitude of the signal can be noticed when 

compared to Figure 3.7. 

The frequency response, shown in Figure 3.10, was calculated applying the Matlab 

function f f i to the Green function impulse response obtained from Equation 3.27. The 

Matlab function jft returns the discrete Fourier fransform computed with a fast Fourier 

transform algorithm using the formula 

A'(w) = ^ (3,29) 
n=\ 

The frequency response value X(w) is calculated from its impulse response value x(n). 

40 



The normalised frequency response, shown in Figure 3.10 (plotted from Equation 

3.20) deviates clearly from the reference Green function and a rise occurs as 

frequency increases. 

Applying this method yields time and frequency representations of the free field 

Green function that deviate from the expected values. 

3.5.2 The Use of Windowing Techniques 

In this sub-section a Manning window is applied to the free field Green frmction in the 

frequency domain in order to reduce its high frequency content, so that once this 

frequency response is inverse Fourier transformed, less ringing will appear in the 

impulse response. 

The Manning window is applied using the frmction harming in Matlab that returns a 

symmetrically sampled Manning window, Han(w), using the equation, 

Haniyv) = 0.5 
V V 
\-cos w = l,...,2L (3.30) 

where L is the length of the Green frmction frequency response. The harming frmction 

was computed for twice the length of the Green function frequency response since 

only the second half of the function is used as a low pass filter. 

Figure 3.11 shows the normalised frequency response of the windowed free field 

Green fimction obtained by applying a Manning window to the free field Green 

function calculated using a discrete version of Equation 2.20. The windowed free field 

Green function is similar to the reference Green function up to about 4kMz. At high 

frequencies the windowed free field Green function drops by approximately lOOdB. 

Figure 3.12 illusfrates the impulse response of the free field Green fimction that was 

calculated by applying the Matlab fimction ijft to the windowed free field Green 

fimction. The impulse response shows a noticeable reduction in the ringing, however 

it also shows some loss in amplitude when compared to the impulse response shown 

in Figure 3.7. 
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As explained before, care must be taken in designing a Green function frequency 

response that when used in Equation 3.16, to calculate the beamformer function, 

ensures a realisable filter. Figure 3.13 shows the beamformer frequency response that 

was calculated using the windowed Green function frequency response in Equation 

3.16. The beamformer frequency response plotted is normalised to a reference 

beamformer function as 

20xZogio(|fr(ej")|/ k^(ej") | ) (3.31) 

which represents a logarithmic scale in dB, where | F̂(e'®) | is the magnitude of the 

frequency response of the beamformer and | JVtef (e'^ | is the magnitude of the 

frequency response of the reference beamformer. The reference beamformer was 

calculated using the reference Green function frequency response in Equation 3.16. 

Figure 3.13 shows that the beamformer frequency response increases by lOOdB at 

high frequencies. 

Although this method is easily implemented and computationally efficient, it has a 

Green function impulse response and Green function and beamformer frequency 

responses that suffer from very large deviations. 

3.5.3 Emulating an Impulse Response Measurement 

Another method was developed that intends to replicate an impulse response 

measurement in a real environment. Figure 3.14 illusfrates the block diagram of a real 

measurement. A continuous source input signal, %(f), is filtered by an anti-aliasing 

filter and then sampled. The sampled signal is then Fourier transformed into the 

frequency domain, X(e'^. The same procedure is applied to the output signal, y(t), 

whose frequency response is represented by 7(6^^. Finally, is divided by X(e'®) 

in order to obtain the Green function in the discrete frequency domain. 

The method studied in this sub-section has the following steps, of which the first three 

generate a causal impulse response at a high sample rate and the other steps emulate a 

measurement: 

1. Sample the system at a high rate in the frequency domain up to a very high 

frequency to simulate a continuous Green function, using Equation 2.20. 
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2. Window the frequency response to provide a causal impulse response, using 

the same method studied in sub-section 3.5.2. 

3. Inverse Fourier Transform the frequency response, by applying the Matlab 

function i f f t , to obtain the causal impulse response at a high sample rate. 

4. Convolve the impulse response with an anti-aliasing filter (that 

has a causal impulse response) to simulate a measured impulse response 

whose fi-equency response does not contain frequencies above half the 

sampling frequency. 

5. Re-sample this impulse response at the desired lower sample rate. 

6. Fourier Transform the impulse response. 

7. Divide the frequency response obtained in step 6 by the frequency response of 

the anti-aliasing filter at the lower sample rate. 

This should then give the Green function frequency response and associated causal 

impulse response. 

In Chapter 5 of this thesis some simulations will be run for microphones located on a 

rigid sphere, therefore the scattering Green function will have to be computed. The 

algorithm used to calculate the scattered field Green function has errors at frequencies 

higher than 38.5kHz, due to an overload error in the Matlab computer software that 

prevents it from computing the correct answers. Therefore the maximum sampling 

frequency that can be applied in this method step 1 is 77kHz. The sampling frequency 

applied in step 5 is 38.5kHz. The number of samples used in step 1 was chosen to be 

2̂ ^ and the number of samples used from point 5 onwards was 2^°. The window used 

in step 2 was a Harming window, since it proved to give causal impulse responses as 

described in section 3.5.2. The anti-aliasing filter, that has a causal impulse response, 

chosen in step 4 was a Butterworth filter, since it was the filter that gave the best 

response at a lower order. The Butterworth filter was designed in Matlab using the 

function butter that returns the coefficients a and b to design the filter of order, ord, 

such that. 

43 



l + fl(2)z + .^.a{ord+ \)z 

Figure 3.15 shows the normalised free field Green function frequency response after 

the method described in this section was applied. It is noticeable that the free field 

Green function is well represented up to about lOkHz after which a significant fall of 

approximately 30dB can be seen. This will imply a 30dB rise in the normalised 

beamformer frequency response, plotted in Figure 3.17 (using Equation 3.31). The 

beamformer frequency response was calculated using the Green function frequency 

response obtained by the method described in this sub-section in Equation 3.16. 

Figure 3.16 shows the impulse response of the Green function that was calculated by 

applying the Matlab function i f f t on the Green fimction frequency response designed 

by the method described in this sub-section. The impulse response shows a 

satisfactory reduction in the ringing when compared to the impulse response plotted in 

Figure 3.7. 

Although this method reduces the ringing in the impulse response of the Green 

function it shows significant differences in the frequency response of the Green 

function when compared to the reference Green function. Also, the frequency 

response of the beamformer shows a significant rise as frequency increases. 

3.5.4 Phase Approximation Method 

Simulations were run in Matlab where the phase slope of the Green function was 

adjusted so that its value at the Nyquist frequency is either 0 or ±tz. The value of the 

phase response of a signal should be either 0 or ±n at the Nyquist frequency since the 

phase value at the Nyquist frequency is shared with the positive and negative 

frequencies components (as in the OHz value) which are conjugates. Therefore in 

order for this sharing to be possible the phase value at the Nyquist frequency must be 

real. Adjusting the phase in this way implies that the free field Green function impulse 

response is shifted to the nearest measured sample. 

A frequency sampled version of Equation 2.20 is used to calculate the original phase 

response of the Green function when the distance between the source and the receiver 

is 1.41m. Then algorithms were designed to adjust the phase response forcing it to 
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have a value of 0 or ±7t at the Nyquist frequency. Two algorithms were developed, 

one that changes the slope of the phase response in the last eighth of the frequency 

range (high frequencies) and another that changes the slope of the phase response in 

the whole frequency range. 

Figure 3.18 shows the original phase response, plotted in blue. It can be noticed that 

the phase response does not have a value of either 0 or ±71 at the Nyquist frequency. 

This is expected since its delay does not happen at a measured sample. When the 

phase response is adjusted in the last eighth of the frequency range, as shown by the 

red plot in Figure 3.18, the value of the phase response becomes 0 at the Nyquist 

frequency. After recalculating the Green fimction frequency response, to include the 

adjusted phase response, the time impulse response is computed using the Matlab 

fimction i f f t . Figure 3.19 shows this Green function impulse response. The reduction 

of the pre-ringing is noticeable, but the impulse response also shows a loss in 

amplitude when compared to the impulse response shown in Figure 3.7. 

Figure 3.20 shows the original phase response, plotted in blue, and in red shows the 

phase response after being adjusted over the whole frequency range. Once again, after 

recalculating the Green fimction frequency response, to include the adjusted phase 

response, the time impulse response is calculated using the Matlab function i f f t . 

Figure 3.21 shows this Green fimction impulse response. It is noticeable that there is 

no ringing at all in the impulse response. This impulse response representation occurs 

because by adjusting the phase response in the whole frequency range the impulse 

response is shifted to the closest measured sample. Therefore it forces the impulse 

response to occur not at the correct time delay given by. 

f , = (3.33) 
'0 

but at a time given by, 

round 
' f . r ' 

(3.34) 
f , 
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where round is a Matlab function that rounds towards the nearest integer. In fact it can 

be noticed that Figure 3.21 is similar to Figure 3.5. 

The magnitude frequency response is similar to Figure 3.6, since the magnitude of the 

free field Green function is maintained and only the phase is adjusted when using this 

method. 

This method reduces the ringing of the Green function impulse responses at the 

expense of loosing the correct time delay of the impulse response. 

3.5.5 Two-Point Method 

A simple way of representing an impulse that occurs within two measured samples is 

to split the impulse between the two nearest samples. This can be done using the 

following equation, 

= (3.35) 
Am-

where P = intifs r! co) and a = fracifs rico) are the integer and fractional parts of the 

normalised time delay fsv! co, respectively (Nelson et al, 1995). 

Figure 3.22 illustrates the splitting of the impulse response. The impulse response 

occurs at no =fs rIco that has a fractional value, since no is a non-measured sample. 

Therefore, ni = floorifsrico) and = ceiKfsrIco) where floor is a Matlab function that 

rounds towards minus infinity and ceil is a Matlab function that rounds towards plus 

infinity. The amplitude of the impulse response that occurred at no is then split in ni 

and by factors of (1- a) and a, maintaining all the other samples with their previous 

values. 

Figure 3.23 shows the impulse response of the free field Green fimction calculated 

using Equation 3.35. The free field Green function is zero at all samples except in the 

two closest samples to 4.111ms, given that the source is at a distance of 1.41m from 

the receiver and the sound travels at 343ms"'. 

After applying the Matlab function f f t to the impulse response illustrated in Figure 

3.23 the Green function frequency response is obtained. Figure 3.24 shows the 
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normalised Green function frequency response. The frequency response obtained only 

deviates up to approximately 8dB at the highest frequencies. 

Although this method shows reasonable results it can only be applied to simple 

impulse responses, as it only changes the values of the impulse response in the two 

closest samples to the normalised time delay sample. Thus, when the impulse 

responses are more complex, such as the impulse responses of the scattered field 

produced by sound waves impinging on a rigid sphere, this method can not be used. 

3.5.6 Interpolation Method 

This method is a progression of two methods presented above, the two-point method 

and the phase approximation method. 

Figure 3.25 shows the continuous representation of an impulse signal that occurred at 

a time td- Since nd= tdxfs has a fractional value it is a non-measured sample and it is 

assumed to occur between the samples and nj. In this case, as explained before, the 

impulse response shows ringing as represented in Figure 3.26. 

When the phase approximation method was appUed in section 3.5.4 it was explained 

that this method forces the impulse response to occur not at the correct time delay 

given by td = r / co, but at a time given by td = roundifs x rlco)lfs, where round is a 

Matlab function that rounds towards the nearest integer. Therefore as shown in Figure 

3.27 the impulse response will occur at ns that differs from rid by a = fracifs rico). 

However by applying the phase approximation method the amplitude of the impulse 

response is recovered. 

So the next step of the interpolation method is to create a fimction, gmwin), with the 

amplitude of the reconstructed impulse response but that occurs at samples given by 

n„ew = {ni-a n2-a ns-a n4-a ns-a n6-af (3.36) 

where the superscript T denotes the transpose. By choosing two points of gnew(n), for 

example g„ew(^) and gnew(2), and substituting them in the 1®* order interpolation 

polynomial given by 

J{x) =ax+b (3.37) 
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then a system of two equations is created such that 

= a{ni -a) + b (3.38) 

gnew(2) = a{n2 - a)+ b (3.39) 

with two unknown values, a and b. The Matlab function poly fit is used to find the 

coefficients a and b of the polynomial above. This function can be used to calculate 

the value of grmv{ni). Similarly using gww(2) and g„ew(3) the value of can be 

found. By repeating this process for the values from nj to ng the sampled version of 

g(f) can be calculated giving the signal representation shown in Figure 3.28. 

By a similar process of choosing three points of gnew(n), for example g„ew{i), gnew(2) 

and gnewO), and substituting them in the 2"̂  order interpolation polynomial given by 

fix) =ax^+bx+c (3.40) 

then the mathematical function that defines gmwin) is found and can be used to 

calculate the value of gnewini) by fitting a quadratic function in gmwin). 

Likewise this process can be used in any interpolation polynomials orders such as 

j{x) = ao^+bd^+cx+d (3order interpolation) (3.41) 

fix) = ax^+bx^+cx^+dx+e (4^ order interpolation) (3.42) 

fix) = ax^+bx^+cx^+dx^+ex+f (5"* order interpolation) (3.43) 

and so forth. 

The interpolation method steps are therefore the following: 

1. The Green function is calculated in the frequency domain using a discrete 

version of Equation 2.20 

2. The phase slope is adjusted over the whole frequency range to shift the Green 

function to the closest measured sampled as described in section 3.5.4 in order 

to recover the Green function amplitude value. 
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3. The time history errors introduced will be corrected by shifting back the Green 

function impulse response by the same amount that it was shifted in point 2. 

This will be achieved by interpolation to calculate the Green function values at 

the measured samples. 

Figure 3.29 shows a comparison between the interpolation method and the two-point 

method studied in section 3.5.5. The two-point method is plotted in blue. The 

interpolation method described in this section after a first order interpolation was 

applied is plotted in red. Figure 3.29 only shows a red curve, since the red plot 

overlies the blue plot, thus for a sample impulse, when a first order polynomial 

interpolation is used in the interpolation method the results achieved are exactly the 

same achieved by the two-point method. 

Thus, this method can be defined as a progression of the two-point method, since it 

can be applied to more complex functions, by using higher polynomial interpolation 

orders, such as a Green function that contains a scattered field. 

Figure 3.30 shows the free field Green function impulse responses, computed using 

this method, after different orders of interpolation were applied at step 2. 

Figure 3.31 shows the normalised free field Green function frequency responses, 

obtained after applying the Matlab fft function on the impulse responses and compares 

these results with the reference free field Green function. 

From the Figure 3.30 and Figure 3.31 it seems that the order interpolation is the 

one whose frequency and impulse responses overall are closest to the reference free 

field Green functions. 

Figure 3.32 shows the normalised frequency response of the beamformer. The 

beamformer frequency response was calculated using the Green function frequency 

response obtained firom a 2"'' order interpolation in Equation 3.16. It is a very similar 

response to the reference beamformer up to lOkHz, after which a difference of only 

3dB occurs. 
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This method seems to give the best results since both the impulse responses and the 

frequency responses are very similar to the ideal. Also, this method can be adapted to 

any impulse response functions by choosing the appropriate interpolation order. 

3.6 Summary 

This Chapter started with the analysis of the block diagram of a beamformer system in 

a real environment. The source signal propagates in the free field arriving at the 

sensors where it is anti-aliased and sampled; afterwards the signal is passed through 

the beamformer filter in order to obtain an output signal that is a delayed, anti-aliased, 

sampled version of the source signal. Since this real environment approach is 

impossible to replicate in a computer simulation, as it is not viable to measure the 

Green fimctions over all frequencies, a finite bandwidth discrete representation of the 

Green functions had to be found. Also, the beamformer filters had to be 

mathematically derived in order to ensure that the output signal is as similar as 

possible to the delayed, anti-aliased, sampled version of the source signal. The 

beamformer function was found by using the least squares estimation method. The 

beamformer function obtained was a focused beamformer that focuses on a source by 

changing the Green functions in accordance with the assumed source position. Several 

methods were studied in order to find a suitable finite bandwidth discrete 

representation of the Green functions. The methods had to ensure that the Green 

function had a causal impulse response and a frequency response that produced a 

realisable beamformer filter. The first method studied, discarding the non-causal 

impulse response values, produced time and frequency representations of the free 

field Green function that deviated from the expected values. Since the beamformer is 

calculated from the Green function inverse, when windowing techniques are applied 

to the Green function a significant rise is noticeable in the beamformer at high 

frequencies, producing an unstable filter. The same occurred when the method that 

emulates an impulse response measurement was applied. A phase approximation 

method was investigated that adjusted the phase of the Green function in order to shift 

the impulse response to the nearest measured sample. This method produces an 

incorrect delay of the Green function impulse response. A method that splits the free 

field Green function impulse between the two closest samples proved to be efficient 

but is not applicable to more complex impulse responses. The final method studied 
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was the interpolation method. In this method the time history of the impulse response 

found by the phase approximation method is corrected by interpolation. This method 

proved to be the most effective process for calculating the discrete Green functions 

responses and therefore it will be used in the following Chapters of this thesis. 
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Figure 3.1 Representation of the implementation of a beamformer in a real environment. 
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Figure 3.2 Representation of the implementation of a computer simulated beamformer. 
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Figure 3.3 Reconstruction of filter g*. 
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Figure 3.4 Even function where T2 has to be introduced for causality reasons. 
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Figure 3.5 Time impulse response of the free field Green function when the receiver is located at 
1.4149m from the sound source. The amplitude of the impulse response shows the acoustic pressure 

per unit volume acceleration. 
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Free Field Green Function Frequency Response 
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Figure 3.6 Frequency response of the free field Green function when the receiver is located at 1.41m 
from the sound source. 
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Figure 3.7 Time impulse response of the free field Green fimction when the receiver is located at 1.41m 
from the sound source. The amplitude of the impulse response shows the acoustic pressure per unit 

volume acceleration. 
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Figure 3.8 Time impulse responses of the calculated free field Green fimction, in blue, and the ideal 
free field Green function, in red, when the receiver is located at 1.41m from the sound source. The 

amplitude of the impulse response shows the acoustic pressure per unit volume acceleration. 
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Figure 3.9 Time impulse response of the free field Green function after the non-causal values were 
discarded. The amplitude of the impulse response shows the acoustic pressure per unit volume 

acceleration. 
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Figure 3.10 Frequency response of the free field Green function after the non-causal values were 
discarded. 
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Figure 3.11 Magnitude frequency response of the free field Green function when a Manning window is 
applied. 

56 



Free Field Green Function Impulse Response 

0.07 

0.06 

0.05 

1 
& 0.04 
4> 
o: 

t 
•5 0 02 

I 
s 0.01 

0 

-0.01 

-0.02 

-0.03 

ooooooooooooQoooooQOO-e-Q-e-a o-e-o-e-oQooooooooo 

Figure 3.12 Time impulse response of the free field Green function when a Manning window is applied. 
The amplitude of the unpulse response shows the acoustic pressure per unit volume acceleration. 
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Figure 3.13 Frequency response of the beamformer when a Manning wmdow is applied to the Green 
function frequency response. 
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Figure 3.14 Block diagram illustrating the calculation of the Green function in the discrete frequency 
domain, G(e'®), in a laboratory environment. 
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Figure 3.15 Frequency response of the free field Green function when the method emulating an 
impulse response measurement is applied. 
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Figure 3.16 Time impulse response of the free field Green function when the method emulating an 
impulse response measurement is applied. The amplitude of the impulse response shows the acoustic 

pressure per unit volume acceleration. 
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Figure 3.17 Frequency response of the beamformer when the method emulating an impulse response 
measurement is applied to calculate the Green function. 
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Figure 3.18 Phase response of the free field Green function, plotted in blue, and when the slope of the 
last eighth of the frequency range of the phase response is adjusted, shown in red. 
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Figure 3.19 Time impulse response of the free field Green function when the slope of the last eighth of 
the frequency range of the phase response is adjusted. The amplitude of the impulse response shows the 

acoustic pressure per unit volume acceleration. 
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Figure 3.20 Phase response of the free field Green function, plotted in blue, and when the whole phase 
response slope is adjusted, plotted in red. 
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Figure 3.21 Time impulse response of the free field Green fimction when the whole phase response 
slope is adjusted. The amplitude of the impulse response shows the acoustic pressure per unit volume 

acceleration. 
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Figure 3.22 Redistribution of the impulse response for a sampled signal using the two-point method. 

Free Field Green Function Impulse Response 

0.045 

0.035 

g 
9- 0.03 

S 0.025 

% 0.02 

= 0.015 

0.005 

4.11 4.12 
Time (ms) 

Figure 3.23 Redistribution of the impulse response for a sampled signal using the two-point method. 
The amplitude of the impulse response shows the acoustic pressure per unit volume acceleration. 
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Free Field Green Function Frequency Response 
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Figure 3.24 Frequency response of the free field Green function when the two-point method is applied. 
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Figure 3.25 Continuous impulse response. 
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Figure 3.26 Sampled representation of the impulse response represented in Figure 3.25, showing 
ringing. The broken line represents the true impulse response that occurred between the measured 

samples «4 and «5. 
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Figure 3.27 Sampled impulse response once the phase is adjusted. 
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Figure 3.28 Sampled impulse response once the phase was adjusted and the delay corrected by 
interpolation. The broken line represents the true impulse response of the signal that occurred within 

the measured samples «4 and 
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Figure 3.29 Comparison of free field time impulse responses. The blue is calculated using the two-
point method and the red is calculated from the interpolation method using a first order interpolation. 
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Figure 3.30 Time impulse responses of the free field Green function when different orders of 
interpolation are applied in the interpolation method. The amplitude of the impulse response shows the 

acoustic pressure per unit volume acceleration. 
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Figure 3.31 Frequency response of the free field Green function when different orders of interpolation 
are applied in the interpolation method. 
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Figure 3.32 Frequency response of the beamformer when a 2'"' order interpolation is applied to the 
interpolation method. 
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4 SINGLE AND MULTI-CHANNEL FOCUSED 

BEAMFORMING 

4.1 Introduction 

This Chapter studies the application of focused beamforming in two different 

situations. The first situation involves just a single source. A simulation will be run to 

test if the beamformer output responses are similar to the source signals and next, a 

comparison will be made between the directivities of linear and circular arrays. The 

second situation involves several sources. A simulation will be run to show the 

graphical representations of the responses that the source signals create in the system. 

Following this, directivity patterns will be plotted in order to find out how precisely 

the beamformer captures a main source and nulls the secondary sources. Finally, the 

single and multi-channel beamformer directivities will be compared. 

4.2 Single-Channel Focused Beamforming 

The focused beamformer algorithm described in section 3.3 will be used to recover 

the source strength of a single source using a linear microphone array, following the 

block diagram shown in Figure 3.2. This beamformer will also be used to compare the 

horizontal and vertical directivities of linear and circular microphone arrays in the free 

field. 

4.2.1 Source Estimation 

A simulation is run using the block diagram illustrated in Figure 3.2 to recover the 

source strength through the use of the focused beamformer algorithm described in 

section 3.3. The system is a linear microphone array with a length of 0.56m and 6 

microphones evenly distributed along the array. A source is located at 2m from the 

array. The location of the microphones and of the source can be seen schematically in 

Figure 4.1. The operations in the simulations described here are undertaken in the 

frequency domain. The simulated source signals have 2^° (1024) samples in the time 

domain taken at a sampling frequency of 22kHz; in the frequency domain 513 

samples are used to analyse the signals up to the Nyquist frequency. The signal 
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emitted by the source is a Manning pulse (see Equation 3.30) with a duration of 

approximately 0.65ms, as shown in Figure 4.2. The Green function impulse responses 

describing the free field acoustic radiation from the point source to each receiver, are 

calculated using the interpolation method as described in section 3.5.6 and are plotted 

in Figure 4.3. Figure 4.3 shows impulses happening at rico, where r is the distance 

from the source to the receiver and co is the sound speed, 343ms'\ Figure 4.4 shows 

the frequency responses of the free field Green functions after the Matlab routine fft 

(see Equation 3.29) is applied to the impulse responses. The frequency responses are 

quite flat up to 4kHz after which a decay is perceived. It can be noticed that, as 

expected, since the distance from microphone 1 to the source is the same as the 

distance from microphone 6 to the source, the Green functions responses are 

equivalent, since the Green function responses only depend on the distance between 

the receiver and the source. The same occurs with microphones 2 and 5 and with 

microphones 3 and 4. Figure 4.5 shows the impulse responses of the signals at the 

sensors that start to take place at approximately 5.9ms, which corresponds to the sum 

of the time at which the Green function impulse response occurs, rIco, plus the time at 

which the source signal occurs. Figure 4.6 shows the spectra of the signals at the 

sensors. Figure 4.7 shows the impulse responses of the beamformer filters that result 

after the Matlab function i f f t (see Equation 3.19) is applied to the frequency responses 

calculated using Equation 3.16. A modelling delay, A, of approximately 15.5ms, one 

third of the period, is applied to the filters in order to ensure causality, as explained in 

section 3.4. Therefore the filter impulse responses occur at A-rIco, which is 

approximately 9.6ms. Figure 4.8 shows the frequency responses of the beamformer 

filters calculated using Equation 3.16. The frequency responses are quite flat up to 

4kHz. Figure 4.9 shows the output impulse at 15.5ms as expected, since that 

corresponds to the time at which the source signals occur plus the modelling delay 

imposed to the beamformer filters. The output time history is compared to a 15.5ms 

delayed source time history and the source and output spectra are also compared. It 

can be noticed that the output responses (red plot) are similar to the source signals 

(blue plot), since the source plots are overlaid by the output plots. 

Next, simulations are run to test the effect of range on the recovery of the source time 

history and spectrum. Several simulations are run for sources placed at different 

distances from the microphone array, however the data is always processed through 
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the beamformer filters used in the simulation above (i.e. for beamformer filters 

calculated for a source at 2m from the array). Figure 4.10 shows the output time 

histories obtained; it can be noticed that as the sources approach the microphone array 

the delay of the signal reduces and the amplitude of the signal increases, as expected. 

Figure 4.11 shows the output spectra obtained; the spectra are similar apart from 

differences in the magnitudes that are higher for sources closer than the design 

distance and are smaller for sources further away than the design distance. 

4.2.2 Focused Beamforming with a Linear and a Circular Array 

The directivity of a linear array will now be compared with the directivity of a 

circular microphone array. The directivity is calculated with the source moving at 1° 

intervals and at 2m from the array centre. Both arrays have 11 microphones equally 

spaced. The circular array has a radius of 0.09m and the linear array has its width 

equal to the circumference of the circular array, approximately 0.56m. Figure 4.12 

and Figure 4.13 show schematically the source positions considered to plot the 

directivities, in red, and the arrays in blue. The beamformer filter is set to capture the 

source with coordinates (x=0, y=2). In order to avoid spatial aliasing the distance 

between the receivers has to be smaller than A/2, therefore the maximum frequency 

that can be plotted is approximately 3.4kHz. The sampling frequency used is 15kHz. 

2̂® samples are taken in the time domain, thus 513 frequency samples are used to 

study the signals up to the Nyquist frequency. The signal emitted by the source is a 

Hanning pulse similar to that shown in Figure 4.2, but this time with the duration of 

1ms. The directivity is plotted from the magnitude of the output frequency response, 

vyith the input signal as reference (discrete version of Equation 2.21). 

Figure 4.14 shows a comparison of the directivities of the linear microphone array, in 

red, and the circular microphone array in blue. As explained in Chapter 2 when trying 

to improve the directivity of a microphone array an optimisation problem is faced; the 

longer the array the narrower is its mainlobe and therefore low frequency directivity 

can be achieved, while the shorter the spacing between the sensors, the less is the 

spatial aliasing that occurs, thus the sidelobes appearing in the directivity patterns are 

less at high frequencies. At 132Hz the arrays show omni-directional directivities, 

since the array lengths are too small to show directivity at such low frequency. At 

571 Hz the linear array shows two mainlobes and the circular array some 
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discrimination at the back. At 1450Hz the mainlobes of the Unear and circular array 

become narrower. As frequency increases the circular array narrows its mainlobe 

(although the linear array has always a narrower mainlobe due to its longer length) 

and improves the discrimination to sources at the back, sidelobes start appearing due 

to spatial aliasing. The circular array improves the front-back discrimination by up to 

11 dB when compared to the linear array. The discrimination in the circular array 

occurs due to its geometry allowing different distances between the receivers and the 

sources located at the front and the receivers and the sources located at the back. This 

will imply that the Green function responses from the sources at the front in a circular 

array are different to those from the sources at the back, while in the linear array they 

are the same. Thus, since the beamformer filter is computed from the Green functions 

responses, the circular array discriminates sources at the back while the linear array 

does not. The symmetry of the directivity patterns can be explained by a similar 

consideration of the distances of the sources to the receivers. 

It is worth discussing the equivalence of a linear array to a circular array. In this 

section it was decided to have the linear array with the length equal to the 

circumference of the circular array; in other words an "unwrapped" circular array. 

Another argument could consider that the linear array should have the same diameter 

as the circular array, since the waves go through the circular array. It could also be 

considered that the microphones in a linear array should be placed at the exact 

distance that the waves travel through from the sources to the receivers in the circular 

array. It is difficult to find the best possible comparison because the comparison is 

made between different array dimensions, since the linear array is one-dimensional 

and the circular array is two-dimensional. However the main point that this 

comparison between linear and circular arrays shows is that the linear arrays show 

front-back ambiguity that is eliminated when using circular microphone arrays. 

For completeness, the directivities of a circular array and a linear array with a length 

equal to the diameter of the circular array, 0.18m, are compared in Figure 4.15. It can 

be seen that the circular array shows discrimination at the back and that this time the 

circular array shows a slightly narrower mainlobe than the linear array. 

A similar simulation to that shown in Figure 4.14 was run next, with the only 

difference being that the source moved vertically as shown in Figure 4.16 for the 
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linear array and in Figure 4.17 for the circular array. Figure 4.18 shows the 

comparison of the vertical directivities of the linear microphone array, in red, and the 

circular microphone array in blue. It is noticed that the linear array shows omni-

directional directivity for all frequencies since the distance from the sources to the 

receivers is always the same. The circular array shows, once again, that as frequency 

increases the mainlobe becomes narrower, discrimination of the sources at the back is 

noticed and spatial aliasing can be seen at the highest frequencies. 

4.3 Multi-channel Focused Beamforming 

The multi-channel focused beamformer will be studied with the objective of 

recovering several source signals. The directivity of circular microphone arrays will 

be studied in order to record the main source signal without interference from the 

other sources in the environment. This will be achieved by creating discriminating 

nulls in the directivity patterns in the directions of the secondary sources. The 

condition number of the matrix inversion and the use of regularisation will be 

investigated to ensure minimal sensitivity to errors. 

4.3.1 Signal Processing for Accurate Replication of Source Time Histories 

The system illustrated in Figure 4.19 shows the block diagram of the application of 

the algorithm described in this section. The system consists of a number of point 

monopole sources radiating sound with volume acceleration v, to the free field 

circular microphone array. The sources signals, while travelling from the sources to 

the microphones, suffer decay due to spherical spreading and time delay as described 

by a matrix of Green functions G. The resulting signals are then processed through a 

matrix of filters, W", denoted in the figure in two parts, and F (F=[G"G+y01]" )̂ 

with the goal of obtaining output responses, y, that are delayed replicas of the signals 

from the sources. 

The algorithm described in section 3.3 for the optimal estimation of a single acoustic 

source signal is in this section extended to the case of multiple sources. As referred to 

above, the goal of the system shown in Figure 4.19 is to obtain output signals, y, 

similar to the source signals, v. Thus an inverse problem is faced where an array of 

filters, W, have to be designed to invert the modifications that the source signals 
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suffer while travelling to the sensors, represented by the filters, G. Since G might not 

be a square matrix, the inverse of matrix G is found using a least squares derivation 

by minimising the errors between the outputs and the source signals. 

The signals that arrive at the sensors from the multiple sources are defined to have 

Fourier transforms given by the elements of the vector x (see Equation 3.3), 

x = s + n = G v + n (4.1) 

where G is the Green function matrix. 

G = 

Giile 

(̂ 21 (e 

JW 
JO) 

Gi2le 

G22\Q j® 
(4.2) 

for a system with M sensors and s sources, whose frequency response fimctions relate 

the vector v of acoustic volume accelerations given by 

v^=[Fi(e"^ ... W » ) ] 0*3) 

(where the superscript T denotes the transpose) to the signals x produced at the sensor 

array. The vector of unwanted added noise at the sensors is denoted by n. 

In order to produce a vector of the frequency responses of the output signals, y, that is 

an optimal estimate of the source volume acceleration vector v, it is assumed that the 

sensor output signals are processed via a matrix of filters given by 

... 

^ 2 i K ) ^̂ 22 6^4 ... ej" 
(4.4) 

where the superscript H denotes the Hermitian transpose, such that 

y = W"x 04 5) 

By using the least squares criterion to minimise the sum of squared error signals, 

where e = y - v, the cost fimction is written as 
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J = rr{E[(W" X - v) (W" X - v) "]} (4.6) 

where Tr{} is the trace (sum of diagonal terms) of a matrix. After expanding and 

using the expectation operator in Equation 4.6 this results in 

J = r r { w " s „ w - w " s s - s „ w + s „ } (4.7) 

where the spectral density matrices are defined by 

S;^=E[xx"], Sv.=E[vx"], Sw=E[w"] (4.8) 

The following two matrix identities described by Elliott (2001) 

7>{ABA" - AC" + CA"} (4.9) 

^ + y — = 2AB + 2C (4.10) 
5A^ 0Ay 

are used to minimise J. Since J is minimised when the derivative of the cost function, 

given by Equation 4.10, is zero, it follows that 

2 W " S ; c - 2 S « = 0 (4.11) 

Consequently the solution for the optimal filter is 

W„";,=S„S-J (4.12) 

Assuming that the noise signals n are uncorrelated with the source signals v, then 

= E[(Gv + n) (Gv + n)"] = GSwG" + S„„ (4.13) 

where S„„=E[nii"] is the cross-spectral matrix of noise signals. From Equation 4.13 it 

follows that, 

Syr = E[v (Gv + n) "]=SwG" (4.14) 

Substituting Equations 4.13 and 4.14 in Equation 4.12 shows that 

WiJ, = S „ G " [ G S „ G « +S,,]" ' (4.15) 
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This result is identical to that derived by Stoughton and Strait (1993) and may be 

written in an alternative form through the application of the matrix inversion Lemma 

given in Equation 3.13. This results in 

= S „ G « S;;-s;JG(S;:;+G"S;2G)' 'G"S; (4.16) 

After some algebraic manipulation described by Kailath et al. (2000) and Nelson 

(2004) 

-1 s i - s ; ; G ( s ; ; + G " s ; ; ; G ) " ' G « s ; 

S ™ [ ( S ; ; ; + G ' ' S ; ; G ) " ' g " S ; ; ] ' - S ™ G x ( S ; ; ; + G " S ; ; G ) " ' G " S ; ; 

= [ G « - ' ( S ; ; + G « S , - ; G ) - S ; I G ] X ( s ; ; + G » S ; ; G ) ^ ' G « S ; - 1 

'nn 

and substituting this result into Equation 4.16 

W " =[S„(S;;' + G " S ; ; G ) - S „ G » S ; ; G ] X ( S ; ; ' + G " S ; ; G ) - ' G " S -1 , /-I He 'w'^ ^nn 1 , Ho—1/"^1Hc"! 

it can be shown that Equation 4.16 can be written in the alternative form 

Wo";, =[s;;+G"s;iG]"'G>'s 1 

(4.17) 

(4 18) 

(4.19) 

Assuming that Sw= I and S„„= S„„ I and assuming that y= S„„ /S^ is the signal to 

noise ratio then 

W „ " P , = [ Y L + G « G ] " ' G > ' (4.20) 

and thus when the noise signal is vanishingly small compared with the source strength 

signal, 0, 

wi;, ^ [ g " G ] " ' G « (4.21) 

A delay will have to be introduced in the filter design in order to ensure causality, in a 

similar way to that explained in section 3.4. Therefore the filter becomes. 
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Wo", ^ (4.22) 

The optimal filter calculation depends only on the inversion of the matrix of Green 

functions relating the source signal fluctuations to the sensor. Often this system will 

have non-redundant matrices to invert and thus mathematical complications arise. 

Singular value decomposition and regularisation methods are two ways of 

overcoming this problem. 

Singular value decomposition is of particular importance when inverting a matrix in 

order to estimate the singular values and the condition number of the matrix. If a 

system has small singular values then large terms occur in the solution for the inverse 

matrix (Golub and Van Loan 1989). Another way of measuring possible errors in the 

matrix inversion is by the condition number, which is the ratio of the maximum to the 

minimum singular values of the matrix. Hence, matrices that have a large condition 

number are more sensitive to errors in the solution, whereas a low condition number 

will give rise to less sensitivity to errors in the solution, the matrix is therefore defined 

as a well-conditioned matrix. 

When a matrix has small singular values then the "singular value discarding" 

approach can be put into practice. The difficulty with this approach is to find out 

where the discarding should start, because there is not always an obvious cut-off 

where suddenly the singular values become very small. 

Another approach is to use regularisation methods. By introducing a regularisation 

term in the matrix when this is inverted, if the singular values are very small, then the 

matrix will tend to equal the reciprocal of the regularisation parameter, therefore the 

solution will become less sensitive to errors (Tikhonov and Arsenin 1977). Each 

matrix to invert has an optimal regularisation parameter value; a very small or a very 

high value of the regularisation parameter will produce errors in the solution. 

4.3.2 Computer Simulation to Test the Replication of Source Time Histories 

A simulation is performed in order to test the system illustrated in Figure 4.19. The 

system has a linear microphone array with 2 microphones separated by 0.01m. A 

source is located at 2m from the centre of the array, straight in front, and the other 
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source is also at 2m from the centre of the array but at an angle of 30° with the 

microphone array centre. The location of the microphones and of the sources can be 

seen schematically in Figure 4.20. The signals have 2^° samples in the time domain 

taken at a sampling frequency of 22kHz; in the frequency domain 513 samples are 

used to analyse the signals up to the Nyquist frequency. 

The signal emitted by source l i s a Hanning pulse (see Equation 3.30), and that 

emitted by source 2 is zero, as shown in Figure 4.21. The Green function impulse 

responses, describing the acoustic radiation from the point sources in a free field, to 

each receiver are calculated using the interpolation method as described in section 

3.5.6 and are plotted in Figure 4.22. Figure 4.22 shows an impulse happening at rico, 

where r is the distance from the source to the receiver and co is the sound speed, 

343ms'\ Figure 4.23 shows the frequency responses of the free field Green functions 

after the Matlab function f f t is applied to the impulse responses. The frequency 

responses are quite flat up to 4kHz. Figure 4.24 shows the time history and spectra of 

the signals at the sensors. The impulse responses start to take place at approximately 

5.9ms, which corresponds to the sum of the time at which the Green function occurs, 

rIco, plus the time at which the source signal occurs. Figure 4.25 shows the impulse 

responses of the beamformer filter that are designed by applying the Matlab ijft 

function to the frequency responses of the elements of the matrix shown in Equation 

4.4. A modelling delay, A, of approximately 15.5ms, one third of the period, is 

applied to the filter in order to ensure causality. Therefore the filter impulse responses 

occur at A-rIco, which is approximately 9.6ms. Figure 4.26 shows the frequency 

responses of the elements of the matrix of the beamformer filter, revealed in Equation 

4.4, calculated using Equation 4.22. The frequency responses decay from 70dB to 

approximately 30dB as frequency increases. Figure 4.27 shows the output time 

histories and spectra. The output signal of source 1 takes place at 15.5ms as expected, 

since that corresponds to the delay introduced at the beamformer filters plus the time 

at which the source signal occurs. The output time histories are compared to a 15.5ms 

delayed source time histories and the source and output spectra are also compared. It 

can be noticed that the output signals are similar to the source signals, since the source 

plots are overlaid by the output plots. 
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If noise is captured by the system some errors will occur in the filter design which 

will reduce the ability of the system to recover the source signals. This effect is 

studied in the following sections. 

4.3.3 Inverse Methods 

As explained in section 4.3.1 care must be taken to ensure the inversion necessary to 

design the beamformer filter is possible, and does not create instability in the filter or 

extreme sensitivity to noise. Therefore the characteristics of the matrix [G^G] should 

be observed. 

The singular value decomposition can be used to estimate the matrix inverse when a 

matrix has an eigenvector matrix that is not square. Using singular value 

decomposition the matrix of Green functions, G, can be expanded into the form 

G = U2:v" (4.23) 

where the matrices U and V have columns consisting respectively of the right and left 

singular vectors. The matrix E is the diagonal matrix of singular values of G (Nelson, 

2001). Substituting Equation 4.23 in Equation 4.21 shows that 

=[(U5:V")"(ui:V")]-HU2:V")" (4.24) 

and since U"U=UU^=I and V"V=W"=I the expression becomes after some 

algebraic manipulation 

= Vi:+ U " (4.25) 

where 2^ is the matrix given by that has the typical form 

= diag(1/0- ,̂1/(72 • • • l/o';,) P = min{M,5} (4.26) 

where cr are the singular values and Mis the number of sensors and s is the number of 

sources. If the matrix G has very small singular values these will give rise to large 

terms in the solution for the inverse matrix. If a signal s is perturbed by an amount , 
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the perturbation Jv that results in the solution for the optimal source vector, where 

G(V + ̂ v) = s + ^ s , i s given by 

11J vl| , \ l|Jsll 
V x ^ (4.27) 

Where the symbol || || denotes the two-norm of the matrix or vector and A:(G) is the 

condition number of the matrix G defined by 

K(G) = l|G|jj|G-'|| = ^„„/^„ , . (4.28) 

The condition number is the ratio of the maximum singular value to the minimum 

singular value of the matrix G When the condition number has a low value then small 

errors are to be expected in the estimated solution, whereas if the condition number 

has a large value then the errors in the solution resulting 6om errors in detecting the 

signals will be amplified in proportion to the condition number. 

The condition number of the matrix [G^G], to be applied in the inverse filter of an 11 

microphone circular array with a radius of 0.09m, is plotted in Figure 4.29. The 

condition number is plotted for different angular distances between two sources at 2m 

fi-om the circular array centre; one of the sources is placed straight in front of the 

centre of the array and the other source is at different angles from the array centre, as 

seen in Figure 4.28. Figure 4.28 shows a diagram of the simulation that is not in true 

scale as the main intention of the figure is to enhance the microphone numbers and 

positions in relation to the sources position. The sampling frequency used is 15kHz, 

2̂® (1024) samples are taken in the time domain, thus 513 frequency samples are used 

to study the signals up to the Nyquist frequency. It is clearly seen that as the angular 

separation between the two sources decreases the matrix [G^G] becomes ill-

conditioned. The matrix is particularly ill-conditioned at low frequencies, since the 

condition number generally decreases as frequency increases. 

A similar simulation is run to test the condition number of the matrix [G^G] for 

different numbers of sources equally spaced placed at a radius of 2m from the centre 

of the circular microphone array; one of the sources is placed straight in fi-ont of the 

array. From Figure 4.30 it is clearly seen that as the number of sources increases the 
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matrix [G"G] becomes ill-conditioned. Once again, the matrix is particularly ill-

conditioned at low frequencies, the condition number decreases as frequency 

increases. 

The source of ill-conditioning is a direct consequence of the large disparity between 

the maximum and the minimum singular values of the matrix to be inverted. If a 

regularisation parameter, jS, is introduced in Equation 4.22, 

Wo"t ^ [G"G + ygl]"^G"e-j'"^ (4.29) 

Adapting Equation 4.25, 

W « = V 2 : + U " (4.30) 

where the subscript R denotes the regularised solution and the matrix 

E r = L^takes the typical form 

E r =diag[(Ti/((Tf +P),(T2K(^1 +P) ••• Opl{a\ +yff)] p = m:m{M,s} (4.31) 

If the singular values cr are very small, then <7/ )->!//?, thus preventing the 

term from "blowing up" when the inversion takes place and therefore the 

amplification of any noise or errors present (Tikhonov and Arsenin, 1977). An 

insufficiently small value of P produces significant errors in the solution. As fi 

increases a more accurate solution is obtained. Further increases in result in 

deterioration in the accuracy of the solution. It also appears that the introduction of 

regularisation reduces the effective spatial resolution of the technique. Therefore the 

reconstructed source signal distribution is a smeared image of the actual source 

distribution (Nelson, 2004). 

A simulation is run to test the effect of the regularisation parameter. The condition 

number of the matrix [G^G+yg I] is plotted in Figure 4.31 for different values of the 

regularisation parameter, p, for the circumstances where two sources are separated by 

30°. The regularisation parameter acts more noticeably at the low frequencies making 

the condition number decrease. It can be noticed that the condition number hits a 

minimum at approximately 2750Hz, it would be interesting in a future work to study 
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this fact. Figure 4.32 shows how the regularisation parameter affects the recovery of 

the time histories and spectra of two sources separated by 30°. The signal emitted by 

source 1 is a Harming pulse, and by source 2 is 0, similar to those used in section 4.3.2 

(see Figure 4.21). When no regularisation is used (blue plot) the recovery of the 

source signals (magenta plot) is perfect, as the output plots overlie the source plots. 

As the regularisation parameter increases the accuracy of signal recovery degrades. 

The recovery of the spectra is especially affected at low frequencies (up to 

approximately 300Hz) as expected, since as seen in Figure 4.31 the regularisation 

parameter acts more noticeably at low frequencies. 

Figure 4.33 shows the condition number of the matrix [G"G+y01] for different values 

of the regularisation parameter, /?, for the situation where there are four sources 

equally spaced in the environment. Once again, the regularisation parameter acts more 

noticeably at the low frequencies making the condition number decrease. Figure 4.34 

shows how the regularisation parameter affects the recovery of the time histories and 

spectra of four sources equally spaced. The signal emitted by source l i s a Hanning 

pulse, and by the other sources is zero. When no regularisation is used (blue plot) the 

recovery of the source signals (magenta plot) is perfect, as the output plots overlie the 

source plots. As the regularisation parameter increases the accuracy of signal recovery 

degrades. The spectra recovery is especially affected at low frequencies (up to 

approximately 300Hz) as expected, since again, as seen in Figure 4.33 the 

regularisation parameter acts more noticeably at low frequencies. 

Figure 4.35 shows the condition number of the matrix I] for different values 

of the regularisation parameter, p, for the situation where there are ten sources equally 

spaced in the environment. Once again, the regularisation parameter acts more 

noticeably at the low frequencies making the condition number decrease. The 

condition number is higher than in the situations with a lower number of sources. It 

can also be noticed that there are peaks in the condition number throughout the 

frequency range. 

4.3.4 Focused Beamforming to Null Sources at Specific Locations 

Here, the directivity of a circular array is simulated, using the signal processing 

techniques described in section 4.3.1, when 2 sources are present at 2m from the array 
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centre. The goal is to capture the source at 0° and null the source at 30°. A schematic 

representation of the locations of the microphone array and of the sources can be seen 

in Figure 4.36. The directivity is calculated by moving the source at 0° in 1° intervals. 

The circular array has a radius of 0.09m and 11 microphones are equally spaced. In 

order to avoid spatial aliasing the distance between the receivers has to be smaller 

than XI2, therefore the maximum frequency that can be plotted is approximately 

3.4kHz. The sampling frequency used is 15kHz, 2̂® samples are taken in the time 

domain, thus 513 frequency samples are used to study the signals up to the Nyquist 

frequency. The signals emitted by the sources are similar to those shown in Figure 

4.21, but this time the Hanning pulse has the duration of 1ms. The directivity is 

plotted from the normalised magnitude of the output frequency response. 

Figure 4.37 shows the directivity of the circular microphone array. In Figure 4.37 the 

goal is to capture a source at 0°, when there is an unwanted source at 30°. As seen in 

Figure 4.31, in this situation the condition number of the matrix [G^G] is higher than 

10"̂  which might create large errors in the beamformer filter, therefore a regularisation 

of 10"̂  was introduced in the matrix, [G^G+^ I], to reduce the condition number to 

values lower than 10 .̂ The value 10̂  was chosen arbitrarily so that any error in the 

filter will increase to a maximum of 10 .̂ Figure 4.37 compares the directivities for the 

cases when the beamformer filter has no regularisation and when regularisation is 

used. Figure 4.31 shows that when regularisation is used the matrix, [G"G+/? I], is 

affected more prominently at low frequencies. Thus it is expected that the directivity 

patterns are affected more noticeably at low frequencies as revealed in Figure 4.37. 

As frequency increases no difference is observed in the directivity patterns. A null at 

30° is observed at all frequencies except for the regularised pattern at 132Hz. Also, 

the output response is similar to the source response (normalised directivity value at 

0° equals OdB) at all frequencies except at 132Hz for the regularised solution. The 

consequence of regularising the beamformer filter is a trade off, since by reducing the 

sensitivity to errors of the beamformer filter the directivity pattern is affected. 

Figure 4.38 compares the single-channel directivity obtained in Figure 4.14 with the 

multi-channel regularised solution {ft=\Qi^) obtained in Figure 4.37. The multi-

channel focused beamformer improves noticeably the directivities at low frequencies, 

however the output signal will contain errors when compared to the source signal. At 

81 



high frequencies the directivities of the single and multi-channel beamformers are 

very similar. 

Next, a simulation similar to that described above is undertaken but this time three 

unwanted sources are located at angular positions of 90°, 180° and 270°. A schematic 

representation of the microphone array and of the sources can be seen in Figure 4.39. 

In Figure 4.40 the goal is to capture a source at 0°, when there are unwanted sources 

at 90°, 180° and 270°. As seen in Figure 4.33, for this case the condition number of 

the matrix [G^G] reaches approximately 10̂  which creates sensitivity to noise in the 

beamformer filter, therefore a regularisation parameter of 10"̂  was introduced in the 

matrix, [G^G+yff I], to reduce the condition number to values lower than 10 .̂ Figure 

4.40 compares the directivities for the situations when the beamformer filter has no 

regularisation and when regularisation is used. In this circumstance the effect of 

regularisation is more prominent than in the case of only two sources, separated by 

30°, shown above. Thus the directivity patterns are affected by regularisation more 

noticeably than in Figure 4.37. However it is still observed that there are nulls at 90°, 

180° and 270° at all frequencies except at 132Hz. Also, the output signal is similar to 

the source signal at all frequencies except at 132Hz. 

Figure 4.41 compares the single-channel directivity obtained in Figure 4.14 with the 

four sources multi-channel regularised solution obtained in Figure 4.40. The 

multi-channel focused beamformer improves noticeably the directivities at low 

frequencies, however the output signal will contain errors when compared to the 

source signal. At high frequencies the directivities of the single and multi-channel 

beamformers become more similar. 

In Figure 4.43 the goal is to capture a source at 0°, when there are unwanted sources 

at 36°, 72°, 108°, 144°, 180°, 216°, 252°, 288° and 324° (see Figure 4.42). As seen in 

Figure 4.35, for this case the condition number of the matrix [G^G] is higher than 10̂  

which creates instability in the beamformer filter, therefore a regularisation of 10"̂  

was introduced in the matrix, [G^G+y01], to reduce the condition number to values 

lower than 10 .̂ Figure 4.43 compares the directivities for the situations when the 

beamformer filter has no regularisation and when regularisation is used. Such a high 

regularisation value triggers a high effect on the directivity patterns. Thus for the 
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regularised solution nulls at all the secondary source positions only begin to be 

noticed at 2183Hz. Moreover an output signal similar to the source signal is never 

completely achieved, at 132Hz and 571 Hz there is high attenuation of the signal but 

as frequency increases the output signal becomes closer to the source signal. 

4.4 Summary 

The use of the single-channel focused beamforming and the multi-channel focused 

beamforming ŵ as studied in this Chapter. The system illustrated in Figure 3.2 was 

studied. It was shown that it is possible to obtain an output frequency response similar 

to the source frequency response and an output impulse response that is a delayed 

version of the source signal. The effect of range was also studied and it was shown 

that as the source becomes closer to the microphone array the amplitude of the 

recovered signal increases. The directivities of a linear microphone array were 

compared with the directivities of a circular microphone array in the free field. It was 

concluded that the circular microphone array reduces front-back ambiguity inherent in 

the linear microphone array. Also, when examining the vertical directivity of the 

arrays it was shown that the circular microphone array shows vertical directivity while 

the linear microphone is omni-directional. 

The multi-channel focused beamformer system was also studied. It was shown that 

the output signals obtained are similar to the source signals. When using a multi-

channel focused beamformer care must be taken to avoid filter sensitivity to possible 

errors. Therefore the condition number of the matrix to invert in the filter equation 

was observed and a regularisation parameter was introduced. It was concluded that for 

the situations of several secondary sources and for the circumstance when the sources 

are too close together the beamformer filter matrix is ill-conditioned, especially at low 

frequencies. The consequence of regularising the beamformer filter is a trade off, 

since by avoiding inversion errors in the beamformer filter the directivity pattern and 

the output signals are affected, especially at low frequencies. The directivity patterns 

obtained for two sources separated by 30° and for four sources equally spaced show 

nulls at the secondary sources angular positions, and output responses similar to the 

source responses, except at very low frequencies. When comparing the directivity 

patterns obtained in the single-channel focused beamformer and in the regularised 
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multi-channel focused beamforaier it is observed that a narrower main lobe can be 

obtained at low frequencies in the multi-channel case. However the recovery of the 

source signal will contain some errors. Lastly, for the case when ten sources are 

equally spaced a higher regularisation value had to be used that highly degraded the 

directivity patterns. 
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Figure 4.1 Location of the source and microphones. 
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Figure 4.2 Time history and spectrum of the source signal. 
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Figure 4.3 Impulse responses of the free field Green functions. The amplitude of the impulse response 
shows the acoustic pressure per unit source strength. 
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Figure 4.4 Frequency responses of the free field Green functions. 
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Figure 4.5 Impulse responses at the sensors. 
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Figure 4.6 Signal spectra at the sensors. 
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Figure 4.7 Impulse responses of the beamformer filters. The amplitude of the impulse response shows 
the source strength per unit acoustic pressure. 
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Figure 4.8 Frequency responses of the beamformer filters. 
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Figure 4.9 Time history and spectrum of the output signal, in red, compared to the source signal, in 
blue. 
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Figure 4.10 Output time histories from sources at different distances from the microphone array, when 
the microphone signals are processed through beamformer filters calculated for a source at 2m from the 

microphone array. 
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Figure 4.11 Output specfra from sources at different distances from the microphone array, when the 
microphone signals are processed through beamformer filters calculated for a source at 2m from the 

microphone array. 
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Figure 4.12 Locations of the source, in red, used to evaluate the directivity of the linear microphone 
array, in blue. The goal is for the focused beamformer to capture the output of the source with 

coordinates x=0 y=2. 
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Figure 4.13 Locations of the source, in red, used to evaluate the directivity of the circular microphone 
array, in blue. The goal is for the focused beamformer to capture the output of the source with 

coordinates x=0 y=2. 
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Figure 4.14 Comparison of the directivities of a linear array, having a length equal to the circumference 
of the circular microphone array, and a circular microphone array in the free field. 
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Figure 4.15 Comparison of the directivities of a linear array, having a length equal to the diameter of 
the circular microphone array, and a circular microphone array in the free field. 
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Figure 4.16 Locations of the source, in red, used to evaluate the vertical directivity of the linear 
microphone array, in blue. The goal is for the focused beamformer to capture the output of the source 

with coordinates x=0 y=2 z=0. 
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Figure 4.17 Locations of the source, in red, used to evaluate the vertical directivity of the circular 
microphone array, in blue. The goal is for the focused beamformer to capture the output of the source 

with coordinates x=0 >>=2 z=0. 
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Figure 4.18 Comparison of the vertical directivities of a linear array, having a length equal to the 
circumference of the circular microphone array, and a circular microphone array in the free field. 
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Figure 4.20 Location of the sources, in red, and the microphones, in blue. 
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Figure 4.21 Time histories and spectra of the source signals. 
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Figure 4.22 Impulse responses of the free field Green functions. The amplitude of the impulse response 
shows the acoustic pressure per unit source strength. 
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Figure 4.23 Frequency responses of the free field Green functions. 
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Figure 4.24 Time histories and spectra of the signals at the sensors. 
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Figure 4.25 Impulse responses of the beamformer filters. The amplitude of the impulse response shows 
the source strength per unit acoustic pressure. 
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Figure 4.26 Frequency responses of the beamformer filters. 
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Figure 4.27 Time histories and spectra of the output signals, in red, compared to the sources signals, in 
blue. 
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Source 1 
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Figure 4.28 Placement of two sources in relation to the circular microphone array. One source is placed 
straight in front of the centre of the array and the other source is at different angles from the array 

cenfre. 
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Figure 4.29 Condition number of [G^G] for different angular separations between 2 sources. 
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Figure 4.30 Condition number of [G'̂ G] for different number of sources. 
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Figure 4.31 Condition number of [G^G+yff I] for two sources separated by 30°. 
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Figure 4.32 Sources and outputs time histories and spectra, for different values of the regularisation 
parameter, when there are two sources separated by 30°. 
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Figure 4.33 Condition number of I] when there are 4 sources in the system. 
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Figure 4.34 Source and output time histories and spectra, for different values of the regularisation 
parameter, when there are 4 sources in the system. 
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Figure 4.35 Condition number of [G^G+yS I] when there are 10 sources in the system. 
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Figure 4.36 Schematic representation of the microphone array, in blue, and of the sources, in red. 
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Figure 4.37 Directivity of a circular microphone array in an environment where the goal is to capture 
the source at 0° and null the source at 30°. 
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Figure 4.38 Comparison of the directivities of a circular microphone array when a single-channel 
focused beamformer is used and when a regularised multi-channel focused beamformer is 

used to capture a source at 0° and null a source at 30°. 
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Figure 4.39 Schematic representation of the microphone array, in blue, and of the sources, in red. 
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Figure 4.40 Directivity of a circular microphone array in an environment where the goal is to capture 
the source at 0° and null the sources at 90°, 180° and 270°. 
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Figure 4.41 Comparison of the directivities of a circular microphone array when a single-channel 
focused beamformer is used and when a regularised 0^10"*) multi-channel focused beamformer is 

used to capture a source at 0° and null the sources at 90°, 180° and 270°. 
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Figure 4.42 Schematic representation of the microphone array, in blue, and of the sources, in red. 
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Figure 4.43 Directivity of a circular microphone array in an environment where the goal is to capture 
the source at 0° and null the sources at 36°, 72°, 108°, 144°, 180°, 216°, 252°, 288° and 324°. 
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5 MICROPHONE ARRAYS ON A RIGID SPHERE 

5.1 Introduction 

This Chapter studies the scattering of sound by a rigid sphere and its influence on the 

directivity of circular microphone arrays. The mathematical ftmction describing the 

scattering of sound by a rigid sphere is derived. The single and multi-channel 

beamformers are applied to a circular microphone array on a rigid sphere. The 

resultant directivities are compared with the free field directivities computed in 

Chapter 4. The difference between these directivities is studied and explained. 

5.2 Scattering of Sound by a Rigid Sphere 

When a plane wave has an obstacle in its path, in addition to the undisturbed plane 

wave there is a scattered wave, spreading out from the obstacle in all directions. The 

scattered wave is the difference between the actual sound wave and the undisturbed 

wave, which would be present if an obstacle was not there (Morse, 1948). 

The equation describing the scattered field of a rigid sphere can be derived from the 

general Helmholtz equation 

= Q (5.1) 

where k is the acoustic wavenumber and p, pressure, is a function of position. This 

equation, when written in spherical co-ordinates, becomes 

1 d 
. 2 dr 

.2 r + -
sin9 06 

sin 6-
6^ 

dp\ 1 0( dp\ 1 d^p 

where j!? is a function of the spherical coordinates r, 6 and (p. This is a separable 

equation and therefore the following solution will be assumed: 

p{r, e, (p) = F{r)W{d)H{(p) (5.3) 
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where F{r), W(0) and H{(p) are separable functions that are governed by three 

ordinary differential equations, respectively governing the radial, polar and azimuthal 

dependence of the acoustic pressure. Firstly, the equation for H((p) is given by 

^-^ + m^H = 0 (5J0 

where is a separation constant. This equation has solutions of the sinusoidal or 

exponential type given by and since p{r, 6, (p) = p(r, 9, (p+ 1%) then m must be a 

positive or negative integer. The equation for G is given by 

1 d 

sin^ d6 
sin^ 

dW 

dd 

m 

sin 6 
-W + C^W = 0 (5.5) 

where is another separation constant. In order for Equation 5.5 to have solutions 

that are finite at ^ — 0 and TT then = n{n+\) where n must be a positive integer. To 

solve Equation 5.5 the transformation variable 77 = cos0 is used 

drj 

dW 

drj 
+ «(« + ! ) -

m 

\-n' 
w = o (5.6) 

This equation has solutions W{q) = AP^ {cosd)+BQ^ (cosd) where P" (cos (9) is the 

Legendre function of the first kind and Q" (cosO) is the Legendre ftmction of the 

second kind. However since g " (cos^) is not finite at the poles where tj=±1 then B 

must equal zero. Also, since the scattering Green function has axial symmetry for 

two-dimensional calculations, the Green function is independent of <p, and therefore 

m=0. Finally the equation for F is given by 

+ 2r —+ \k^-(/7(« + 1))]f = 0 
dr^ dr ^ ^ 

(5.7) 

and this equation has solutions given by spherical Hankel functions, described by 

(5.8) 
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ikr) = j„ {kr) - (kr) (5.9) 

where and n„ are, respectively, the spherical Bessel and Neumann functions of order 

n. 

Jn(kr) = . ~ J likr) (5.10) 
V 2kr n+-

^nikr) = J ^ N i ( ^ ) (5.11) 
V 2kr n+-

and where J„+mikr) is the Bessel function of order (n+l/2) and Nn+xaikr) is the 

Neumann function of order «+l/2. For the radiation condition at infinity to be obeyed 

then the Hankel functions of the first kind have to be rejected, since only the outgoing 

waves are considered for the scattered pressure. Therefore the scattered pressure is 

given by, 

Ps = (5.12) 
n=0 

The constant b„ is found in order to comply with the boundary condition, which states 

that the total pressure gradient must be zero on the sphere surface, since the sphere is 

perfectly rigid and therefore the particle velocity in the radial direction must be zero 

on the sphere surface, 

dr 
0 (5^3) 

where a is the sphere radius (see Figure 5.1) andpt is the total pressure, which is the 

sum of the free field pressure and the scattered pressure, Pt= Pff + Ps- The free field 

pressure function, described in Equation 2.19, can be expanded into an infinite series, 

using the property e"̂ ^ = cosy - ]siny, and the following equations from Abramowitz 

and Stegun (1965), 

sin(pC) ^ ^^2n + \)j„{kr)j^{kp)P„{cosd) (5.14) 
fi=o 
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cos{kR) ^ Y,(2n + \)j„{kr)n„ikp)P„icosd) (5.15) 
fi~Q 

where R = -Irpcosd , r is the distance from the sphere centre to the 

receiver, 6 is the angle subtended between the receiver point, centre of sphere and the 

source and p is the distance from the centre of the sphere to the source as shown in 

Figure 5.1. Thus the free field pressure function equation can be written as, 

Pff = z (2« +1 )/•„ (^)(/'„ ( ^ ) - j Q^pWn (COS0) (5.16) 
n=0 

where co is the angular frequency, po is the density of the medium and q is the volume 

velocity. Substituting the sum of Equation 5.12 and Equation 5.16 in Equation 5.13 

and performing some algebraic manipulation leads to 

where the prime denotes differentiation with respect to the argument of the fimction. 

The derivatives of the spherical Bessel functions are given by (Abramowitz and 

Stegun, 1965), 

^ - in ( M = Jn-V (^) - in ( W (5.18) 

^ •n„ika) = n„_^{ka)-^^n„{ka) (5.19) 

Designating the complex volume acceleration function, V=] coq, as the input and the 

complex acoustic pressure p(r) as the output, the frequency domain transfer function 

(scattered Green function) can be written as 

Un (kr) - j n„ {kr))P„ (cos^) (5.20) 
4k „=O 

From the scattered Green fimction equation it is clear that ka and kp are the 

parameters that completely define the problem. However, in the simulations presented 
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below, a fixed value of a will be mostly used and the frequency will be expressed in 

terms of absolute units (Hz). 

5.3 Discrete Time Domain Representation of the Total Green 

Function 

The interpolation method, explained in section 3.5.6, is applied to the total Green 

function, the free field plus the scattered field Green function, in order to obtain a 

suitable discrete representation. The free field Green function is calculated from a 

discrete version of Equation 2.20 and the scattered field Green function is calculated 

from Equation 5.20. It has been found that the infinite series given by Equation 5.20 

are limited by an overload error in Matlab computer software when n is higher than 

67 terms (Rose, 2004), therefore the series will be computed for «=(0...67). The 

simulation is run with a sampling frequency of 48kHz, and 2̂ ^ samples are taken in 

the time domain; thus 513 frequency samples are used to calculate the frequency 

responses up to the Nyquist frequency. The total Green function is calculated for six 

different angular positions on a rigid sphere with 0.09m of radius. The angular 

positions are 0°, 36°, 72°, 108°, 144° and 180°, a source is assumed to be at a distance 

of 2m from the centre of the rigid sphere. 

Figure 5.2 shows the total field Green function impulse responses, computed using the 

interpolation method, after different orders of interpolation were applied. Figure 5.3 

shows the total field Green function frequency responses obtained after applying the 

Matlab ̂  function to the impulse responses. The different interpolation orders are 

compared with the original total Green function that is computed from summing the 

free field Green function calculated using a discrete version of Equation 2.20 and the 

scattered field Green function calculated using Equation 5.20. All the frequency 

responses are plotted normalised to the original total Green function (see Equation 

3.20). 

From the Figure 5.2 and Figure 5.3 it seems that the 2"*̂  order interpolation is the one 

whose frequency and impulse responses overall are closest to the original total field 

Green functions. 
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Figure 5.4 and Figure 5.5 show the total Green function, after a 2"'' order interpolation 

is used. Figure 5.4 shows the total Green fimction frequency responses that are well 

represented up to about 18 kHz, after that the decays observed are due to interpolation 

errors. Figure 5.5 shows the total Green function impulse responses. The total Green 

function amplitude decays as the back of the sphere is approached. However at the 

point at the back of the sphere, 180°, the frequency response and the impulse response 

show higher amplitude values than at 108° or 144°. This is due to the "bright spot" 

created at the point directly at the back of the sphere. The obstacle used in the system 

studied is a sphere with a diameter of 0.18m and the system is tested for a frequency 

band up to 20kHz. Therefore the wavelength is small compared with the obstacle size, 

which implies that half of the scattered wave spreads out more or less uniformly in all 

directions from the scatterer, and the other half is concentrated behind the obstacle 

(Morse, 1948). This can be explained since creeping waves propagate over the surface 

of a smoothly curved surface continuously shedding energy into the region behind the 

obstacle, also known as the "shadow zone" (Pierce, 1981). 

Figure 5.6 shows nine "snapshots", or frames, of the total sound field. The frames are 

listed sequentially in a "reading-sequence" from top left, the earliest time, to bottom 

right, the latest time. The source is positioned 0.5m away from the sphere directly 

below it. The pulse emitted by the source is a Hanning pulse (see Equation 3.30). The 

total Green function is calculated from summing the free field Green function, that is 

calculated from Equation 2.20, and the scattered field Green function, that is 

calculated from Equation 5.20. The sphere, whose radius is 0.09m is positioned at the 

centre of each frame. The number of samples used is 2' and the sound field is 

calculated at frequencies between IHz and the Nyquist frequency 6.4kHz. 

Figure 5.6 shows a wave travelling around the rigid sphere. When the incident wave 

hits the front of the sphere it causes a "reflected" wave to radiate away from this 

point, since hard obstacles reflect high-frequency components according to ray theory. 

A similar wave starts to radiate away from the point directly at the back of the sphere. 

This wave is formed due to all the paths of the incident wave that follow around the 

sphere to this "bright spot" having the same length, and therefore all the components 

of the incident field arriving at this point are bound to be in phase and interfere 

constructively (Kirkeby and Nelson, 1998). 
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5.4 Directivity of a Circular Microphone Array on a Rigid Sphere 

The directivity of a circular microphone array on a rigid sphere is computed. The 

directivity is calculated with the sources spaced at 1° intervals and at 2m from the 

array centre. The array has a radius of 0.09m and 11 microphones equally spaced. The 

beamformer filter is set to capture the source at 0°. In order to avoid spatial aliasing 

the distance between the receivers has to be smaller than XI2, therefore the mavTmnm 

frequency that can be plotted is approximately 3.4kHz. The simulations performed in 

this Chapter, unless referred otherwise, use a sampling frequency of 15kHz and 2̂® 

samples are taken in the time domain, thus 513 frequency samples are used to study 

the signals up to the Nyquist frequency. The signal emitted by the source is a Harming 

pulse. The directivity is plotted from the magnitude of the output frequency response, 

with the source signal as the reference (see Equation 2.21). 

Figure 5.7 shows the comparison of the directivities of a circular microphone array on 

a rigid sphere and its equivalent in the free field. The directivity of the free field 

circular array was computed in section 4.2.2. It can be perceived that by using a rigid 

sphere on which receivers are placed improves the directivity at low frequencies by 

narrowing the mainlobe. This is especially noticed at 571Hz and 1450Hz. As 

frequency increases the mainlobe of the free field microphone array becomes as 

narrow as the mainlobe of the rigid sphere microphone array. The reasons for the 

enhancement of the directivity pattern shown when placing a microphone array on a 

rigid sphere will be studied in the next section. 

5.5 Explanation of the Rigid Sphere Microphone Array Enhanced 

Directivity 

In this section two simulations are performed to explain why an improvement is 

noticed at the low frequencies directivities of the circular array when placed on a rigid 

sphere. 

The rigid sphere total Green functions computed in section 5.2 are compared to the 

equivalent free field Green function impulse responses. Figure 5.8 shows this 

comparison for receivers located at different angular positions in a circular array: 0°, 
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36 , 72 , 108°, 144° and 180°. It is noticed that the total Green function as the angles 

increase suffers a delay in relation to the free field Green function. This suggests that 

when a rigid sphere is present the velocities at which the waves travel diminish. The 

reason for the waves travelling slower on a rigid sphere is the formation of creeping 

waves, which travel at a slower velocity than the sound velocity (Pierce, 1981). 

The directivities of circular microphone arrays, one in the free field and another on a 

rigid sphere, are calculated. The arrays have 11 microphones equally spaced in a 

circular disposition. The rigid sphere microphone array has a radius of 0.09m, while 

the free field array has a diameter of half of the rigid sphere circumference, 0.28m. 

The sources are placed at a distance of 2m. The source signal fed to the system is a 

Banning pulse. The directivity is calculated with sources spaced at 1° intervals and it 

is plotted from the magnitude of the output frequency response with the source signal 

as the reference. 

From Figure 5.9 it can be perceived that since the results obtained for low frequencies 

are similar the size of the sphere seems to be the main factor affecting directivity at 

low frequencies. When a rigid sphere is not present, in a free field, the waves pass 

through the microphone array, the presence of a rigid sphere increases the path taken 

by the waves and also the creeping waves formed when a rigid sphere is present have 

a lower velocity than the sound speed. These results are also explained by Daigle et 

al. (2005) where it is stated that additional improvements can be obtained through the 

introduction of a surface that permits air-coupled surface waves to propagate. 

5.6 Multi-Channel Focused Beamforming 

This section studies the application of the signal processing techniques, previously 

applied to the free field case in section 4.3, to a circular microphone array on a rigid 

sphere. 

Figure 5.10 shows the condition number of the inverse filter matrix [G"G] (see 

Equation 4.22) for the situation of a circular array with 11 microphones placed on a 

rigid sphere with a radius of 0.09m. The condition number is plotted for different 

angular distances between two sources at 2m from the circular array centre; one of the 

sources is placed straight in front of the centre of the array and the other source is at 
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different angles from the array centre. The sampling frequency used is 15kHz, 2̂® 

samples are taken in the time domain, thus 513 frequency samples are used to study 

the signals up to the Nyquist frequency. It is clearly seen that as the angular separation 

between the two sources decreases the matrix [G"G] becomes ill-conditioned. The 

matrix is particularly ill-conditioned at low frequencies, and again the condition 

number decreases as frequency increases. By comparing Figure 5.10 and Figure 4.29 

it is observed that the condition numbers for a circular array on a rigid sphere and on 

the free field are similar. The condition numbers are slightly lower for the rigid sphere 

case at low frequencies. 

A similar simulation was run to test the condition number of the matrix [G"G] for 

different number of sources equally spaced placed at a radius of 2m from the centre of 

the circular microphone array on the rigid sphere; one of the sources is placed straight 

in front of the array. It is clearly seen that as the number of sources increases the 

matrix [G^G] becomes ill-conditioned. Once again, the mafrix is particularly ill-

conditioned at low frequencies, and the condition number decreases as frequency 

increases. By comparing Figure 5.11 and Figure 4.30 it is observed that at low 

frequencies the array on a rigid sphere shows significantly lower condition numbers, 

particularly in the frequency range where the condition number reaches its first 

minimum value. At high frequencies the condition number of the array on a rigid 

sphere does not show the peaks seen in the free field array. 

A simulation is run in order to study the effect of the regularisation parameter (see 

Equation 4.29). The condition number of the matrix [G"G+/? I] is plotted in Figure 

5.12 for different values of the regularisation parameter, (3, in the situation where two 

sources are separated by 30°. The regularisation parameter acts more noticeably at the 

low frequencies making the condition number decrease, similarly to that demonstrated 

in the free field case (see Figure 4.31). 

Figure 5.13 shows the condition number of the matrix [G"G+y9I] for different values 

of the regularisation parameter, p, for the situation where four sources are equally 

spaced in the system. Once again, the regularisation parameter acts more noticeably at 

the low frequencies making the condition number decrease, similarly to the free field 

case (see Figure 4.33). 
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The directivity of a circular array on a rigid sphere is simulated, using a multi-channel 

focused beamformer, described in section 4.3.1, when 2 sources are present at 2m 

from the array centre. The goal is to capture the source at 0° and null the source at 

30°. The directivity is calculated by moving the source at 0° in 1° intervals. The 

circular array has a radius of 0.09m and 11 microphones equally spaced. The signals 

emitted by the sources are a Hanning pulse for the source located at 0° and 0 at the 

30° source. The directivity is plotted from the magnitude of the output frequency 

response, with the source signal as the reference. 

Figure 5.14 shows the directivity of the circular microphone array. In Figure 5.14 the 

goal is to capture a source at 0°, when there is an unwanted source at 30°. As seen in 

Figure 5.12, for this case the condition number of the matrix [G^G] is higher than 10̂  

which creates instability in the beamformer filter, therefore a regularisation of 10"̂  is 

introduced in the matrix, [G^G+y01], to reduce the condition number to values lower 

than 10 .̂ Figure 5.14 compares the directivities for the situations when the 

beamformer filter has no regularisation and when regularisation is used. Figure 5.12 

shows that when regularisation is used the effect is more prominently noticed at low 

frequencies. Thus it is expected that the directivity patterns are affected more 

noticeably at low frequencies as revealed in Figure 5.14. As frequency increases no 

difference is observed in the directivity patterns. A null at 30° is observed at all 

frequencies except at 132Hz in the regularised solution. Also, the output response is 

similar to the input response at all frequencies except at 132Hz in the regularised 

solution. Once again it is noticed that the use of regularisation is a trade-off, since by 

reducing the errors in the beamformer filter inversion the directivity pattern is 

affected. 

Figure 5.15 compares the single-channel directivity obtained in Figure 5.7 with the 

multi-channel regularised solution C^IO"^) obtained in Figure 5.14. The multi-

channel focused beamformer improves the directivities at low frequencies, however 

the output response will contain errors when compared to the source signal. As 

frequency increases the directivities of the single and multi-channel beamformers 

become very similar. 
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Figure 5.16 illustrates the regularised O^IO^) directivities plotted in Figure 4.37 and 

in Figure 5.14, in order to ease the comparison between the free field and rigid sphere 

directivities. Similarly to the single-channel focused beamformer, the rigid sphere 

microphone array exhibits a narrower mainlobe at low frequencies. 

A simulation similar to that described above is carried out but this time the unwanted 

sources are located at angular positions of 90°, 180° and 270°. In Figure 5.17 the goal 

is to capture a source at 0°, when there are unwanted sources at 90°, 180° and 270°. 

As seen in Figure 5.13, for this situation the condition number of the matrix [G^G] is 

higher than 10̂  which creates instability in the beamformer filter, therefore a 

regularisation of 10"̂  was introduced in the matrix, [G"G+/? I], to reduce the 

condition number to a value of 10 .̂ Figure 5.17 compares the directivities for the 

cases when the beamformer filter has no regularisation and when regularisation is 

used. Nulls are observed at 90°, 180° and 270° at all frequencies except at 132Hz. 

Also, the output response is similar to the source response at all frequencies except for 

the regularised solution at 132Hz. 

Figure 5.18 compares the single-channel directivity obtained in Figure 5.7 with the 

multi-channel regularised solution O^IO"^) obtained in Figure 5.17. The multi-

channel focused beamformer improves the directivities noticeably at low frequencies, 

however the output response will contain errors when compared to the source signal. 

As frequency increases the mainlobe of the single-channel focused beamformer 

becomes narrower, however the multi-channel beamformer has smaller sidelobes 

around the positions where there are nulls. 

Figure 5.19 illustrates the regularised {ft=\(y^) directivities plotted in Figure 4.40 and 

in Figure 5.17, in order to ease the comparison of the free field and rigid sphere 

directivities. At 132 Hz the rigid sphere array shows a slightly narrower mainlobe. At 

571Hz the directivities are similar. At 1450Hz the free field mainlobe is narrower than 

the rigid sphere. As frequency increases the rigid sphere array shows better directivity 

than the free field array. 
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5.7 Summary 

In this Chapter a study has been performed of the directivity of microphone arrays on 

a rigid sphere. Initially the scattering of sound by a rigid sphere was analysed. The 

equation of the scattering of sound by a rigid sphere was derived and the process of 

scattering was studied. It was shown that when an incident wave hits a rigid sphere, 

reflected waves are created since high frequencies are reflected by hard obstacles, at 

the back of the sphere a bright spot appears due to creeping waves and another wave 

radiates away. 

The directivity of a circular array on a rigid sphere was compared to a circular array in 

free field. The circular array on a rigid sphere shows an enhanced directivity at low 

frequencies since it has narrower mainlobes. The causes of the enhanced directivity 

when a rigid sphere is present were studied. A close equivalence was found between 

the directivities of a circular array around a rigid sphere and a circular free field array 

whose diameter is half of the rigid sphere circumference. It was concluded that the 

improvement is due to the increased path that the waves have to follow since when a 

rigid sphere is present the waves have to go around the sphere while in free field the 

waves go through the array. Also, creeping waves formed when a rigid sphere is 

present further increase the path travelled by the waves since they have a lower 

velocity than the sound speed. These two factors effectively increase the "length" of 

the array when compared to the free field array. 

Finally, the multi-channel focused beamformer was applied to the rigid sphere 

circular array. A regularisation parameter had to be introduced for filter stability 

reasons, similarly to the free field case. The consequence of regularising the 

beamformer filter is a trade off, since by avoiding errors in the matrix inversion of the 

beamformer filter the directivity pattern and the output response are affected, 

especially at low frequencies. However nulls were still obtained in the directivity 

patterns at the angular positions of the secondary sources, and output responses 

similar to the source responses were obtained, except at very low frequencies. When 

comparing the directivity patterns obtained in the single-channel focused beamformer 

and in the multi-channel focused beamformer it is observed that a narrower matn lobe 

can be obtained at low frequencies in the multi-channel case. However the recovery of 

the source signal will contain some errors at low frequencies. When comparing the 
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free field and rigid sphere multi-channel focused beamformers directivities, in general 

the rigid sphere improves the directivity patterns. 
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sphere 
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Figure 5.1 Scheme showing the distances and angles of a monopole source to a rigid sphere and a field 
point. 
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Figure 5.2 Impulse responses of the total Green function, for different angular positions on a rigid 
sphere, after different orders of interpolation are applied in the interpolation method. The amplitude of 

the impulse response shows the acoustic pressure per unit volume acceleration. 
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Figure 5.3 Frequency responses of the total Green function, for different angular positions on a rigid 
sphere, after different orders of interpolation are apphed in the interpolation method. 
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Figure 5.4 Total Green function in the frequency domain using a 2̂ ^ order interpolation. 
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5.5 Total Green fimction in the time domain using a 2°'' order interpolation. The amplitude of 
the impulse response shows the acoustic pressure per unit volume acceleration. 
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Figure 5.6 The sound field produced by a spherical wave impinging on a rigid sphere. 
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Figure 5.7 Comparison of the directivities of a circular microphone array in the free field, in blue, and 
on a rigid sphere, in red. 
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Figure 5.8 Total Green function and free field Green function in the time domain for different angles: 
0°, 36°, 72°, 108°, 144° and 180°. The amplitude of the impulse response shows the acoustic pressure 

per unit volume acceleration. 
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Figure 5.9 Directivities of a rigid sphere microphone array with a radius of 0.09m and a free field array 
with a diameter of half of the rigid sphere circumference. 
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Figure 5.10 Condition number of [G^G] for different angular separation between 2 sources: 
microphone array on a rigid sphere. 
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Figure 5.11 Condition number of [G^G] for different number of sources: microphone array on a rigid 
sphere. 
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Figure 5.12 Condition number of [G^G+y? I] for two sources separated by 30°: microphone array on a 
rigid sphere. 
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Figure 5.13 Condition number of [G^G+yS I] when there are 4 sources in the system: microphone array 
on a rigid sphere. 
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Figure 5.14 Directivity of a circular microphone array on a rigid sphere in an environment where the 
goal is to capture the source at 0° and null the source at 30°. 
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Figure 5.15 Comparison of the directivities of a circular microphone array on a rigid sphere when a 
single-channel focused beamformer is used and when a when a regularised (̂ 0=10"̂ ) multi-channel 

focused beamformer is used to capture a source at 0° and null the source at 30°. 
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Figure 5.16 Comparison of the regularised 00=10" )̂ directivities of a circular microphone array in the 
free field and on a rigid sphere, in an environment where the goal is to capture the source at 0° and null 

the source at 30°. 
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Figure 5.17 Directivity of a circular microphone array on a rigid sphere in an environment where the 
goal is to capture the source at 0° and null the sources at 90°, 180° and 270°. 

142 



132 Hz 571 Hz 
10 dB 

1450 Hz 
10 dB 

2183 Hz 

2915 Hz 3428 Hz 
10 dB 

Single-Channel 
Multi-channel 

Figure 5.18 Comparison of the directivities of a circular microphone array on a rigid sphere when a 
single-channel focused beamformer is used and when a when a regularised (J3=\(y^) multi-channel 
focused beamformer is used to capture a source at 0° and null the sources at 90°, 180° and 270°. 
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Figure 5.19 Comparison of the regularised 03=10"") directivities of a circular microphone array in the 
free field and on a rigid sphere, in an environment where the goal is to capture the source at 0° and null 

the sources at 90°, 180° and 270°. 
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6 SINGLE-CHANNEL FOCUSED BEAMFORMER 

EXPERIMENTS 

6.1 Introduction 

This Chapter describes the tasks carried out in performing single-channel experiments 

in the ISVR anechoic chamber. White noise and speech sentences were emitted by a 

loudspeaker and were recorded by circular microphone arrays. Conclusions are 

reached regarding the ability of a free field circular microphone array and a circular 

microphone array on a rigid sphere to recover the source signals when a single-

channel focused beamformer is used to process the recorded signal. Also, a 

comparison is made between the performance of beamformer filters when they are 

designed using Green functions computed using the interpolation method, described 

in Chapter 3, and when the filters are designed using Green functions measured in the 

anechoic chamber. The measured Green functions are generated by measuring the 

transfer function between the input signal to the loudspeaker and the output signal of 

the microphones. 

6.2 Circular Microphone Array Design 

The research performed so far has demonstrated that circular microphone arrays avoid 

front-back ambiguity inherent in linear microphone arrays and allow for three-

dimensional directivity. When a circular microphone array is placed on a rigid sphere 

an improvement is noticed in the recovery of signals from sources that have small 

angular separation, and in the recovery of several simultaneous source signals (when 

compared to a free field circular microphone array). It was also established that the 

use of 11 microphones equally spaced around a circle with a 0.09m radius allows a 

good performance up to a frequency of 3.4kHz, which therefore is an effective 

bandwidth for capturing speech frequencies. 

A free field circular microphone array was designed in order to allow the introduction 

of a wooden rigid sphere. Thus, the same structure enables the testing of the 

performance of a free field circular microphone array and a circular microphone array 

on a rigid sphere. As seen in Figure 6.1, metal wire was used to build a basket 
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structure that consists of a circle, where the microphones held by cable ties are 

equally spaced, and metal wires welded to the circle are curved in to become a basket 

where a wooden rigid sphere can be placed and to which a microphone stand can be 

attached, as shown in Figure 6.2. 

6.3 Experimental Design 

A multi-track player/recorder (model Alesis ADAT HD24) was connected to 

amplifiers (model KME Europe Series SPA 240E) that were linked to the loudspeaker 

(50mm diameter Fostex FE87E drivers mounted on cabinets of dimensions 

130x130x120mm) in order for the loudspeaker to emit audio tracks. The microphones 

(omnidirectional condenser model Panasonic Electronics WM61 A) were connected to 

amplifiers (ISVR in-house built) that were linked to the multi-track player/recorder in 

order for the microphone signals to be recorded. Figure 6.3 and Figure 6.4 show 

photographs of the microphones and loudspeakers (the following Chapters 7 and 8 

describe multi-channel experiments performed in the anechoic chamber) wired to the 

amplifiers and the ADAT multi-tracker player/recorder. The microphones and the 

loudspeaker stands were at the same height; fi-om the floor to the microphones and 

from the floor to the centre of the loudspeakers there was a distance of approximately 

1.10m. 

6.4 Experiments 

The single-channel experiments performed in the ISVR anechoic chamber are 

described in this sub-section. One of the aims of these experiments is to compare the 

performance of the free field circular microphone array and of the circular 

microphone array on a rigid sphere. Another goal is to compare the performance of 

the focused beamformers when they are designed using computed Green frmctions 

and when they are designed from experimentally measured Green frmctions. The 

computed Green frmctions consist of the Green frmctions designed using the 

interpolation method, explained in Chapter 3. The measured Green frmctions are 

derived by emitting white noise from a loudspeaker that is recorded at the 

microphones, and then by dividing spectral averages of the Fourier transform of the 

microphone inputs by the Fourier transform of the source signals. 
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6.4.1 Single-Channel Free Field Experiments Using Computed Green 

Functions 

The layout of the first experiment consists of a single loudspeaker placed at 

approximately 2m from the circular microphone array centre. White noise is emitted 

from the loudspeaker and is recorded by the free field array. The microphone input 

signals are read employing the wavread function in Matlab using a sample rate of 

48000Hz and a 16 bit resolution. The signal emitted by the source has the duration of 

approximately Is and is spectrally averaged to have 2̂ ^ samples in the time domain 

taken at a sampling frequency of 48kHz; in the frequency domain 2'^ spectral lines 

are used to analyse the signals up to the Nyquist frequency. Figure 6.5 shows a 

diagram of the experiment that is not in true scale as the main intention of the figure is 

to enhance the microphone numbers and positions in relation to the loudspeaker 

position. 

The Green function impulse responses describing the free field acoustic radiation 

from the point source to each receiver, are computed using the interpolation method 

described in section 3.5.6 and are plotted in Figure 6.6. Figure 6.6 shows impulses 

occurring at a time given by rico, where r is the distance from the source to the 

receiver and co is the sound speed (343ms"^ at the temperature of the experiments). 

Figure 6.7 shows the frequency responses of the free field Green functions after the 

Matlab routine^ (see Equation 3.29) is applied to the impulse responses. Only half of 

the microphone frequency responses are shown since the microphones are evenly 

circularly placed and symmetric relative to microphone 1 (see Figure 6.5); the 

distances from microphone 2 to microphone 6 to the source are the same as the 

distances from microphone 11 to microphone 7 to the source, thus the Green function 

responses are equivalent, since the free field Grreen function responses only depend on 

the distance between the receiver and the source. 

Figure 6.8 shows the impulse responses of the beamformer filters that result after the 

Matlab function i f f t (see Equation 3.19) is applied to the frequency responses 

calculated using Equation 3.16. A modelling delay, A, of approximately 1.8s, one 

third of the period of the time v^ndow, is applied to the filters in order to ensure 

causality, as explained in section 3.4. Therefore the filter impulse responses occur at 
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A-rico. Figure 6.9 shows the frequency responses of the beamformer filters calculated 

using Equation 3.16. 

Figure 6.10 shows the measured impulse and frequency response functions of the 

complete beamformer system designed using the computed Green functions 

described. It can be noticed that the impulse response function shows an impulse at 

approximately 1.82s as expected, since that corresponds to the time at which the 

source signals occur plus the modelling delay imposed on the beamformer filters, and 

the frequency response function is approximately flat at OdB, showing a good 

recovery of the source signal over the range of frequencies. Thus it is expected that 

the system has a good ability to reproduce the source signal. Since this simulation 

does not take into account the loudspeaker response the frequency response of the 

system obtained is close to the loudspeaker frequency response function. 

A practical illustration of the effectiveness of the system is given by using a speech 

test signal. The results of the practical test can be found in the CD that accompanies 

the thesis. The loudspeaker emits a signal of a female saying the following sentence 

"Hello! This is a microphone array test". This sentence is recorded by the free field 

microphone array that is at 2m from the loudspeaker. Then the loudspeaker is moved 

to approximately 4m from the array centre and the sentence is recorded. This 

procedure is repeated for the following distances: 0.5m, 0.77m, 1.5m, 2.5m, and 3m. 

The source audio is written in the file "Source.wav" that can be found in the path 

CD:\Chapter 6\Single-Chaimel. The microphone input signals, read employing the 

wavread function in Matlab using a sample rate of 48000Hz and 16 bit resolution, are 

zero-padded up to 2̂ ^ samples to allow delayed outputs and to allow the use of a Fast 

Fourier Transform algorithm. These signals are then processed by a single-channel 

focused beamformer designed to recover a source at 2m from the array centre. The 

output signal of the source at 2m is written in the file "2m.wav", for the source at 

0.5m is written in the file "05m.wav", and similarly for the other sources positions. 

All the time histories generated as a result of this experiment can be seen in Figure 

6.11. All files for these experiments can be found in the path CDAChapter 6\Single-

ChannelVFree Field\Computed Green Functions. As expected the sentence becomes 

quieter as the source moves away from the array, and the output matches the delayed 

source envelope when the source is at 2m from the array centre. It should be noted 
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however, that the intelligibility of the signal is preserved as the radial distance of the 

source from the array is varied. 

6.4.2 Single-Channel Free Field Experiments Using Measured Green Functions 

In the second analysis the Green function frequency responses describing the free 

field acoustic radiation from the point source to each receiver are measured by 

dividing the spectral averages of the Fourier transform of the microphone inputs by 

the Fourier transform of the white noise source signal. The results are plotted in 

Figure 6.13. It can be noticed that there are some dips in the plots shown in Figure 

6.13, occurring at kAx="K,3n, STT, ... Where k is the acoustic wavenumber and Ax is the 

path length difference between the direct wave and the wave reflected by the floor, 

since the floor of the anechoic chamber is grided. Figure 6.12 shows impulses of the 

free field Green functions, occurring at r/co, after the Matlab routine i f f t is applied to 

the frequency responses. 

Figure 6.14 shows the impulse responses of the beamformer filters that result after the 

Matlab function i f f t is applied to the frequency responses calculated using Equation 

3.16. A modelling delay. A, of approximately 1.82s, one third of the period, is applied 

to the filters in order to ensure causality. Therefore the filter impulse responses occur 

at A-rIco, which is approximately 1.814s. Figure 6.15 shows the frequency responses 

of the beamformer filters. Figure 6.16 shows the impulse and frequency response 

functions of the system. It can be noticed that the impulse response function shows an 

impulse at approximately 1.8 s as expected, since that corresponds to the time at which 

the source signals occur plus the modelling delay imposed on the beamformer filters, 

and the frequency response function is flat at OdB, since the measured Green 

functions take into account the frequency response function of the loudspeaker. Thus 

it is expected that when measured Green functions are used, instead of Green 

functions computed using the interpolation method, the ability of the system to 

produce an output signal that is a good recovery of the source signal improves. 

Again, the performance of the system is illustrated by using the loudspeaker to emit 

an audio file of a female saying the following sentence "Hello! This is a microphone 

array test". The experiment described above is repeated, where the loudspeaker is 

placed at different distances from the microphone array, but this time the measured 
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Green functions are used to design the beamformer filters. Thus the procedure is 

similar to the previous case and all the results of this experiment can be seen in Figure 

6.17. All the files for these experiments can be found in the path CDAChapter 

6\Single-Channel\Free Field\Measured Green Functions. As expected, once again, the 

sentence becomes quieter as the source moves away from the array and the best match 

between the source and the output signals is at 2m. 

6.4.3 Single-Channel Rigid Sphere Experiments Using Computed Green 

Functions 

In this study the system is investigated, by repeating the experiments described above, 

for the situation where the circular microphone array is placed around a rigid sphere. 

The impulse and frequency response functions of the system are calculated using 

Green functions computed by the interpolation method. The results of this experiment 

are shown from Figure 6.18 to Figure 6.22. Similarly to the free field situation, it can 

be noticed that the frequency response function is approximately flat at OdB, showing 

a good recovery of the source signal over the range of frequencies. The experimental 

results of the study where the loudspeaker is placed at different distances from the 

source signal emitting a female saying "Hello! This is a microphone array test" are 

shown in Figure 6.23. All the files for these experiments can be found in the path 

CDAChapter 6\Single-Channel\Rigid Sphere\Computed Green Functions. It can again 

be noticed that the sentence becomes quieter as the source moves away fi"om the array 

and the best recovery of the source signal occurs for a distance of 2m. 

6.4.4 Single-Channel Rigid Sphere Experiments Using Measured Green 

Functions 

In this analysis, the experiments are performed using a circular microphone array on a 

rigid sphere and the Green function frequency responses are measured by dividing the 

spectral averages of the Fourier transform of the microphone inputs by the Fourier 

transform of the source signals. The results of this experiment are illustrated from 

Figure 6.24 to Figure 6.28. It can be noticed that the frequency response function of 

the system is flat at OdB, again showing a good recovery of the source signal over the 

range of frequencies. The experimental results of the study where the loudspeaker is 

placed at different distances from the source signal emitting a female saying "Hello! 

This is a microphone array test" are shown in Figure 6.29. All the files for these 
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experiments can be found in the path CD:\Chapter 6\Single-Channel\Rigid 

Sphere\Measured Green Functions. It can be noticed that the sentence becomes 

quieter as the source moves away from the array and at 2m the output signal overlays 

the delayed source signal. 

6.5 Summary 

Single-channel experiments were carried out in the ISVR anechoic chamber in order 

to test the performance of circular microphone arrays. A structure was designed that 

enabled the testing of a free field circular microphone array and a circular microphone 

array on a rigid sphere. Comparisons were made between the performance of a free 

field array and an array on a rigid sphere, as well as between the performance of the 

focused beamformers when designed using computed Green frmctions or measured 

Green functions. The computed Green functions consist of the Green functions 

designed using the interpolation method explained in Chapter 3. The measured Green 

functions are estimated by measuring the transfer function between the input signal of 

the loudspeaker and the output signal of the microphones. An experiment was 

performed to calculate the impulse and frequency responses of the different systems 

where a loudspeaker at 2m from the array centre emits white noise. Then, a practical 

illustration of the effectiveness of the systems was given by testing the recovery of a 

speech signal when a loudspeaker is moved closer to the arrays and the beamformer is 

designed for a specific distance. A good recovery of the source signal is achieved for 

all of the situations, but when the system uses measured Green frmctions instead of 

Grreen functions computed using the interpolation method, the ability to produce an 

output signal that is a good recovery of the source signal improves since the measured 

Green functions take into account the frequency response function of the loudspeaker. 

Obviously a factor to consider is that measured Green functions must be measured in 

situ while computed Green functions are calculated for estimated distances between 

the loudspeaker and microphones. It appears that a good performance of the system in 

practice can be produced by using computed Green functions. This is clearly an 

important conclusion as regards the practical design of the microphone arrays for the 

speech processing. 
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Figure 6.1 Free field circular microphone array recording a loudspeaker signal. 

Figure 6.2 Circular microphone array on a rigid sphere recording a loudspeaker signal. 
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Figure 6.3 Loudspeaker and microphone connections. 

m 
Figure 6.4 Amplifiers and multi-track player/recorder. 
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Loudspeaker 

Figure 6.5 Circular array showing the microphone numbers and positions in relation to the loudspeaker 
position. 
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Figure 6.6 Impulse responses of the computed free field Green functions. The amplitude of the impulse 
response shows the acoustic pressure per unit source strength. 
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Figure 6.7 Frequency responses of the computed free field Green functions. 
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Figure 6.8 Impulse responses of the beamformer filters. The amplitude of the impulse response shows 
the source strength per unit acoustic pressure. 
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Figure 6.10 Impulse response and frequency response functions of the system. 
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Figure 6.11 Outputs, of a free field circular microphone array beamformer designed with computed 
Green functions for a 2m source, for loudspeakers at different distances. 
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Figure 6.12 Impulse responses of the measured free field Green functions. The amplitude of the 
impulse response shows the acoustic pressure per unit source strength. 
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Figure 6.13 Frequency responses of the measured free field Green functions. 
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Figure 6.14 Impulse responses of the beamformer filters. The amplitude of the impulse response shows 
the source strength per unit acoustic pressure. 
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Figure 6.15 Frequency responses of the beamformer filters. 
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Figure 6.16 Impulse response and frequency response functions of the system. 
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Figure 6.17 Outputs, of a free field circular microphone array beamformer designed with measured 
Green functions for a 2m source, for loudspeakers at different distances. 
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Figure 6.18 Impulse responses of the computed scattered field Green fimctions. The amplitude of the 
impulse response shows the acoustic pressure per unit source strength. 
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Figure 6.19 Frequency responses of the computed scattered field Green functions. 
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Figure 6.20 Impulse responses of the beamformer filters. The amplitude of the impulse response shows 
the source strength per unit acoustic pressure. 
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Figure 6.21 Frequency responses of the beamformer filters. 
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Figure 6.22 Impulse response and frequency response functions of the system. 
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Figure 6.23 Outputs, of circular microphone array on a rigid sphere beamformer designed with 
computed Green functions for a 2m source, for loudspeakers at different distances. 
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Figure 6.24 Impulse responses of the measured scattered field Green functions. The amplitude of the 
impulse response shows the acoustic pressure per unit source strength. 
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Figure 6.25 Frequency responses of the measured scattered field Green functions. 
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Figure 6.26 Impulse responses of the beamformer filters. The amplitude of the impulse response shows 
the source strength per unit acoustic pressure. 
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Figure 6.27 Frequency responses of the beamformer filters. 
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Figure 6.28 Impulse response and frequency response functions of the system. 
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Figure 6.29 Outputs, of circular microphone array on a rigid sphere beamformer designed with 
measured Green functions for a 2m source, for loudspe^ers at different distances. 
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7 EXPERIMENTS AIMING TO SEPARATE THE 

CONTRIBUTION OF TWO SOURCES WITH 

VARIABLE RELATIVE ANGULAR LOCATION 

7.1 Introduction 

This Chapter describes a multi-channel experiment that took place in the ISVR 

anechoic chamber. The goal of the experiment carried out is to compare the ability of 

the free field circular microphone array and of the circular microphone array on a 

rigid sphere, to recover the signals from two sources that become closer together as 

the angular separation between the sources (at a 2m radius from the array centre) is 

progressively diminished. Also, a comparison is made between the performance of 

beamformer filters when they are designed using Green functions computed using the 

interpolation method described in Chapter 3, and when the filters are designed using 

Green frmctions measured in the anechoic chamber. The measured Green functions 

are generated by measuring the transfer function between the input signal to the 

loudspeaker and the output signal of the microphones. 

7.2 Experiments 

Several experiments were performed where the microphone array recorded signals 

resulting from two simultaneously emitting sources. One source was maintained at an 

angle of 0° relative to the array while the other source was placed at different 

positions to enable different angles between the two sources and the array centre. The 

angles tested are 180°, as shown in Figure 7.2, 150°, 120°, 90°, as shown in Figure 

7.19, 60°, 40°, 30°, 25°, 20°, 15°, 10° and 5°. The audio files of this experiment can 

be found in the path CDAChapter 7\Multi-Channel\2 Sources. The signals emitted by 

the sources are read employing the wavread function in Matlab and spectrally 

averaged to have 2̂ ^ samples in the time domain taken at a sampling frequency of 

48kHz; in the frequency domain 2'^ spectral lines are used to analyse the signals up to 

the Nyquist frequency. These signals are then introduced in the multi-channel 

programs designed as described in Chapter 4. 
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Figure 7.1 shows the condition number of the beamformer for different situations 

studied in this experiment. It can be noticed that the condition number is higher when 

computed Green functions are used to design the beamformers instead of measured 

Green functions. Also as expected from the conclusions reached in Chapter 5, the 

condition number is slightly higher when a free field circular microphone array is 

used to record the source signals when compared to the case when a microphone array 

around a rigid sphere is used. Thus, it is expected that the best reproduction of the 

source signal is obtained when a circular microphone array placed around a rigid 

sphere is used to record the signals that are then processed through a beamformer 

designed with measured Green fimctions. 

7.2.1 Angular Separation of 180° 

The first experiment analyses the ability of a free field system to separate two 

simultaneous signals one coming from a source at 0° and the other coming from a 

source at 180°, when the system uses Green fimctions calculated using the 

interpolation method. The impulse and frequency responses of the system are 

calculated using white noise emitted by the sources for approximately Is. This signal 

is spectral averaged to have 2̂ ^ samples in the time domain taken at a sampling 

frequency of 48kHz; in the frequency domain 2̂ ^ samples are used to analyse the 

signals up to the Nyquist frequency. Figure 7.3 and Figure 7.4 show the impulse and 

frequency responses of the system, respectively. These results show that when the 

source and the system are set for the same angle a good reproduction of the source is 

achieved while when the source and system are set for different angles there is a 

reduction over the frequency bandwidth. Thus the system is expected to allow a 

reasonable differentiation between the sources. This is further illustrated by the next 

experiment where the 0° source plays an audio clip of a male voice saying "I like to 

play roller hockey very much" and is written in the file "Playsource.wav" and the 

source at 180° plays a female voice saying "Hello! This is a microphone array test" is 

written in the file "Hellosource.wav" that can be found in the path CDAChapter 

7\Multi-Channel\2 Sources. The microphone input signals are read employing the 

wavread function in Matlab using a sample rate of 48000Hz and 16 bits, are zero-

padded up to 2'^ samples to allow delayed outputs and to allow the use of a Fast 

Fourier Transform algorithm. These signals are then passed through a multi-channel 
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focused beamfonner and the output of the 0° source is written in the file 

"playout.wav" and the output of the moving source is written in the file 

"hellout.wav". These files can be found in the path CDAChapter 7\Multi-Channel\2 

Sources\180 Degrees \Free Field\Computed Green Functions. Figure 7.5 shows that 

the output time histories overlay the delayed source time histories; the source time 

history is delayed in order to be compared vyith the output time history. Figure 7.6 

shows a high auto-correlation between the respective outputs and source signals and a 

low cross-correlation between the signals, thus further demonstrating the effectiveness 

of the separation of the two signals. 

The experiments above are repeated but this time the system uses measured Green 

functions to design the beamformer filters. The results of these experiments are shown 

from Figure 7.7 to Figure 7.10. For this situation the reduction in the frequency 

response fimction when the system is not set for the source position is slightly higher 

than when computed Green functions are used to design the filters. Similarly to the 

results obtained above, it can be noticed that a good recovery of the source signals is 

achieved. The audio output files of this experiment can be found in the path 

CDAChapter 7\Multi-Channel\2 Sources\180 DegreesVFree Field\Measured Green 

Functions. 

Next, the system is tested when the circular microphone array is placed around a rigid 

sphere. Firstly the interpolation method is used to compute the Green functions. The 

results of this analysis are shown from Figure 7.11 to Figure 7.14. Similar results are 

obtained when the Green functions are measured using white noise as seen from 

Figure 7.15 to Figure 7.18. The audio output files of these experiments can be found 

in the paths CDAChapter 7\Multi-Channel\2 Sources\180 Degrees\Rigid 

Sphere\Computed "or" Measured Green Functions. 

A calculation is made to quantify the improvements obtained, by comparing the 

frequency response function of the cross talk with the frequency response function of 

the, direct path, for each situation tested. Thus the linear values of the frequency 

response function set for a source located at 180° but the source is located at 0°, 

Fi?Fo°i80s are divided by the values of the frequency response function set for a 

source located at 0°, Fi?Fo°o°,the result is then averaged, where N is the number of 

spectral lines that exist within the speech frequency band (from 300Hz to 3000Hz). 

177 



This is subsequently transformed into dBs, as shown by the quantity E defined in the 

following equation: 

E = 20/0^10 
' ' 1 3000 Hz 

^ 300Hz FRFQOQC, 
(7.1) 

Equation 7.1 was used to calculate values for the four different situations tested; a free 

field circular microphone array using computed Green functions (-9dB), a free field 

circular microphone array using measured Green functions (-lOdB), a circular array 

on a rigid sphere using computed Green functions (-13dB) and a circular array on a 

rigid sphere using measured Green functions (-14dB). From these values it can be 

concluded that when the array is placed around a rigid sphere and measured Green 

functions are used to process the signals a better recovery of the source signals is 

expected. 

7.2.2 Angular Separation of 90° 

When the placement angle of the loudspeakers reduces to 90°, as illustrated in Figure 

7.19, a good recovery of the source signals can still be achieved. The system is tested 

for the same situations previously described: circular microphone array in free field 

and on a rigid sphere using computed and measured Green functions to process the 

beamformer filters. For all the situations the impulse and frequency response 

functions of the system as well as the delayed source and output time histories and the 

auto and cross-correlations of the sources and outputs show that the system enables a 

good recovery of the source signals. These results are shown from Figure 7.20 to 

Figure 7.35. The audio files obtained in these experiments can be found in the path 

CD:\Chapter 7\Multi-Channel\2 Sources\90 Degrees\Free Field "or" Rigid 

Sphere\Computed "or" Measured Green Functions. 

When measured Green functions are used to design the beamformer a better recovery 

of the source signals is again achieved. Also the results obtained when the array is 

placed on the rigid sphere show a better recovery of the source signals when 

compared to the free field case. A calculation was made to quantify these 

improvements by using Equation 7.1. The linear values within the speech frequency 

band of the frequency response function set for a source located at 90° but the source 
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is located at 0° are divided by the values of the frequency response function set for a 

source located at 0°, the result is then averaged and next transformed in dBs. Using 

FRFoogo" instead of FiJFooigO" in Equation 7.1 values were calculated for the four 

different situations tested: a free field circular microphone array using computed 

Green functions (-7dB), a free field circular microphone array using measured Green 

functions (-9dB), a circular array on a rigid sphere using computed Green functions (-

1 IdB) and a circular array on a rigid sphere using measured Green functions (-12dB). 

7.2.3 Angular Separation of 25° 

When the angle between the loudspeakers is reduced to 25° a reasonable recovery of 

the source signals is obtained for all the situations. However some confusion starts to 

be noticed in the results obtained in this experiment. The results of this experiment 

can be found from Figure 7.36 to Figure 7.51. The audio files obtained in these 

experiments can be found in the path CDAChapter 7\Multi-Channel\2 Sources\25 

Degrees\Free Field "or" Rigid Sphere\Computed "or" Measured Green Functions. For 

apertures narrower than 25° when a free field circular microphone array is used to 

record the sources signals then cross-talk occurs in the output signals and it is difficult 

to perceive the main source signal, especially when computed Green functions are 

used. 

Equation 7.1 was used to calculate the values of E for the four different situations 

tested: a free field circular microphone array using computed Green functions (-2dB), 

a free field circular microphone array using measured Green flmctions (-5dB), a 

circular array on a rigid sphere using computed Green functions (-4dB) and a circular 

array on a rigid sphere using measured Green functions (-6dB). It can be noticed that, 

as expected, the values of E are reducing as the sources become closer. 

7.2.4 Angular Separation of 10° 

When the loudspeaker aperture is reduced to 10° it becomes very difficult to perceive 

the main signal, especially when the beamformers are designed with computed Green 

functions. When a free field microphone array is used to record the source signal the 

condition number of the filter to invert is very high as seen in Figure 7.52, thus a 

regularisation parameter of 10"̂  was introduced in the beamformer design. The results 
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of this simulation can be seen from Figure 7.53 to Figure 7.56 and the audio files are 

in the path CDAChapter 7\Multi-Channel\2 SourcesMO Degrees\Free Field\Computed 

Green Functions and an improvement can be heard when a regularisation parameter is 

introduced. Figure 7.57 shows the condition number when measured Green functions 

are used to design the beamformer. In this situation the condition number is not so 

high and the introduction of a regularisation parameter will not have a significant 

reduction on the condition number. The results of this simulation can be seen from 

Figure 7.58 to Figure 7.61 and the audio files are in the path CDAChapter 7\Multi-

ChannelVZ SourcesMO DegreesVFree FieldVMeasured Green Functions. The same 

occurs when the circular microphone array is placed around the rigid sphere. A 

regularisation parameter of 10"̂  is introduced in the beamformer designed with 

computed Green fimctions to reduce the condition number of the filters. The results of 

this simulation can be seen from Figure 7.62 to Figure 7.66 and the audio files are in 

the path CDAChapter 7\Multi-Channel\2 SourcesMO DegreesVRigid Sphere\Computed 

Green Functions. Once again, when measured Green fimctions are used to design the 

beamformers the introduction of a regularisation parameter will not have a significant 

reduction on the condition number. The results of this simulation can be seen from 

Figure 7.67 to Figure 7.71 and the audio files are in the path CDAChapter 7\Multi-

Channel\2 SourcesMO Degrees\Rigid SphereVMeasured Green Functions. 

Equation 7.1 was used to calculate the values of E for the four different situations 

tested: a free field circular microphone array using computed Green fimctions 

(without regularisation -0.3dB, with regularisation -IdB), a free field circular 

microphone array using measured Green fimctions (-2dB), a circular array on a rigid 

sphere using computed Green fimctions (without regularisation -0.4dB, with 

regularisation -IdB) and a circular array on a rigid sphere using measured Green 

fimctions (-3dB). 

7.3 Summary 

The aim of this experiment was to test the ability of the circular arrays to separate the 

signals of two sources that become closer together as the angular separation between 

the sources and the array centre is progressively diminished. Even for the situations 

where there is an angular separation of 180° some cross-talk can be heard. As 
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expected, as the sources become closer confusion starts to occur since it becomes 

difficult to perceive which sentence is the main source. The rigid sphere array when 

compared to the free field array and the measured Green functions when compared to 

computed Green functions enable better perception, by values of E of approximately 

3dB and IdB, respectively. The introduction of a regularisation parameter in the 

beamformer design when computed Green fimctions are used improves the ability of 

the circular microphone arrays to recover the signals of very close sources, by a value 

of E of approximately 0.6dB. 
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Figure 7.1 Condition number of [G'^G+/? I], when >9=0, when computed or measured Green functions 
are used in the beamformer filters for different angular separation of sources and for the free field and 

rigid sphere situations. 
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Figure 7.2 Circular microphone array on a rigid sphere recording two loudspeaker signals separated by 
180°. 

183 



System Impulse Response System Impulse Response 

Time (s) Time (s) 

System Impulse Response System Impulse Response 

1̂19 1A 1^ 1^ 1^ 1^ 
Time (s) 

1̂ 1 1̂22 1^ 1^ 1^ 
Time{8) 

Figure 7.3 Impulse response functions of free field computed system, a) Output of a system set for a 
source located at 0° b) Output of a system set for a source at 0° but the source is located at 180° c) 

Output of a system set for a source at 180° but the source is located at 0° d) Output of a system set for a 
source located at 180°. 
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Figure 7.4 Frequency response functions of the free field computed system, a) Output of a system set 
for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 180° c) 
Output of a system set for a source at 180° but the source is located at 0° d) Output of a system set for a 

source located at 180°. 
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Figure 7.5 Outputs, of a free field circular microphone array for two simultaneous sources, one at 0° 
and the other at 180°, at a radius of 2m, when the beamformer is designed with computed Green 

functions. 
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Figure 7.6 Cross correlation of outputs and sources, of a free field circular microphone array for two 
simultaneous sources, one at 0° and the other at 180°, at a radius of 2m, when the beamformer is 

designed with computed Green fimctions. 
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Figure 7.7 Impulse response functions of free field measured system, a) Output of a system set for a 
source located at 0° b) Output of a system set for a source at 0° but the source is located at 180° c) 

Output of a system set for a source at 180° but the source is located at 0° d) Output of a system set for a 
source located at 180°. 
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Figure 7.8 Frequency response functions of the free field measured system, a) Output of a system set 
for a source located at 0° b) Output of a system set for a source located at 0° but the source is at 180° c) 
Output of a system set for a source located at 180° but the source is at 0° d) Output of a system set for a 

source located at 180°. 
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Figure 7.9 Outputs, of a free field circular microphone array for two simultaneous sources, one at 0° 
and the other at 180°, at a radius of 2m, when the beamformer is designed with measured Green 

functions. 
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Figure 7.10 Cross correlation of outputs and sources, of a free field circular microphone array for two 
simultaneous sources, one at 0° and the other at 180°, at a radius of 2m, when the beamformer is 

designed with measured Green functions. 
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Figure 7.11 Impulse response functions of scattered field computed system, a) Output of a system set 
for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 180° c) 
Output of a system set for a source at 180° but the source is at located 0° d) Output of a system set for a 

source located at 180°. 
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Figure 7.12 Frequency response functions of the scattered field computed system, a) Output of a 
system set for a source located at 0° b) Output of a system set for a source at 0° but the source is at 

located 180° c) Output of a system set for a source at 180° but the source is located at 0° d) Output of a 
system set for a source located at 180°. 
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Figure 7.13 Outputs, of a circular microphone array on a rigid sphere for two simultaneous sources, one 
at 0° and the other at 180°, at a radius of 2m, when the beamformer is designed with computed Green 

functions. 
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Figure 7.14 Cross correlation of outputs and sources, of a circular microphone array on a rigid sphere 
for two simultaneous sources, one at 0° and the other at 180°, at a radius of 2m, when the beamformer 

is designed with computed Green functions. 
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Figure 7.15 Impulse response functions of scattered field measured system, a) Output of a system set 
for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 180° c) 
Output of a system set for a source at 180° but the source is located at 0° d) Output of a system set for a 

source located at 180°. 
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Figure 7.16 Frequency response functions of the scattered field measured system, a) Output of a system 
set for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 

180° c) Output of a system set for a source at 180° but the source is located at 0° d) Output of a system 
set for a source located at 180°. 
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Figure 7.17 Outputs, of a circular microphone array on a rigid sphere for two simultaneous sources, one 
at 0° and the other at 180°, at a radius of 2m, when the beamformer is designed with measured Green 

functions. 
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Figure 7.18 Cross correlation of outputs and sources, of a circular microphone array on a rigid sphere 
for two simultaneous sources, one at 0° and the other at 180°, at a radius of 2m, when the beamformer 

is designed with measured Green functions. 
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Figure 7.19 Circular microphone array on a rigid sphere recording two loudspeaker signals separated 
by90^ 
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Figure 7.20 Impulse response functions of free field computed system, a) Output of a system set for a 
source located at 0° b) Output of a system set for a source at 0° but the source is located at 90° c) 

Output of a system set for a source at 90° but the source is located at 0° d) Output of a system set for a 
source located at 90°. 
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Figure 7.21 Frequency response functions of the free field computed system, a) Output of a system set 
for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 90° c) 
Output of a system set for a source at 90° but the source is located at 0° d) Output of a system set for a 

source located at 90°. 
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Figure 7.22 Outputs, of a free field circular microphone array for two simultaneous sources, one at 0° 
and the other at 90°, at a radius of 2m, when the beamformer is designed with computed Green 

functions. 

198 



Cross-CotT^ion Function of 0° Delayed Source and Respective Output Cross-Correlation Function of ( f Delayed Source and 90° Source Output 

0. 

0. 

0.4 

oa 
0 

-0.2 

-0.4 

-0.8 

Cross-Con-elation 

I 

4 6 8 10 

Time (s) 

Function of 90° Delayed Source and 0° Source Output 

II immtw 

2 4 6 8 10 

Time (s) 

Cross-Con'eiation Function of 90° Delayed Source and RempecUv* Output 

Time (s) Time (s) 

Figure 7.23 Cross correlation of outputs and sources, of a free field circular microphone array for two 
simultaneous sources, one at 0° and the other at 90°, at a radius of 2m, when the beamformer is 

designed with computed Green functions. 
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Figure 7.24 Impulse response functions of free field measured system, a) Output of a system set for a 
source located at 0° b) Output of a system set for a source at 0° but the source is located at 90° c) 

Output of a system set for a source at 90° but the source is located at 0° d) Output of a system set for a 
source located at 90°. 
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Figure 7.25 Frequency response functions of the free field measured system, a) Output of a system set 
for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 90° c) 
Output of a system set for a source at 90° but the source is located at 0° d) Output of a system set for a 

source located at 90°. 
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Figure 7.26 Outputs, of a free field circular microphone array for two simultaneous sources, one at 0° 
and the other at 90°, at a radius of 2m, when the beamformer is designed with measured Green 

functions. 
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Figure 7.27 Cross correlation of outputs and sources, of a free field circular microphone array for two 
simultaneous sources, one at 0° and the other at 90°, at a radius of 2m, when the beamformer is 

designed with measured Green functions. 
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Figure 7.28 Impulse response functions of scattered field computed system, a) Output of a system set 
for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 90° c) 
Output of a system set for a source at 90° but the source is located at 0° d) Output of a system set for a 

source located at 90°. 
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Figure 7.29 Frequency response functions of the scattered field computed system, a) Output of a 
system set for a source located at 0° b) Output of a system set for a source at 0° but the source is 

located at 90° c) Output of a system set for a source at 90° but the source is located at 0° d) Output of a 
system set for a source located at 90°. 
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Figure 7.30 Outputs, of a circular microphone array on a rigid sphere for two simultaneous sources, one 
at 0° and the other at 90°, at a radius of 2m, when the beamformer is designed with computed Green 

functions. 
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Figure 7.31 Cross correlation of outputs and sources, of a circular microphone array on a rigid sphere 
for two simultaneous sources, one at 0° and the other at 90°, at a radius of 2m, when the beamformer is 

designed with computed Green functions. 
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Figure 7.32 Impulse response functions of scattered field measured system, a) Output of a system set 
for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 90° c) 
Output of a system set for a source at 90° but the source is located at 0° d) Output of a system set for a 

source located at 90°. 
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Figure 7.33 Frequency response functions of the scattered field measured system, a) Output of a system 
set for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 90° 
c) Output of a system set for a source at 90° but the source is located at 0° d) Output of a system set for 

a source located at 90°. 
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Figure 7.34 Outputs, of a circular microphone array on a rigid sphere for two simultaneous sources, one 
at 0° and the other at 90°, at a radius of 2m, when the beamformer is designed with measured Green 

functions. 
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Figure 7.35 Cross correlation of outputs and sources, of a circular microphone array on a rigid sphere 
for two simultaneous sources, one at 0° and the other at 90°, at a radius of 2m, when the beamformer is 

designed with measured Green fimctions. 
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Figure 7.36 Impulse response functions of free field computed system, a) Output of a system set for a 
source located at 0° b) Output of a system set for a source at 0° but the source is located at 25° c) 

Output of a system set for a source at 25° but the source is located at 0° d) Output of a system set for a 
source located at 25°. 
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Figure 7.37 Frequency response functions of the free field computed system, a) Output of a system set 
for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 25° c) 
Output of a system set for a source at 25° but the source is located at 0° d) Output of a system set for a 

source located at 25°. 
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Figure 7.38 Outputs, of a free field circular microphone array for two simultaneous sources, one at 0° 
and the other at 25°, at a radius of 2m, when the beamformer is designed with computed Green 

functions. 

210 



Cross-Correlatiai Function of 0° Delayed Source and Respecthre Output 
1 

0. 

0.6 

0.4 

0.2 

0 

•0.4 

•0.8 

- 1 -

Cross-Correlation Function of 0° Delayed Source and 25® Source Output 

Time (s) 

0 2 4 6 # 10 
Time (s) 

Cross-Correlation Function of 25® Delayed Source and 0® Source Output 

2 4 6 8 10 

Time (s) 

Cross-Correlation Function of 25® Delayed Source and Respective Output 

Time (s) 

Figure 7.39 Cross correlation of outputs and sources, of a free field circular microphone array for two 
simultaneous sources, one at 0° and the other at 25°, at a radius of 2m, when the beamformer is 

designed with computed Green functions. 
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Figure 7.40 Impulse response functions of free field measured system, a) Output of a system set for a 
source located at 0° b) Output of a system set for a source at 0° but the source is located at 25° c) 

Output of a system set for a source at 25° but the source is located at 0° d) Output of a system set for a 
source located at 25°. 
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Figure 7.41 Frequency response functions of the free field measured system, a) Output of a system set 
for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 25° c) 
Output of a system set for a source at 25° but the source is located at 0° d) Output of a system set for a 

source located at 25°. 
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Figure 7.42 Outputs, of a free field circular microphone array for two simultaneous sources, one at 0° 
and the other at 25°, at a radius of 2m, when the beamformer is designed with measured Green 

fimctions. 
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Figure 7.43 Cross correlation of outputs and sources, of a free field circular microphone array for two 
simultaneous sources, one at 0° and the other at 25°, at a radius of 2m, when the beamformer is 

designed with measured Green functions. 
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Figure 7.44 Impulse response functions of scattered field computed system, a) Output of a system set 
for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 25° c) 
Output of a system set for a source at 25° but the source is located at 0° d) Output of a system set for a 

source located at 25°. 
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Figure 7.45 Frequency response functions of the scattered field computed system, a) Output of a 
system set for a source located at 0° b) Output of a system set for a source at 0° but the source is 

located at 25° c) Output of a system set for a source at 25° but the source is located at 0° d) Output of a 
system set for a source located at 25°. 
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Figure 7.46 Outputs, of a circular microphone array on a rigid sphere for two simultaneous sources, one 
at 0° and the other at 25°, at a radius of 2m, when the beamformer is designed with computed Green 

flmctions. 
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Figure 7.47 Cross correlation of outputs and sources, of a circular microphone array on a rigid sphere 
for two simultaneous sources, one at 0° and the other at 25°, at a radius of 2m, when the beamformer is 

designed with computed Green flmctions. 
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Figure 7.48 Impulse response functions of the scattered field measured system, a) Output of a system 
set for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 25° 
c) Output of a system set for a source at 25° but the source is located at 0° d) Output of a system set for 

a source located at 25°. 
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Figure 7.49 Frequency response functions of the scattered field measured system, a) Output of a system 
set for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 25° 
c) Output of a system set for a source at 25° but the source is located at 0° d) Output of a system set for 

a source located at 25°. 
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Figure 7.50 Outputs, of a circular microphone array on a rigid sphere for two simultaneous sources, one 
at 0° and the other at 25°, at a radius of 2m, when the beamformer is designed with measured Green 

functions. 
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Figure 7.51 Cross correlation of outputs and sources, of a circular microphone array on a rigid sphere 
for two simultaneous sources, one at 0° and the other at 25°, at a radius of 2m, when the beamformer is 

designed with measured Green functions. 
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Figure 7.52 Condition number of [G^G+,81] when there are two sources 10° apart: computed Green 
functions for a free field microphone array. 
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Figure 7.53 Impulse response functions of the free field computed system with a 10^ regularisation 
parameter, a) Output of a system set for a source located at 0° b) Output of a system set for a source at 
0° but the source is located at 10° c) Output of a system set for a source at 10° but the source is located 

at 0° d) Output of a system set for a source located at 10°. 
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Figure 7.54 Frequency response Amotions of the free field computed system with a 10"* regularisation 
parameter, a) Output of a system set for a source located at 0° b) Output of a system set for a source at 
0° but the source is located at 10° c) Output of a system set for a source at 10° but the source is located 

at 0° d) Output of a system set for a source located at 10°. 
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Figure 7.55 Outputs, of a free field circular microphone array for two simultaneous sources, one at 0° 
and the other at 10°, at a radius of 2m, when the beamformer is designed with computed Green 

functions and has a 10"'* regularisation parameter. 
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Figure 7.56 Cross correlation of outputs and sources, of a free field circular microphone array for two 
simultaneous sources, one at 0° and the other at 10°, at a radius of 2m, when the beamformer is 

designed with computed Green functions and has a 10"" regularisation parameter. 
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Figure 7.57 Condition number of [G^G+yff I] when there are two sources 10° apart: measured Green 
functions for a free field microphone array. 
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Figure 7.58 Impulse response functions of the free field measured system, a) Output of a system set for 
a source located at 0° b) Output of a system set for a source at 0° but the source is located at 10° c) 

Output of a system set for a source at 10° but the source is located at 0° d) Output of a system set for a 
source located at 10°. 
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Figure 7.59 Frequency response functions of the free field measured system, a) Output of a system set 
for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 10° c) 
Output of a system set for a source at 10° but the source is located at 0° d) Output of a system set for a 

source located at 10°. 
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Figure 7.60 Outputs, of a free field circular microphone array for two simultaneous sources, one at 0° 
and the other at 10°, at a radius of 2m, when the beamformer is designed with measured Green 

functions. 
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Figure 7.61 Cross correlation of outputs and sources, of a free field circular microphone array for two 
simultaneous sources, one at 0° and the other at 10°, at a radius of 2m, when the beamformer is 

designed with measured Green functions. 
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Figure 7.62 Condition number of [G^G+yS I] when there are two sources 10° apart; computed Green 
functions for a scattered field microphone array. 
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Figure 7.63 Impulse response functions of the scattered field computed system with a 10"̂  
regularisation parameter, a) Output of a system set for a source located at 0° b) Output of a system set 
for a source at 0° but the source is located at 10° c) Output of a system set for a source at 10° but the 

source is located at 0° d) Output of a system set for a source located at 10°. 
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Figure 7.64 Frequency response functions of the scattered field computed system with a 10"" 
regularisation parameter, a) Output of a system set for a source located at 0° b) Output of a system set 
for a source at 0° but the source is located at 10° c) Output of a system set for a source at 10° but the 

source is located at 0° d) Output of a system set for a source located at 10°. 
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Figure 7.65 Outputs, of a circular microphone array on a rigid sphere for two simultaneous sources, one 
at 0° and the other at 10°, at a radius of 2m, when the beamformer is designed with computed Green 

functions and a 10^ regularisation parameter. 
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Figure 7.66 Cross correlation of outputs and sources, of a circular microphone array on a rigid sphere 
for two simultaneous sources, one at 0° and the other at 10°, at a radius of 2m, when the beamformer is 

designed with computed Green functions. 
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Figure 7.67 Condition number of [Ĝ G-Hyff I] when there are two sources 10° apart: measured Green 
functions for a scattered field microphone array. 
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Figure 7.68 Impulse response functions of the scattered field measured system, a) Output of a system 
set for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 10° 
c) Output of a system set for a source at 10° but the source is located at 0° d) Output of a system set for 

a source located at 10°. 
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Figure 7.69 Frequency response functions of the scattered field measured system, a) Output of a system 
set for a source located at 0° b) Output of a system set for a source at 0° but the source is located at 10° 
c) Output of a system set for a source at 10° but the source is located at 0° d) Output of a system set for 

a source located at 10°. 
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Figure 7.70 Outputs, of a circular microphone array on a rigid sphere for two simultaneous sources, one 
at 0° and the other at 10°, at a radius of 2m, when the beamformer is designed with measured Green 

fiinctions. 
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Figure 7.71 Cross correlation of outputs and sources, of a circular microphone array on a rigid sphere 
for two simultaneous sources, one at 0° and the other at 10°, at a radius of 2m, when the beamformer is 

designed with measured Green functions. 
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8 EXPERIMENTS AIMING TO SEPARATE THE 

CONTRIBUTIONS FROM MULTIPLE SOURCES 

8.1 Introduction 

This Chapter describes a multi-channel experiment performed in the ISVR anechoic 

chamber. The aim of the experiment is to test the ability of the microphone arrays to 

separate and recover source signals when the number of simultaneous emitting, 

circularly placed and equally spaced sources around the circular microphone arrays is 

increased. Once again, a comparison is made between the ability of a free field 

circular microphone array and a circular microphone array on a rigid sphere to 

recover the source signals. In addition, a comparison is made between multi-channel 

focused beamformers designed using computed and measured Green functions. 

8.2 Experiments 

Similarly to Chapter 7, the signals emitted by the sources are read employing the 

wavread function in Matlab and spectrally averaged to have 2̂® samples in the time 

domain taken at a sampling frequency of 48kHz; in the frequency domain 2̂ ^ spectral 

lines are used to analyse the signals up to the Nyquist frequency. These signals are 

then introduced in the multi-channel programs designed in Chapter 4. 

Figure 8.1 shows the condition number for different numbers of sources for the free 

field circular microphone array and a circular microphone array on a rigid sphere 

situation and when computed or measured Green functions are used to design the 

beamformer filters. It is noticeable again that the condition numbers are higher when 

computed Green functions are used when compared to measured Green functions. 

Also, the condition number of the inverse filter is slightly higher when a free field 

circular microphone array is used when compared to a circular microphone array on a 

rigid sphere. In addition, the condition number increases as the number of sources 

increases. Thus, it is expected that the ability of the microphone arrays to separate the 

source contributions decreases as the number of sources increases, and that a better 

recovery of the sources signals is obtained for a circular microphone array on a rigid 

sphere and when measured Green functions are used to design the beamformer filters. 
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8.2.1 Four Sources 

The first simulation consists of four sources equally spaced, thus 90° apart, as shown 

in Figure 8.2. The source at 0° is a female voice saying "Hello! This is a microphone 

array test" and is written in the file "Hellosource.wav", the source at 90° is a male 

voice saying "I like to play roller hockey very much" and is written in the file 

"Playsource.wav", the source at 180° is a female voice saying "I am in the ISVR 

anechoic chamber" and is written in the file 'TSVRsource.wav" and the source at 270° 

is a male voice saying "Welcome to the University of Southampton" and is written in 

the file "Welcomesource.wav". The microphone input signals are passed by a multi-

channel focused beamformer and the output of the source at 0° is written in the file 

"hellout.wav", the output of the source at 90° is written in the file "playout.wav", the 

output of the source at 180° is written in the file "isvrout.wav" and the output of the 

source at 270° is written in the file "welcomeout.wav". All the audio files computed 

in this simulation can be found in the path CDAChapter 8\Multi-Channel\4 sources, 

including the audio file, called "Micrecord.wav", obtained when microphone 1 

recorded the simultaneous sources signals. When any of these files is played cross-

talk can be heard. However, it is clear which sentence is the main source. From Figure 

8.3 to Figure 8.8 the results of the experiments when a free field circular microphone 

array is used to try to recover the sources time histories are shown. It can be seen that 

a better recovery is achieved when measured Green functions are used to design the 

inverse filters. The same happens when the circular microphone array is placed on a 

rigid sphere as seen from Figure 8.9 to Figure 8.14. Not much difference is noticed in 

the use of a free field microphone array or a microphone array on a rigid sphere, 

although the microphone array on a rigid sphere shows slightly better results. 

A calculation was made for the four source situation, using Equation 7.1, where the 

linear values, within the speech frequency band, of the frequency response fimction 

set for a source located at 90° but the source is located at 0° are divided by the values 

of the frequency response function set for a source located at 0° the result is then 

averaged and next transformed in dBs. Using Fi?Fo°9o° instead of Fi?Fo°i8o° in Equation 

7.1 values were calculated for the four different situations tested: a free circular 

microphone array using computed Green functions (-4dB), a free circular microphone 

array using measured Green functions (-8dB), a circular array on a rigid sphere using 
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computed Green functions (-6dB) and a circular array on a rigid sphere using 

measured Green functions (-9dB). 

8.2.2 Eight Sources 

The final experiment consists of eight sources equally spaced, thus 45° apart, as seen 

in Figure 8.15. The source at 0° is a female voice saying "Hello! This is a microphone 

array test" and is written in the file "Hellosource.wav", the source at 45° is a male 

voice saying "I like to play roller hockey very much" and is written in the file 

"Playsource.wav", the source at 90° is a female voice saying "I am in the ISVR 

anechoic chamber" and is written in the file "ISVRsource.wav", the source at 135° is 

a male voice saying "Welcome to the University of Southampton" and is written in 

the file "Welcomesource.wav", the source at 180° is a male voice saying "I want to 

watch a movie" and is written in the file "Moviesource.wav", the source at 225° is a 

female voice saying "It is raining today, I hope it gets sunny soon" and is written in 

the file "Rainingsource.wav", the source at 270° is a male voice saying "I would like 

to go to town" and is written in the file "Townsource.wav" and the source at 315° is a 

female voice saying "Do you think this is working?" and is written in the file 

"Workingsource.wav". The microphone input signals are passed through a multi-

channel focused beamformer and the output of the source at 0° is written in the file 

"hellout.wav", the output of the source at 45° is written in the file "playout.wav" and 

likewise for the other output audio files. Figure 8.16 shows the condition number for a 

beamformer with computed Green fimctions and a free field circular microphone 

array. All these files can be found in the path CDAChapter 8\Multi-Chaimel\8 sources. 

A regularisation parameter value of 10"̂  is introduced in the system to reduce the 

condition number and improve the recovery of the source signals. The results of this 

experiment can be seen from Figure 8.17 to Figure 8.21 and show that good results 

can not be achieved in this situation. From Figure 8.22 to Figure 8.26 the results of 

the application of measured Green functions in the system are shown. Some noise is 

noticed in the output time histories in Figure 8.24 that is due to random errors in the 

estimation of the measured Green functions. The use of measured Green functions 

improves the ability of the firee field microphone array to recover the source signals 

and good results are achieved in this situation. In the final two simulations the circular 

microphone array is placed around the rigid sphere. When computed Green functions 
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are used in the beamformer a regularisation value of 10"̂  has to be introduced in the 

beamformer design to reduce the condition number as seen in Figure 8.27. Figure 8.28 

to Figure 8.32 show the results of this simulation and it can be seen that the use of 

regularisation enables a good recovery of the source signals. Finally, Figure 8.33 to 

Figure 8.37 show that good results are obtained in the recovery of the source signals 

when measured Green functions are used. 

A calculation was made for this situation, using Equation 7.1, where the linear values, 

within the speech frequency band, of the frequency response ftinction set for a source 

located at 45° but the source is located at 0° are divided by the values of the frequency 

response ftmction set for a source located at 0° the result is then averaged and next 

transformed in dBs. Using Fi?Fo<>45° instead of FRFo^m" in Equation 7.1 values were 

calculated for the four different situations tested: a free circular microphone array 

using computed Green functions (without regularisation -0.6dB, with regularisation -

0.7dB), a free circular microphone array using measured Green fimctions (-4dB), a 

circular array on a rigid sphere using computed Green fimctions (without 

regularisation -0.7dB, with regularisation -2dB) and a circular array on a rigid sphere 

using measured Green fimctions (-5dB). 

8.3 Summary 

The aim of these experiments is to test the performance of the arrays when the 

number of simultaneous emitting, circularly placed and equally spaced sources around 

the circular microphone arrays increases. When there are four sources around the 

microphone array, a good recovery of the source signals is obtained for all situations. 

For the situation where there are eight sources around the microphone array a 

regularisation parameter has to be introduced in the design of the beamformers when 

computed Green functions are used. A reasonable recovery of the source signals is 

achieved in all situations, although worse than in the four source case, except when a 

free field microphone array is used and the beamformer is designed with computed 

Green functions. Thus as the number of sources increase a better recovery, by an £ 

value of approximately 2dB compared to the free field case, of the sources signals is, 

once again, achieved when a microphone array on a rigid sphere is used to record the 
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signals and measured Green functions are used to design the beamformer, by an £ 

value of approximately 3dB compared to the analytically derived Green function. 
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Figure 8.1 Condition number of [G^G+y91], when y3=0, when computed or measured Green fimctions 
are used in the beamformer filters for different number of sources and for the free field and rigid sphere 

situations. 
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Figure 8.2 Free field circular microphone array recording four loudspeaker signals. 
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Figure 8.3 Frequency response functions of a free field circular microphone array for four simultaneous 
sources, equally spaced and circularly placed at a radius of 2m, when the beamformer is designed with 

computed Green fimctions. The frequency response functions are calculated for a system set for a 
source at different locations and the source might or not be at the same location. The x-scale is 

logarithmic and goes from lO^Hz to lO^Hz, and the y-scale goes from -90dB to lOdB. 
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Figure 8.4 Outputs, of a free field circular microphone array for four simultaneous sources, equally 
spaced and circularly placed at a radius of 2m, when the beamformer is designed with computed Green 

functions. 
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Figure 8.5 Cross correlation of outputs and delayed sources, of a free field circular microphone array 
for four simultaneous sources, equally spaced and circularly placed at a radius of 2m, when the 

beamformer is designed with computed Green functions. The x-scale goes from 8s to 14s, and the y-
scale goes from -1 to 1. 
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Figure 8.6 Frequency response Amotions of a free field circular microphone array for four simultaneous 
sources, equally spaced and circularly placed at a radius of 2m, when the beamformer is designed with 

measured Green functions. The frequency response functions are calculated for a system set for a 
source at different locations and the source might or not be at the same location. The x-scale is 
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Figure 8.7 Outputs, of a free field circular microphone array for four simultaneous sources, equally 
spaced and circularly placed at a radius of 2m, when the beamformer is designed with measured Green 

functions. 
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Figure 8.8 Cross correlation of outputs and delayed sources, of a free field circular microphone array 
for four simultaneous sources, equally spaced and circularly placed at a radius of 2m, when the 

beamformer is designed with measured Green fimctions. The x-scale goes from 8s to 14s, and the y-
scale goes from -1 to 1. 
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Figure 8.9 Frequency response functions of a circular microphone array on a rigid sphere for four 
simultaneous sources, equally spaced and circularly placed at a radius of 2m, when the beamformer is 

designed with computed Green fonctions. The frequency response fimctions are calculated for a system 
set for a source at different locations and the source m i ^ t or not be at the same location. The x-scale is 
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Figure 8.10 Outputs, of a circular microphone array on a rigid sphere for four simultaneous sources, 
equally spaced and circularly placed at a radius of 2m, when the beamformer is designed with 

computed Green functions. 
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Figure 8.11 Cross correlation of outputs and delayed sources, of a circular microphone array on a rigid 
sphere for four simultaneous sources, equally spaced and circularly placed at a radius of 2m, when the 
beamformer is designed with computed Green functions. The x-scale goes from 8s to 14s, and the y-

scale goes from -1 to 1. 
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Figure 8.12 Frequency response functions of a circular microphone array on a rigid sphere for four 

simultaneous sources, equally spaced and circularly placed at a radius of 2m, when the beamformer is 
designed with measured Green Act ions . The frequency response functions are calculated for a system 
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Figure 8.13 Outputs, of a circular microphone array on a rigid sphere for four simultaneous sources, 
equally spaced and circularly placed at a radius of 2m, when the beamformer is designed with 

measured Green fimctions. 
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Figure 8.14 Cross correlation of outputs and delayed sources, of a circular microphone array on a rigid 
sphere for four simultaneous sources, equally spaced and circularly placed at a radius of 2m, when the 
beamformer is designed with measured Green functions. The x-scale goes from 8s to 14s, and the y-

scale goes from -1 to 1. 
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Figure 8.15 Circular microphone array on a rigid sphere recording eight loudspeaker signals. 
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Figure 8.16 Condition number of [G^G+>S I] when G is computed and there are 8 sources in the 
system; free field microphone array. 
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Figure 8.17 Frequency response functions of a free field system with a beamformer designed with 
computed Green flmctions and a regularisation parameter of 10"̂  when the system is set for the source 

location. 
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Figure 8.18 Frequency response functions of a free field system with a beamformer designed with 
computed Green functions and a regularisation parameter of 10"̂  when the system is set for a different 

location from the source actual location. 
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Figure 8.19 Outputs time histories, of a free field circular microphone array for eight simultaneous 
sources, equally spaced and circularly placed at a radius of 2m, when the beamformer is designed with 

computed Green functions and a regularisation parameter of 10"̂  is used. 

255 



Cros^CotT^ation Function of Delayed Source at 0° and Respective Out^xjt 

Time (#) 

Cross-Correlation Function of Delayed Source at 45° and Respective Output 

f 

Time (s) 

Time (s) 

Time (s) 

Cros^Correlation Function of Delayed Source at 90® and Respective Output Cross-Correlation Function of Delayed Source at 135° and Respective Output 

Time (s) 

Cross-Correlation Function of Delayed Source at 180° and Respective Output 
Time (s) 

Cross-Correlation Function of Delayed Source at 225° and Respective Output 

Time (s) 
Cross-Correlafen Function of Delayed Source at 270° and Respecthra Output Cross-Correlation Function of Delayed Source at 315° and Respective Output 

Time (s) 

Figure 8.20 Cross correlation of outputs and respective sources, of a free field circular microphone 
array for eight simultaneous sources, equally spaced and circularly placed at a radius of 2m, when the 
beamformer is designed with computed Green functions and a regularisation parameter of 10"̂  is used. 
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Figure 8.21 Cross correlation of outputs and 0° source, of a free field microphone array for eight 
simultaneous sources, equally spaced and circularly placed at a radius of 2m, when the beamformer is 

designed with computed Green functions and a regularisation parameter of 10'̂  is used. 
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Figure 8.22 Frequency response functions of a free field system with a beamformer designed with 
measured Green flmctions when the system is set for the source location. 
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Figure 8.23 Frequency response functions of a free field system with a beamformer designed with 
measured Green ftmctions when the system is set for a different location from the source actual 

location. 
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Figure 8.24 Outputs time histories, of a free field circular microphone array for eight simultaneous 
sources, equally spaced and circularly placed at a radius of 2m, when the beamformer is designed with 

measured Green functions. 
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Figure 8.25 Cross correlation of outputs and respective sources, of a free field circular microphone 
array for eight simultaneous sources, equally spaced and circularly placed at a radius of 2m, when the 

beamformer is designed with measured Green functions. 
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Figure 8.26 Cross correlation of outputs and 0° source, of a free field microphone array for eight 
simultaneous sources, equally spaced and circularly placed at a radius of 2m, when the beamformer is 

designed with measured Green functions. 
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system: microphone array on a rigid sphere. 
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Figure 8.28 Frequency response functions of a scattered field system with a beamformer designed with 
computed Green fimctions and a regularisation parameter of 10"̂  when the system is set for the source 

location. 
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Figure 8.29 Frequency response functions of a scattered field system with a beamformer designed with 
computed Green functions and a regularisation parameter of 10"̂  when the system is set for a different 

location from the source actual location. 
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Figure 8.30 Outputs time histories, of a circular microphone array on a rigid sphere for eight 
simultaneous sources, equally spaced and circularly placed at a radius of 2m, when the beamformer is 

designed with computed Green functions and a regularisation parameter of 10"̂  is used. 
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Figure 8.31 Cross correlation of outputs and respective sources, of a circular microphone array on a 
rigid sphere for eight simultaneous sources, equally spaced and circularly placed at a radius of 2m, 

when the beamformer is designed with computed Green functions and a regularisation parameter of 10" 
is used. 
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Figure 8.32 Cross correlation of outputs and 0° source, of a microphone array on a rigid sphere for 
eight simultaneous sources, equally spaced and circularly placed at a radius of 2m, when the 

beamformer is designed with computed Green functions and a regularisation parameter of 10"̂  is used. 
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Figure 8.33 Frequency response functions of a scattered field system with a beamformer designed with 
measured Green functions when the system is set for the source location. 
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Figure 8.34 Frequency response functions of a scattered field system with a beamformer designed with 
measured Green functions when the system is set for a different location from the source actual 

location. 
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Figure 8.35 Outputs time histories, of a circular microphone array on a rigid sphere for eight 
simultaneous sources, equally spaced and circularly placed at a radius of 2m, when the beamformer is 

designed with measured Green functions. 
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Figure 8.36 Cross correlation of outputs and respective sources, of a circular microphone array on a 
rigid sphere for eight simultaneous sources, equally spaced and circularly placed at a radius of 2m, 

when the beamformer is designed with measured Green functions. 
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Figure 8.37 Cross correlation of outputs and 0° source, of a microphone array on a rigid sphere for 
eight simultaneous sources, equally spaced and circularly placed at a radius of 2m, when the 

beamformer is designed with measured Green functions. 
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9 RESULTS 

Microphone arrays are a suitable tool for recording source signals while suppressing 

interference. Research in this area has regarded mainly the detection, location and 

finding the direction of arrival of sources. This thesis investigated the design of a 

microphone array that allows the specific task of reconstructing multiple simultaneous 

source time histories. This research studied two features of the design of the 

microphone array, its geometrical design and the application of signal processing 

techniques. A comparison was carried out of the directivities of different array 

geometries, namely fi-ee field linear and circular arrays and a circular array on a rigid 

sphere. The design and application of single and multi-channel focused beamformers 

on the arrays were also investigated. 

This thesis approached the design of a microphone array by performing computer 

simulations that tested different array geometries and single and multi-channel 

focused beamforming. In order to replicate a real environment in the computer 

simulations, signal processing techniques were studied with the aim of finding a 

suitable discrete Green function representation. The Green function representation 

was required to have a causal impulse response and its frequency response once 

inverted should not result in an unrealisable beamformer filter. Several methods were 

researched, namely discarding the noncausal values of the Green function impulse 

response, windowing techniques, phase adjustment, emulating an impulse response 

measurement, splitting of the impulse between the two closest samples and an 

interpolation method. A method that adjusts the phase representation of the Green 

function and then corrects the timeline by interpolation was chosen to be the best 

Green function representation. Though it should be further explored the influence that 

this method has on the phase representation of the Green function. 

Multi-chaimel focused beamforming was then studied. It was shown that it is possible 

to obtain output spectra similar to the source spectra and output time histories that are 

a delayed version of the source time histories. However, when using a multi-channel 

focused beamformer care must be taken in ensuring filter stability. Therefore the 

condition number of the matrix to invert in the filter equation was observed and a 
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regularisation parameter was introduced. It was concluded that for the situations of 

several secondary sources and for the circumstance when the sources were too close 

together the beamformer filter matrix was ill-conditioned, especially at low 

frequencies. However future work should take place regarding a low condition 

number verified at certain frequencies in order to understand in which circumstances a 

low condition number can be achieved. The consequence of regularising the 

beamformer filter is a trade off, since by avoiding errors in the inversion in the design 

of the beamformer filter the directivity pattern and the output responses are affected, 

especially at low frequencies. The directivity of circular microphone arrays was 

studied when multi-channel focused beamforming is used. It was shown that a 

directivity pattern is obtained with a mainlobe in the main source direction and nulls 

at the secondary sources angular positions. A loss of accuracy in the directivity 

pattern is however noticed at very low frequencies. When comparing the directivity 

patterns acquired when using the single-channel focused beamformer and when using 

the regularised multi-channel focused beamformer it was observed that a narrower 

main lobe can be obtained at low frequencies in the multi-channel case. 

The directivity of a circular array on a rigid sphere was compared to a circular array in 

free field. The circular array on a rigid sphere shows an enhanced directivity at low 

frequencies since it has narrower mainlobes. The causes of an enhanced directivity 

when a rigid sphere is present were studied. It was concluded that the improvement is 

due to the increased path that the waves had to follow since when a rigid sphere is 

present the waves have to go around the sphere while in free field the waves go 

through the array. Also, creeping waves formed when a rigid sphere is present further 

increase the path travelled by the waves since they have a lower velocity than the 

sound speed. These two factors effectively increase the length of the array when 

compared to the free field array. 

The multi-channel focused beamformer was applied to the rigid sphere circular array. 

A regularisation parameter had to be introduced for filter stability reasons similar to 

the free field case. The directivity patterns obtained for circular microphone arrays on 

a rigid sphere when the single-channel focused beamformer was used and when the 

regularised multi-channel focused beamformer was used were compared, similar to 

the free field case. It was observed that a narrower main lobe can be obtained at low 
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frequencies in the multi-channel case, however the recovery of the source signal will 

contain some errors due to the use of regularisation. When comparing the free field 

and rigid sphere regularised multi-channel focused beamformer directivities, it is 

noticed that in general the rigid sphere improves the directivity patterns. 

Lastly, experiments were carried out in the ISVR anechoic chamber in order to test 

the performance of circular microphone arrays. A structure was designed that enabled 

the introduction and removal of a wood rigid sphere in order to test the performance 

of a free field circular microphone array and a circular microphone array on a rigid 

sphere. Comparisons were also made between the performance of the focused 

beamformers when designed using computed Green functions or measured Green 

functions. The computed Green functions consist in the Green functions designed 

using the interpolation method. The measured Green functions are estimated by 

measuring the transfer function between the input signal of the loudspeaker and the 

output signal of the microphones. The first experiment tested the recovery of the 

source signal when a loudspeaker is moved closer to the arrays and the beamformer is 

designed for a specific distance, also the impulse and frequency responses were 

calculated for the different situations studied. As expected the sentence becomes 

quieter as the source moves away from the array. When the system uses measured 

Green functions instead of Green functions computed using the interpolation method 

the ability to produce an output signal that is a good recovery of the source signal 

improves since the measured Green functions take into account the frequency 

response function of the loudspeaker. 

The next experiment tested the ability of the arrays to separate the signals of two 

sources as the angle separation is subsequently diminished. As the sources become 

closer confusion starts to occur as it becomes difficult to perceive which sentence is 

the main source. The introduction of a regularisation parameter in the beamformer 

design, especially when computed Green functions are used, improves the ability of 

the microphone array to recover the signals, by a value o f ^ of approximately 0.6dB. 

The rigid sphere array when compared to the free field array and the measured Green 

functions when compared to computed Green functions enable better perception, by 

values of E of approximately 3dB and IdB, respectively. 
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The aim of the final experiments is to test the performance of the arrays when the 

number of simultaneous, circularly placed and equally spaced sources around the 

circular microphone arrays increases. When there are four sources around the 

microphone array, a good recovery of the sources signals is obtained for all situations. 

For the situation where there are eight sources around the microphone array a 

regularisation parameter has to be introduced in the design of the beamformers when 

computed Green functions are used. A good recovery of the source signals is achived 

in all situations, although worse than in the four sources case, except when a free field 

microphone array is used and the beamformer is designed with computed Green 

functions. Thus as the number of sources increase a better recovery, by an E value of 

approximately 2dB compared to the fi"ee field case, of the sources signals is, once 

again, achieved when a microphone array on a rigid sphere is used to record the 

signals and measured Green functions are used to design the beamformer, by an E 

value of approximately 3dB compared to the analytically derived Green function. 
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10 CONCLUSIONS 

Two key results should be highlighted within all the results accomplished in this 

research project. Namely, explaining the enhancement of the microphone array 

directivity when this is placed around a rigid sphere and the ability to recover source 

strength signals of simultaneous emitting multi-channel sources. 

Reagarding the first item it was demonstrated that when the circular microphone array 

is placed around a rigid sphere the directivity patterns obtained improve especially at 

low frequencies. This occurs since the low frequency directivity of an array is mainly 

dependent on its aperture. As the waves have to travel around the rigid sphere the 

aperture of the circular array is bigger when compared to a free field circular array. 

Also the creeping waves formed in the rigid sphere surface further increase the 

aperture of the array given that they diminish the speed of the waves. Further work 

could be done regarding which of these factors contributes mostly for the directivity 

improvement. Moreover additional study could be done regarding creeping waves 

namely, why they have slower speed and why they are formed. 

The second achievement of this thesis concerns the ability of the microphone array to 

recover the source signals of simultaneous emitting sources. This was achieved in two 

different situations. The first situation considered the recovery of two sources signals 

that become closer together as the angular separation between the sources is 

progressively diminished. The microphone arrays work fairly well up to an E factor of 

-2dB separation. Thus by looking at Figure 10.1 it can be concluded that by using 

measured Green functions a good recovery can still be achieved when there is a 10° 

separation and that the rigid sphere array generally improves the recovery of the 

sources. Regularisation was introduced in the most critical situation, sources 10° apart 

as the condition number of the filter matrix to invert is very high, and improved the E 

factor by approximately 0.6dB. The second situation concerns a variable number of 

sources placed circularly around the circular microphone arrays, see Figure 10.2. 

Once again a good recovery of the sources is achieved when measured Green 

functions are used since the measured Green functions take into account the frequency 

response function of the loudspeaker and are measured in situ. In this situation the 
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microphone array works well when there is an £ factor of-4dB separation thus for the 

most critical situation when there are 8 sources to recover only when measured Green 

functions are used the system works. It can also be seen that the use of measured 

Green functions have a higher influence on the performance of the array fhpn the rigid 

sphere situation. 

In summary it can be concluded that a circular microphone array works quite well in 

the anechoic chamber when there is a source separation of 30° or when there are 4 

sources around the array. However good improvements can be achieved by placing 

the array around a rigid sphere as this allows a good recovery of the sources signals 

up to the situation when there are 7 simultaneous sources. Moreover if the Green 

functions are measured in situ then even at a source separation of 10° or when there 

are 8 simultaneous sources reasonable results can still be achieved. 
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11 FURTHER WORK 

The research developed in this thesis deals with two main features of the design of a 

microphone array, its geometrical design and the application of signal processing 

techniques. This Chapter suggests some applications for the achievements of this 

research project and further developments that could be carried out in order to 

continue the investigation in the two microphone array features studied in this thesis. 

Two main achievements of this thesis involve a considerable improvement in the low 

frequency directivity of arrays and the recovery of source time histories in a multi-

charmel environment. These achievements were tested in this project on the use of 

microphone arrays for speech processing. However other applications could be used 

on other fields that require good low frequency resolution, such as performing some 

tests using an array of hydrophones in a sonar enviroimient or for geophysical 

applications. The recovery of the source time histories in a multi-channel environment 

can have several applications such as reduction of noise in communications and a 

better understanding of source characteristics for noise reduction applications. 

Ideas to follow up on the research project performed could study further both aspects 

of the design of microphone arrays examined in this thesis. Regarding the geometrical 

design of microphone arrays other geometries could be tested to allow an increase in 

the dimensionality of the sound field that can be studied. It would be interesting to 

examine, for example firstly two circular rings around a sphere, one horizontal and 

one vertical and later expand that geometry to an icosahedron. In order to increase the 

recording and processing frequency range a nested sub-array or multiple arrays 

designs could be explored. Also, the best placement and an optimal number of 

microphones could be investigated. It would be worth researching if the increase of 

the number of microphones in the arrays leads to a proportional increase in the 

number of simultaneous sources that the array is able to separate. Nonetheless one 

will have to keep in mind the microphone array optimisation problem: the longer the 

array the better its low frequency directivity, while the shorter the spacing between 

the sensors in the array the better its high frequency directivity. An investigation 

could also be conducted on the ability of the arrays to separate sources that are not 
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circularly placed. For example would the performance of the multi-channel focused 

beamformer degrade if the sources are placed at different distances from the array 

centre? The performance of the focused beamformer studied in this thesis could be 

compared to methods described in Chapter 2. The performance of the arrays described 

in this thesis, specifically the circular array on a rigid sphere, could be compared with 

the directivities obtained when using for example spherical harmonic reconstruction 

methods and when holography techniques are applied. It would also be interesting to 

further develop the computer algorithms used in this research in order to process the 

signals in real time, especially the program that calculates the Green functions using 

the interpolation method. Also, algorithms to detect the location of multiple sources 

could be studied in order to develop an adaptive microphone array. Since the 

microphone arrays designed in this research project were only tested in an anechoic 

chamber it would be interesting to test them in other surroundings, where it is likely 

that reverberation problems would occur and further develop the microphone array in 

order for it to be able to perform in such environments. 
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