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1. Introduction

When sound propagates inside acoustic systems, e.g., rooms, ears, or pipes,

the sound is reflected, scattered, or diffracted depending on the character-

istics of the boundaries set by the system. The effect of the acoustic sys-

tem on the sound traveling from a source position to an observation point

is known as the transfer function of the system. The transfer function

of an acoustic system is assumed not to vary with time and to produce

linear effects on the sound, thus making it a linear time-invariant (LTI)

system. This implies that the system transfer function can be obtained by

exciting the system with an impulse at the source position and measuring

the response at an observation point. This measured response is known

as the impulse response of the system. The use of acoustic impulse re-

sponses spans a wide range of applications, from the analysis of acoustic

parameters of rooms to the rendering of virtual sources using binaural

techniques.

When measuring the acoustic impulse response of a system, the sound

source is typically assumed to be a point source with an omnidirectional

radiation pattern that produces sufficient sound energy in the bandwidth

on interest. This ensures that the acoustic system is equally excited in all

directions and that the source does not influence the sound field with its

presence. Therefore, the sound source is assumed to be an acoustic point

monopole. Unfortunately, all these requirements cannot be achieved in

practice. Loudspeakers are able to radiate sufficient sound energy over a

wide frequency range, but they have finite size and a directional radiation

pattern at high frequencies. On the other hand, typical impulsive sources

are tiny and omnidirectional. However, they do not radiate sound effi-

ciently at all frequencies, and the acoustic impulse may not be sufficiently

repeatable.

Focusing a highly energetic laser pulse causes the breakdown of air, i.e.,

13



Introduction

spark. The breakdown is characterized by a plasma ball accompanied by

an acoustic impulse of large sonic energy (shock wave). The laser spark

has omnidirectional sound radiation and it disappears rapidly, thus not

affecting the sound field due to its presence. Therefore, this type of sound

source resembles the acoustic characteristics of a point monopole. Laser-

induced sparks have been used as point sources in ultrasonic research as

well as in non-linear acoustics research due to their wide frequency con-

tent and large peak pressure level. Although this source does not radiate

sound efficiently at very low frequencies, the produced impulse is very re-

peatable, thus allowing the use of signal processing methods to extend the

usability to low frequencies.

The research conducted in this thesis focuses on the use of laser-induced

sparks as an acoustic monopole source in linear acoustics applications.

The experiments carried out in this work are mainly related to the mea-

surement of room responses, but the results can be generalized to other

acoustic systems as well. Due to the massless and omnidirectional char-

acteristics of the spark, impulse responses of acoustic systems measured

with this source are truly point-to-point responses, and so the accurate ex-

traction of the system response from the measured impulse responses is

possible. Furthermore, the point-source characteristics of the spark also

simplify the combination of spatially separated responses using beam-

forming techniques in order to synthesize adjustable source radiation pat-

terns that can be used to analyze specific surfaces of the system as well

as to auralize more natural sound sources.

1.1 Organization of the thesis

This thesis consists of an introduction and five publications containing the

author’s research. The introduction is organized as follows: The monopole

source and the features of typical sound sources are described in Chap-

ter 2. Next, an overview of impulse response measurement methods, stress-

ing the relevance of the sound source, is given in Chapter 3. Basic knowl-

edge on beamforming techniques using monopole sources is presented in

Chapter 4. The phenomena behind the laser-induced spark and its acous-

tical characteristics are presented in Chapter 5, followed by a summary

of the publications contained in this dissertation. Finally, conclusions are

addressed in Chapter 7.
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2. Acoustic point monopole

If we drop a small stone into water, we can observe how a circular wave

diverges from the point the stone entered the water. This is an example of

how spherical waves are generated by point monopole sources. This type

of source is characterized by a tiny size and omnidirectional sound emis-

sion. A common assumption in acoustic measurements is to consider the

sound source to be an omnidirectional point-like source, thus approximat-

ing the point monopole.

In this chapter, the acoustic point monopole is briefly described, deriv-

ing the criteria for the point-like and omnidirectionality assumptions. In

addition, the characteristics of typical sources are reviewed.

2.1 Source strength

Different acoustic parameters of the sound field, like pressure, particle

velocity, sound intensity and acoustic power, can be obtained from the

strength of the source. The strength of a sound source, Q, represents the

volume of air moved by the source and is calculated for sources with finite

dimensions and harmonic motion as

Q =

∫
S
�u(t) �dS , (2.1)

where �u(t)= U0e
jωt is the particle velocity at each element �dS of the source

surface S, t represents the time instant, j is the imaginary unit, and ω

is the angular frequency [1]. The velocity is indeed a vector that may

contain components in directions other than the normal to the surface,

but in order to simplify the description of the sources given here, only the

normal component of the velocity is used. The amplitude of the velocity

,U0, is defined then as

U0 = jωξ0 , (2.2)
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where ξ0 is the amplitude of the displacement of the surface in the nor-

mal direction. Combining Eqs. 2.1 and 2.2, it can be deduced that a small

source needs to produce a larger displacement to equal the strength of a

larger source. Furthermore, an equal displacement ξ0 at all frequencies

causes the strength to vary proportionally with frequency. These charac-

teristics of the strength explain why small sound sources have difficulty

radiating low frequencies and why the size of the source is typically in-

creased to reproduce very low frequencies so as to avoid unrealistically

large displacement of the source surface.

2.2 Point-like source

A point source is an abstract entity that represents a source of infinites-

imal dimensions which is defined by its strength, Q. The sound pressure

p(t) in a harmonic sound field of angular frequency ω at a distance r from

the source can then be calculated as

p(r, t) = j
Qρck

4πr
ej(ωt−kr)Γ(κ) , (2.3)

where k= ω/c is the wave number, c is the speed of sound, Q is the

strength of the source, and Γ (κ) is the directivity of the source in the

radial direction κ.

If the pressure is observed at a distance much greater than the dimen-

sions of a real source, the sound seems to come from a point in space, and

the dimensions of the source are no longer relevant to the sound field. In

such cases, Eq. 2.3 can be used to estimate the pressure at the observa-

tion point. Therefore, real sources having finite size can be considered to

be point-like when the sound pressure is observed in the far field (kr � 1)

at a distance r greater than the dimensions of the source [1].

The source directivity Γ(κ) represents how the source radiates sound

energy in each direction, which may vary also with frequency. Γ(κ) is

a function of several factors like source dimensions and shape; number,

disposition, and size of radiating surfaces; and sound wavelength λ [2].

This thesis focus on the special case where Γ(κ) = 1, which means that the

source radiates equally in all directions (omnidirectional) and the source

can be regarded as an acoustic monopole.
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2.3 Acoustic monopole

The acoustic monopole source can be seen as a pulsating sphere, i.e., a

sphere whose radius varies with time [1]. When the volume of the sphere

compresses or expands, the air particles that surround the sphere move

with equal radial velocity to the surface of the sphere. Since the sphere

is symmetric in all radial directions, the pulsation of the sphere produces

spherical waves in any homogeneous and isotropic surrounding medium

[1]. The pressure p(t) at a distance r from the center of the sphere of

radius a can then be calculated as [1]

p(r, t) = j
a2ρckU0

r
ej(ωt−kr) . (2.4)

If the radius of a monopole is assumed to be infinitesimal (a → 0), the

monopole is defined only by its strength, which is known as the point

monopole [2]. Therefore, the point monopole can be seen as a point in

space from where sound is radiated omnidirectionally.

The point monopole is of great importance in acoustics. It serves as an

elementary source when decomposing the wavefront following Huygen’s

principle, which states that each point in the wavefront can be considered

as a point monopole radiating into a half space [3, 2]. Moreover, the point

monopole represents the ideal source for obtaining the acoustic response

of an acoustic system since it excites the system equally in all directions

and it does not influence the sound field with its presence.

The acoustic monopole is also called simple source since it is the sim-

plest theoretical source able to generate spherical waves [1]. A peculiar-

ity of typical sources, like loudspeakers or pipes, is that they behave like

a simple source when the maximum dimension of the source, a, is smaller

than the wavelength of the produced sound (ka � 1) [1]. Therefore, to

assume a sound source to be a point-like monopole, the dimensions of

the source should be small enough to radiate sound omnidirectionally in

the frequency band of interest without affecting the sound field, and the

sound field should be observed far enough from the source (kr � 1), thus

enabling the pressure to be estimated accurately using Eq. 2.4.
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2.4 Acoustic sources

The characteristics of typical sources used to approximate the acoustic

point monopole are described in this section.

2.4.1 Loudspeakers

Typical loudspeakers are sound sources usually with a single radiator for

a specific frequency band enclosed in a rigid box. The frequency range

at which loudspeakers can be regarded as monopole sources is very lim-

ited and depends strongly on the size of the loudspeaker. For a loud-

speaker with maximum dimension a, the condition ka � 1 holds for very

low frequencies. At higher frequencies, the loudspeaker features some

directionality and cannot be regarded as a monopole. However, it can

be regarded as a point-like source in many applications where the loud-

speaker is placed far enough from the observation point (kr � 1). The

effect of loudspeaker size can be seen in the examples of the directivity

plots for two-way loudspeakers illustrated in Fig. 2.1. The smaller loud-
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Figure 2.1. Directivity of two-way loudspeakers in the horizontal plane. (Left) Loud-
speaker with a 5.1 in. woofer and a 1 in. tweeter (Tannoy Mercury V1).
(Right) Loudspeaker with a 4 in. woofer and a 0.75 in. tweeter (Genelec
8020A). Symmetry in the horizontal plane is assumed. Responses are av-
eraged in 1/6 octave bands. Frequency bands from 2 kHz to 16 kHz are pre-
sented in the lower half of the plots for clarity.

speaker (the 4 in. woofer - on the right side of Fig. 2.1) features a less

directional radiation pattern at frequencies below 1 kHz than the larger

loudspeaker (the 5.1 in. - on the left of Fig. 2.1). Below 250 kHz the wave-

length is so large that both loudspeakers radiate omnidirectionally. The
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radiation pattern becomes more directional at higher frequencies where

the condition ka � 1 does not hold although the radiators are also smaller.

An enclosed loudspeaker feeding the aperture of a reverse horn has been

also proposed as an omnidirectional point source in [4], and improvements

to this design have been presented in [5]. This type of loudspeaker im-

proves the omnidirectional radiation pattern of typical loudspeakers but

still features a directional radiation pattern at mid and high frequencies.

To improve the omnidirectional radiation of loudspeakers, several radia-

tors emitting sound in phase can be placed in a spherical configuration us-

ing Platonic shapes. These are known as spherical loudspeakers. Among

the spherical loudspeakers, the dodecahedron loudspeaker has been found

to have the most omnidirectional radiation pattern [6]. However, the in-

dividual directivity of each transducer and the interaction between trans-

ducers cause a multidirectional radiation pattern at high frequencies [7].

An example of the directivity of a dodecahedron loudspeaker is given in

Fig. 2.2, where the improvement in omnidirectionallity can be seen at fre-

quencies below 1 kHz and the multidirectional radiation pattern is seen

above that frequency. The omnidirectional radiation at higher frequen-
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Figure 2.2. Directivity of a dodecahedron loudspeaker with � = 0.5m in the horizontal
plane. Symmetry in the horizontal plane is assumed. Responses are averaged
in 1/6 octave bands. Frequency bands from 2 kHz to 16 kHz are presented in
the lower half of the plots for clarity.

cies can be improved by reducing the size of the loudspeaker, but this

decreases the strength of the source at low frequencies. An example of a

micro-dodecahedron loudspeaker is given in [8].

In [9], a symmetrical three-way setup is used to design a loudspeaker
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with an omnidirectional radiation pattern. A ring radiator consisting of

two loudspeakers with a conical enclosure facing each other has been also

proposed as a better omnidirectional source than spherical loudspeakers

[10]. Recently, the use of dielectric elastomer material for constructing a

pulsating ball has been investigated for a hemisphere [11].

2.4.2 Electrical spark

The electrical spark is produced when a high voltage potential is applied

between two electrodes that are close to each other [12, 13, 14]. This

causes the electrons to jump from one electrode to the other generating

a plasma line accompanied by an acoustic pulse. Electrical sparks in a

small gap between electrodes (< 5mm) produce a very repeatable and om-

nidirectional acoustic impulse [15]. The emitted acoustic energy is, how-

ever, weak although acceptable for certain type of applications, e.g., scale-

model measurements [16]. Their small size and frequency-independent

surface velocity cause sparks not to radiate sufficient sound energy at low

frequencies.

To increase the acoustic energy of the spark, the electrodes must be

separated with a larger gap and the electric potential has to be increased

proportionally [17, 18]. Due to the larger separation of the electrodes,

the spark describes a line that may follow different paths for different

realizations. This has two consequences: the plasma line becomes a line

radiator at audible wavelengths thus resulting in directivity [19, 15], and

the waveform of the acoustic impulse may change between realizations

[19] thus losing repeatability. An electrical spark device and its measured

acoustic impulse and magnitude responses are illustrated in Fig. 2.3.

The acoustic impulse waveform is characterized by an abrupt pressure

transient followed by a rarefaction of the medium. Due to the initial large

level of the pressure pulse, the midair is over-compressed, a condition

known as amplitude saturation. This causes harmonic components that

extend the spectra towards ultrasound frequencies [20]. The magnitude

response of this pressure signal resembles a bandpass filter centered at a

frequency determined by the duration of the pulse waveform and having

a 6-dB/octave decaying slope towards lower frequencies [12].
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Figure 2.3. (Left) Electrical spark. (Right) The acoustic impulse produced by the elec-
trical spark, and (bottom) the magnitude response of the acoustic impulse
normalized for a 0.1ms time window.

2.4.3 Other impulsive sources

Other impulsive sources are pistols [21], crackers [22], balloons [23], and

clappers [24]. Although larger than sparks, these sources are smaller

than loudspeakers, and the condition ka � 1 holds for a very wide fre-

quency range. Thus these sources usually feature quasi-omnidirectional

radiation over a very wide frequency range. Due to their greater size,

these sources produce larger energy levels at lower frequencies than elec-

trical sparks. However, these sources suffer from large variability in the

produced waveform, thus having low repeatability.

Pistols, balloons, clappers, and crackers allow fast measurement of the

impulse responses using portable recording devices, although, due to the

lack of repeatability, these measurements are intended for fast and ap-

proximate analysis of the acoustical parameters of rooms rather than for

acquiring an accurate impulse response.
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3. Impulse response of acoustic
systems

When an ideal acoustic impulse is generated at some point inside an

acoustic system, the paths that the sound travels inside the system to

a certain observation point are of different lengths, hence the reflected

wavefronts arrive at the observation point at different times, producing a

temporal pattern known as the impulse response of the system.

Impulse responses have been used for different applications in acoustics.

Comparing the impulse reflected from a surface to the incident impulse

allows the analysis of the acoustic properties of the surface [25]. The

analysis of the room impulse response (RIR) permits the estimation of

parameters that correlate with perceptual auditory phenomena [26, 27].

These parameters, typically known as room parameters, are used to study,

design and condition auditoria like concert halls and opera houses [26].

The impulse response from a point source to the ears of a listener in free-

field conditions, known as the head-related impulse response (HRIR), can

be convolved with anechoic sounds to generate virtual auditory displays

[28, 29]. Furthermore, the impulse response from a source inside a room

to the ears of a listener, or the binaural room impulse response (BRIR),

can be used for auralization [29, 30], thus permitting the perceptual anal-

ysis of the room.

This chapter describes different techniques applied to obtain the im-

pulse response of acoustic systems. Due to the scope of this thesis, special

attention is given to the effect of the sound source on the accuracy of the

impulse response measurement.

3.1 Measurement of impulse responses

A practical implementation of an impulse response measurement consists

of an acoustic source and a receiver placed at different positions inside
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the acoustic system. The measurement system is illustrated as a block

diagram in Fig. 3.1.

h
S
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S
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Figure 3.1. Block diagram of an acoustic impulse response measurement.

A test signal x(t) is applied to a source, causing the acoustic excitation of

the system. The sound field generated at the position of the source is rep-

resented by x′(t, κS). The sound field at the receiver position, y′(t, κS), is

observed using a receiver (microphone) obtaining the signal y(t). The pa-

rameter κ represents the direction-dependency (directivity) of the source,

κS, or receiver, κR. Note that the direction-dependency in x′(t, κS) and

y′(t, κS) is due to the directivity of the source and it is independent of the

receiver. The measured signal y(t) is then the result of the convolution of

x(t) with the responses of the source, hS(t, κS); the acoustic system, hsys(t);

and the receiver, hR(t, κR); which is expressed as

y(t) = x(t)⊗ hS(t, κS)⊗ hsys(t)⊗ hR(t, κR) . (3.1)

The response of the system, hsys(t), does not depend on the directivity of

the source and receiver, but on the position of the source and receiver in-

side the system, and it cannot be extracted from y(t) if source and receiver

are not omnidirectional. Hence the importance of the omnidirectional

point source/receiver assumption. Furthermore, hsys(t) does not change

if the source and receiver are interchanged, a condition known as reci-

procity [2].

3.1.1 Impulsive and continuous excitation signal

If the acoustic source generates an ideal (Dirac) impulse that propagates

isotropically, then x′(t, κS) = δ(t) and the response of the system, hsys(t),

can be directly observed at y′(t). Impulsive sources attempt to emulate

an ideal impulse, thus providing a fast estimate of the impulse response

of the system. Due to the short duration of the impulse, reflections that

arrive at the observation point close to each other are easily identifiable.

However, the impulse should feature a large amplitude in order to provide

sufficient sound energy at all frequencies, as stated by Parseval’s theorem.

This may result in non-linear effects due to amplitude saturation of the

midair [31, 32, 20].
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To avoid amplitude saturation, the sound energy can be distributed in

time with a continuous signal, and together with signal processing tech-

niques, the impulse response of the system can be obtained. Continuous

signal methods require electro-acoustic transducers (loudspeakers) to re-

produce the sound signal. The maximum length sequence (MLS) [33] and

inverse repeated sequence (IRS) [34] methods use cross-correlation of a

pseudo-random sequence to obtain the impulse response of the system.

The linear sine sweep (LSS), typically used in time delay spectrometry

(TDS) [35, 36], and the exponential sine sweep (ESS) [37] use sinusoidal

signals whose frequency varies with time. The impulse response of the

system is obtained after convolving the observed signal with the time-

reversed excitation signal [38]. For the ESS method, a magnitude correc-

tion is also applied to compensate for the pink spectrum of the excitation

signal [37, 38]. A comparison of different methods is found in [38] and

[39].

3.2 Effect of the source

The effect of the source is better seen in the frequency domain, where the

convolution process becomes a product of complex spectra, and Eq. 3.1 can

be expressed as

Y (ω) = X(ω)HS(ω, κS)Hsys(ω)HR(ω, κR) . (3.2)

To accurately extract the response of the system, Hsys(ω), the responses of

the source and receiver, HS(ω, κS) and HR(ω, κR), should be compensated.

The source and receiver may be designed to have omnidirectional radia-

tion with a flat frequency response, so that HS(ω, κS) = HR(ω, κR) = 1. In

such a case, the block diagram illustrated in Fig. 3.1 reduces toHsys(ω) for

these particular source and receiver positions. However, although these

requirements can be obtained in practice for receivers, both requirements

are difficult to achieve with acoustic sources. The response HS(ω, κS) = 1

is equivalent to an ideal acoustic point monopole source, which can only

be approximated in practice as explained in Section 2.4. Thus the follow-

ing discussion focuses then on the effect of the source, but the reasoning

for receivers is equivalent.
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3.2.1 Source response

If the source is omnidirectional, its response is described by HS(ω) for

any direction. Therefore, HS(ω) can be compensated using the inverse

source response, H−1
S (ω). This process is known as deconvolution, and it

is expressed as

HS(ω)H
−1
S (ω) = 1 . (3.3)

In practice, the inversion of the source response is done for a limited

frequency range in which the signal-to-noise ratio (SNR) is sufficient. To

avoid the amplification of noise at frequencies where the SNR is low, a

regularization factor can be added to limit the effect of the inversion at

those frequencies [40, 41].

Sometimes the source response features low SNR in the frequency band

of interest, in which case averaging across several measurements im-

proves the SNR due to the uncorrelated nature of noise. However, to make

this process accurate, the response of the source should be repeatable, i.e.,

HS(ω) should not change between different measurements.

3.2.2 Source directivity

When the source features directional radiation, HS(ω, κS) is different in

each direction. The effect of source directivity is especially relevant in

enclosed spaces since the system is not excited equally in all directions.

This produces an inaccurate estimation of the system response since the

source response cannot be correctly removed from the measured signal us-

ing deconvolution. For instance, the non-omnidirectional radiation of the

acoustic source has been found to cause inaccurate estimation of acousti-

cal room parameters [22].

3.3 Scale models

The use of scale models to estimate the response of an acoustic system

relies on the relationship between frequency, wavelength and speed of

sound:

c = λf . (3.4)

To maintain a constant speed of sound, the scaling down of the dimen-

sions of an acoustic system implies using the inverse of the scale factor on

the frequency. For instance, in a 1:10 scale model, 0.1m represents 1m in

26



Impulse response of acoustic systems

the original system, and the analysis of the frequency band at 10 kHz is

equivalent to the analysis of the 1 kHz band in the original system. The

characteristics of the material used to build the scale model should match

the characteristics of the original materials in order to obtain an accu-

rate estimate of the response of the acoustic system. Furthermore, air

absorption at ultrasonic frequencies does not behave in a manner propor-

tional to the scale factor. To compensate for these differences, a different

gas-medium or time-frequency processing can be applied [42, 43].

The reduced dimensions of scale models add further constraints to the

characteristics of the sound source, which should be tiny in order to be

considered point-like. Miniature spherical loudspeakers, as well as elec-

trical sparks, have been usually used in scale-model measurements due to

their reduced size. Some examples are found for instance in [44] and [45].

Scale models have been used to estimate the acoustic behavior of auditoria

[44] or urban infrastructures [16], to analyze the acoustical properties of

complex surfaces [46, 47] and to evaluate the accuracy of computer simu-

lations [48, 49]. Auralization using binaural techniques is also achievable

using scaled binaural receivers [45, 50].

3.4 Computer simulation

Computational methods can be utilized to estimate the impulse response

of acoustic systems using a three-dimensional model of the system. These

methods can be divided into wave-based and geometrical methods. Wave-

based methods approximate the solution to the wave equation for the

boundary conditions imposed by the acoustic system. These methods are

the boundary-element model (BEM) [51], finite element model (FEM) [52],

and finite-difference time domain (FDTD) [53].

Geometrical methods are based on the detection of the paths from the

source to the receiver inside the system. These methods are mainly in-

tended for obtaining room impulse responses [54]. The impulse response

of regular enclosures can be well determined using the image-source method

[55]. In this method, reflections are determined by mirroring the source

with respect to the reflecting surface. The ray tracing method analyzes

the propagation path of particles radiated from the source position in all

directions [56]. The impulse response of the system is obtained by defin-

ing a volume around the receiver position to detect the particles that pass

through. A hybrid model mixing both methods has been also proposed
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[57, 58]. A comparison between geometrical methods is found in [54], and

a round-robin study of different software based on these methods is found

in [59].
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4. Synthesis of source directivity

In Chapter 3, the acoustic point monopole was described as the optimal

sound source to obtain the impulse response of an acoustic system. How-

ever, real sources, like loudspeakers or musical instruments, feature frequency-

dependent directivity that may be of interest and so must be preserved in

the impulse response measurement. For instance, the effect of source di-

rectivity has a great influence on the sound perceived by a listener and

has clear applications in sound reproduction [60]. Therefore, to reproduce

a more natural sound in auralization, efforts have been done to synthe-

size the directivity of sound sources [61]. Furthermore, in the field of

room acoustics, the need to obtain directional information has been ad-

dressed [62] and methods for studying the acoustics of concert halls using

directional sources and receivers have been proposed [63, 64, 65]. Re-

flection tracking methods make use of directive sources and receivers for

decomposing the impulse response, which allow detailed analysis of the

reflections [66].

In this chapter, a brief introduction to the synthesis of source directivity

using monopole sources is given. The focus is on the synthesis of control-

lable directivity patterns, i.e., radiation patterns that can be steered or

modified using a linear combination of monopole signals.

4.1 Differential array

A dipole is constructed by placing twomonopoles with opposite phase close

to each other. The dipole can be seen as the spatial derivative of the acous-

tic field at the dipole position. The dipole directivity is expressed as

Γ(θ) = cos(θ) , (4.1)

where θ represents angle with respect to the dipole axis [67]. At low fre-

quencies, the spatial derivative of the sound field has low values, which
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can be compensated by using equalization of the source response or the

measured signal [67].

Differential arrays are based on combining spatial derivatives of the

acoustic field in order to obtain the directivity of the nth order following

the equation

Γ(θ) =

N∑
i=0

ai cos
i(θ) , (4.2)

where N is the order, ai are the coefficients of the spatial derivatives, and

θ is the angle respect to the axis formed by the elements of the array [68].

Controlling the values of the coefficients ai allows the adjustment of

the array directivity. For instance, adjusting the coefficients a0 and a1

of the first order directivity (N = 1) permits obtaining omnidirectional

directivity (ai = [1 , 0]), dipole directivity (ai = [0 , 1]), cardioid directivity

(ai = [0.5 , 0.5]), and hypercardioid directivity (ai = [13 ,
2
3 ]), among others

[69, 70, 71].

In a three-dimensional space, first order directivity can be steered using

a monopole and three orthogonal dipoles using

Γ(θ, φ) = a0 + a10 cos(θ) cos(φ) + a11 sin(θ) cos(φ) + a12 sin(θ) sin(φ) , (4.3)

where θ and φ are the azimuth and elevation angles, respectively, of the

steering direction and a1j are the first order coefficients for each orthogo-

nal dipole j [67, 72].

Small sources feature low-efficiency radiation at low frequencies, thus

having low SNR. This makes the differential array method to be most

commonly used in microphone arrays.

4.2 Beamforming

Beamforming is a method by which array gain is maximized in a specific

direction and reduced in others [73]. The directivity of a uniform linear

array (ULA) of M elements and inter-element separation d is determined

by

Γ(θ) =

M∑
m=1

w∗mej(m−1)kd sin(θ) , (4.4)

where wm contains the complex weights given to each element m of the

array and ej(m−1)kd sin(θ) represents the delay at each element m of the

array for a plane wave in the steering direction θ. Due to the symmetry

around the line array, θ is the angle of the steering direction with respect

to the axis of the array.
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Equation 4.4 resembles the equation of a finite impulse response (FIR)

filter, but where the delay is due to the spatial distribution of the array

elements. Hence beamformers are also known as spatial filters [74]. The

discretization of the spatial sampling causes adverse effects like grating

lobes and spatial aliasing due to constructive and destructive interference

between elements of the array. These effects can be reduced by random-

izing the location of the elements of the array and by forcing the inter-

element distance to comply with the Nyquist spatial sampling criterion

[74].

Delay-and-sum (DAS) is a method of beamforming where wm contains

only delays [74]. The directivity of the array can then be steered by ad-

justing the delays given to each element of the array. The method has

been typically used in public-address applications with line-loudspeaker

arrays for focusing the sound radiation in different zones of the audience

[75, 76, 77]. Furthermore, gain control can be introduced in wm (shad-

ing), which reduces grating lobes [76]. In conventional beamforming, the

weights wm contain constant gain and delay for all frequencies. This af-

fects the directivity index (DI) at low frequencies, where the phase differ-

ence between elements is small.

4.3 Synthesis of target directivity

The small DI at low frequencies can be increased by defining the beam-

former in the frequency domain. Thuswm may contain frequency-dependent

gain and delay, which leads to optimal beamformers [74]. In the discrete

frequency domain, the directivity of a source consisting of any array of M

elements can be expressed in matrix form as

Γ =WHA , (4.5)

where Γ∈ C
k×κ are the gains at frequency bin k for each direction κ,W ∈

C
M×k are the weights applied to each element of the array, andA ∈ C

M×κ

is the array manifold. The direction κ is function of the azimuth and

elevation angles (θ, φ) as in Eq. 4.3.

The matrix of weights W can be selected such that the beamformer

maintains a constant directivity across frequency, avoiding the small DI

at low frequencies of conventional beamforming [78, 79]. Furthermore,W

can be selected to reproduce a frequency-dependent arbitrary directivity

like that of musical instruments [80] . To do so, W can be determined as
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a minimization problem:

Wopt = argmin
w

{|ΓT −WHA|22
}
. (4.6)

The least-square solution for Eq. 4.6 is given by

Wopt = ΓTA
† , (4.7)

where ΓT is the target directivity and † represents the Moore-Penrose

pseudo-inverse.

The array manifold A contains all the information about the array, like

position, directivity, and orientation of each element of the array. For an

array of identical monopole sources, A contains only the delays between

array elements for a plane wave in the direction κ, which can be easily

computed. The array manifold can be also obtained by measuring the

array response [81, 82], and a method has been proposed that statistically

accounts for the uncertainties in the directivity of the array elements [83].

An example of the synthesis of source directivity using this method is

shown in Fig. 4.1.
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Figure 4.1. Comparison of measured and synthesized directivity using least-squares
method.

A small inaccuracy in A may cause large errors when determining W,

especially at low frequencies whereW acquires large values [84]. The ro-

bustness of the beamformer can be assessed by analyzing the white noise

gain (WNG), i.e., the ratio of the array response in the steering direction

to the total array response for spatially white noise [74]. The vector con-

taining the WNG for each frequency bin k is determined by

WNG = diag
{
(WHW)−1

}� diag
{|WHA|2} , (4.8)

where diag{·} is the operator for extracting the diagonal of a matrix and

� is the Hadamard product.
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Large values in W cause the WNG to decrease, thus limiting the per-

formance of the beamformer. To reduce this effect, a regularized inverse

can be applied to Eq. 4.7 using frequency-dependent approaches [85, 86]

as well as singular-value-decomposition approaches [87, 88]. However,

although limiting W improves the WNG, it consequently reduces the ac-

curacy in the synthesis of ΓT. Therefore, selecting the constraints forW is

a trade-off between good performance and achieving accurate directivity

synthesis [74].

The problem presented in Eq. 4.5 can be also solved using other basis

functions to decompose the source directivity. Circular harmonics has

been used to synthesize string instrument directivity with acoustic cen-

tering [89]. Beamforming in the spherical harmonics domain has been

typically used for compact spherical arrays of loudspeakers [90, 78, 91,

92, 61, 93]. Directivity synthesis using spherical harmonics has been

applied to synthesize room impulse response of directional sources [61],

room reflection analysis [82], active sound control applications [94], and

spatial sound reproduction [95]. To improve the limitations arising from

truncating of the spherical harmonic series, the use of radiation modes

has been also proposed [96, 97]. New spherical loudspeaker arrays have

been designed to improve directivity synthesis by increasing the number

of elements in the array [98] or by including different transducer sizes in

the same array [82]. Furthermore, multiple-in-multiple-out (MIMO) sys-

tems can be realized, thus permitting directivity control at the source and

receiver positions [99].
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5. Laser-induced air breakdown

The use of pulsed lasers to induce pressure waves in different media has

been researched for several decades. Stress waves generated by focusing

a laser beam on the surface of a liquid have been used in [100] to study

vaporization and thermoelastic processes. The acoustic impulse caused by

the laser-induced ablation on absorbing liquids has been studied in [101].

In [102], the optimization of the laser-induced pressure-pulse generation

has been investigated for transparent and opaque liquids. The propaga-

tion of acoustic waves induced by laser irradiation in solid medium has

been studied in [103], [104] and [105]. The use of pulsed laser irradiation

on solids as an ultrasound source has been studied in [106], where sev-

eral applications were described, like non-destructive testing and acoustic

imaging. Studies on gases have shown that focusing a high-energy pulsed

laser can produce the breakdown of gas molecules, generating a plasma

bubble or spark [107].

The research contained in this thesis focuses on the use of laser-induced

sparks as monopole sources in acoustic measurements in midair. In this

chapter, the phenomena behind the generation of such a spark are briefly

described. The acoustical characteristics of the laser-induced spark as a

monopole source are also presented.

5.1 Air breakdown generation using a pulsed laser

A laser is a device that can emit a coherent narrow beam of light. The

functioning principle of lasers is based on the light amplification produced

by the interaction of photons with excited atoms of a gain medium. This

allows the increase of light energy in a cavity filled with a gain medium

and enclosed by reflective walls, thus reflecting the light through the

medium several times. This process is called optical amplification [108].
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Finally, the light is released producing a light beam.

Although there are several types of laser devices, the pulsed neodymium-

doped yttrium aluminium garnet (Nd:YAG) laser has been the laser device

utilized in the work contained in this thesis. This type of laser uses a

Nd:YAG crystal to amplify the light energy and releases the light beam

using an optical switch producing a high-energy laser pulse of short dura-

tion (< 10 ns).

The breakdown process starts with the absorption of the light energy

by the air causing an abrupt temperature rise of thousands of degrees,

which generates a plasma bubble. This process is known as laser-induced

air breakdown (LIB). Light intensity exceeding a threshold of 1015W/m2,

causes air breakdown to occur. The local intensity IL is given by

IL =
E

AΔt
, (5.1)

where E is the laser pulse energy, A is the area of the laser beam at the

local position, and Δt is the pulse duration. Therefore, reducing A by

focusing the laser beam increases the light intensity, allowing laser beams

of reduced energy to exceed the air breakdown threshold. A pulsed laser

setup for air breakdown generation is presented in Fig. 5.1.

Pulsed Laser

L∆t

LIB

Figure 5.1. Laser-induced air breakdown setup. Δt is the pulse duration and L is the
focal length of the lens.

Experiments focusing a 1064-nm laser beam of 2 cm diameter using a

10 cm focal length lens shows that incident energies larger than 16mJ

were sufficient to ensure air breakdown [107]. However, using a different

focal length affects the laser pulse energy necessary to ensure air break-

down [109].

The plasma bubble is spherical in shape on formation, but it evolves

in a direction opposite to the laser beam, forming an ellipsoidal shape,

whose longer dimension is a function of the deposited energy [107, 110].

A length of approximately 5mm at 90 ns after plasma initiation has been

reported for plasma induction using a 220-mJ laser pulse [110]. After

the laser pulse deceases, the temperature at the breakdown point rapidly

decreases, and the plasma fades out after 100μs for an incident energy of

150mJ [111].
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5.2 Shock wave

The plasma generation is accompanied by a shock wave that propagates

spherically from the breakdown point with supersonic velocity [111]. The

shock wave is decoupled from the plasma 1μs after the breakdown, and

its propagation velocity drops down rapidly achieving the normal speed

of sound after 100μs for an incident energy of 150mJ [111]. The 100μs

time period represents a traveling distance of approximately 4 cm for an

incident 193-nm laser beam of 135mJ. This distance was calculated using

the velocities determined in [112].

The shock wave features a high-level pressure peak that saturates the

midair, thus producing non-linear propagation of the wave [32]. The peak

pressure of the acoustic impulse is a function of the deposited laser energy,

and peak pressure levels up to 181 dBmeasured at 3 cm from the LIB have

been reported [113]. Non-linear propagation of shock waves, also known

as N-waves, has been studied for several decades using strong electrical

sparks [19, 114, 115, 116, 117]. However, due to its smaller plasma size,

larger sound pressure, and better repeatability, LIB has been proposed as

a better source for studying non-linear propagation of shock waves, like

those produced by blasts or sonic booms [113].

The non-linear effects are nevertheless rapidly attenuated. The distance

after which one can consider linear propagation of the acoustic pulse is a

function of the initial pressure level. For a peak pressure level of 181 dB

measured at 3 cm, distance ranges of 1.5m were reported to still contain

non-linear propagation effects [113]. In contrast to the conclusions in

[113], results in Publication I and Publication III showed that linear prop-

agation can be assumed at shorter distances. For instance, although the

peak attenuation with distance in Publication I was found to follow sim-

ilar behavior to that found in [113], the frequency response of the pulse

presents linear attenuation over a wide range of the spectrum.

5.3 Acoustic characteristics

A fundamental characteristic of LIB is that it is massless, i.e., air break-

down can be induced from outside the acoustic system and the generated

plasma ball rapidly disappears. For instance, the laser beam can be fo-

cused through a transparent window as in Publication I and Publication

II or focused using a lens having a long focal length [109]. This avoids any
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influence of the source on the acoustic response of the system.

Although LIB is massless, its acoustic size is a function of the initial

pressure level and, consequently, of the extension of the shock wave. As

explained in Section 2.3, larger monopole sources require smaller surface

displacement to generate low frequency sounds. A larger initial peak pres-

sure level implies a larger extension of the propagating shock wave. Thus

the linear acoustic impulse is seen as being caused by a larger source.

Therefore, a strong LIB contains larger levels at low frequencies than a

weaker LIB, which is represented by an elongation of the pulse waveform

[118].

As any impulsive source, the LIB waveform consists of a short-duration

impulse, resulting in a compression of the medium, followed by a rarefac-

tion. The LIB waveform is very repeatable, as seen in Fig. 5.2 a), thus

permitting the use of averaging to improve the SNR. However, repeata-

bility of the LIB pulse can be an issue for low energy levels and long focal

lengths [109]. To reduce variability in the LIB pulse with low-energy laser

pulses, ablation on a small solid material has been also proposed [119].
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Figure 5.2. LIB acoustic characteristics: a) Pulse repeatability (20 pulses). b) Magnitude
response at 0.423m (solid), 0.876m (dotted), and 1.265m (dashed line) from
the LIB. c) Pulse energy as a function of direction between 0◦ and 90◦ in
octave frequency bands.

Like in the electrical spark, the magnitude response of LIB also shows a

6-dB decay towards low frequencies, nevertheless producing larger sound

levels. The magnitude responses of LIB measured at three different dis-

tances are illustrated in Fig. 5.2 b). The usable acoustic spectrum spans

from hundreds of Hz up to well above hundreds of kHz [113, 109]. The

bandwidth can be increased by using averaging. However, the use of LIB
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in impulse-response measurement of very large acoustic systems, like con-

cert halls, may be unreliable at low frequencies due to the large distances

and low sound energy of LIB at those frequencies.

The small size of LIB already suggests that LIB causes omnidirectional

radiation, which has been confirmed through directivity measurements in

Publication I (shown in Fig. 5.2 c)), Publication III and [109].

The characteristics of LIB resemble those of an acoustic point monopole

described in Section 2.3. For this reason, LIB has been proposed as a point

source for accurate calibration of microphone arrays [120] and impulse-

response measurements in reduced spaces [109], in addition to the re-

search contained in this thesis.
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6. Summary of publications

This section presents a summary of the contents of the publications in-

cluded in this thesis.

Publication I : "An optoacoustic point source for acoustic scale
model measurements"

In acoustical scale-model measurements, the size of the acoustic source

is of great importance. Due to the reduced dimensions of the model,

source dimensions also need to be reduced to maintain the point source as-

sumption. Publication I presents an initial study on the reliability of LIB

as an acoustic point monopole in the field of scale-model measurements.

Source characteristics of LIB like repeatability, directivity, and frequency

response were measured in order to confirm the monopole characteristics

of LIB.

The massless character of LIB was investigated in a practical case by

projecting LIB through the wall of an aquarium and measuring its im-

pulse response. The shape of the aquarium was rectangular, and the

glass walls produced very specular reflections. Thus the image-source

simulation of the aquarium produces an accurate impulse response. The

simulated impulse response was used to verify the point-monopole charac-

teristics of LIB. The results (see Fig. 6.1) showed great similarity between

the simulated and the measured responses, which confirms that LIB acts

like an acoustic point monopole.
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Figure 6.1. Simulated and measured impulse responses of an aquarium using LIB.

Publication II : "Benefits and applications of laser-induced sparks in
real scale model measurements"

In Publication II, the benefits that LIB characteristics introduce in real

scale-model measurements were investigated. A real 1:10 scale model of

the Dublin National Concert Hall was modified to contain the laser setup

below the stage, and the response of the model was measured using LIB,

an electrical spark, and a miniature spherical loudspeaker. The LIB was

projected through a glass window on the floor of the stage. Improvements

in the signal level with respect to the other sources were found. The re-

sponses of LIB and the electrical spark were extracted accurately from the

measured responses using deconvolution, but not for the spherical loud-

speaker due to its directional behavior at high frequencies. The massless

characteristic of LIB arose as an important feature, since it allows shift-

ing of the LIB without modifying the acoustic system. This is not possible

with the other sources because they feature a finite volume that must

be moved inside the model. Shifting the LIB between consecutive mea-

surements allows off-line combination of monopole sources into orthogo-

nal dipoles and averaged monopole signals. These signal were combined

to produce cardioid source directivity that was steered in order to scan the

model. The scanning was used to identify the origin of the first reflections

that arrive at the receiver, as depicted in Fig. 6.2.
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Figure 6.2. Identification of the direction of the reflective surfaces that cause the first
reflections arriving at the receiver by scanning the scale model using a com-
bination of spatially distributed LIBs.

Publication III : "Laser-induced acoustic point source for accurate
impulse response measurements within the audible bandwidth"

The research in Publication III investigates the characteristics of LIB that

were studied in Publication I and Publication II, but focuses now on the

audible bandwidth. The laser setup was installed inside a listening room

and a series of measurements were carried out to assess repeatability,

frequency response, linear propagation, and directivity within the audible

frequency range. The results show that LIB is very repeatable, and thus

averaging can be used to improve the poor SNR at low frequencies. The

improvement in SNR allows the use of deconvolution down to 100Hz, so

covering a large portion of the audible bandwidth.

The room impulse response was measured with LIB, a spherical loud-

speaker, and a directional loudspeaker. Removing the source response

using deconvolution shows that LIB produces a more accurate response,

where reflections are clearly separated, not attenuated due to source di-

rectivity, and source shadowing is avoided (see Fig. 6.3).

Publication IV : "Beamforming with a volumetric array of massless
laser spark sources – Application in reflection tracking"

A typical application of directional sources in room-impulse-response mea-

surements is to scan the room in order to track the origin of reflections.

This allows us to identify and study the reflective surfaces separately.

Publication IV investigates the use of a volumetric array of LIB in reflec-

tion tracking applications.

Due to the high time resolution and monopole nature of the LIB pulses,

an array of LIBs is ideal for applying DAS beamforming to the room im-
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Figure 6.3. Measured (dash line) and deconvolved (solid line) room impulse responses
using a spherical loudspeaker (top box), a directional loudspeaker (center
box), and LIB (bottom box).

pulse responses measured with the LIB array. The performance of the

beamformer was analyzed for the original LIB and for the deconvolved

responses, showing that the DI improves when deconvolution is applied

to the measured responses. The reflection tracking capabilities of the LIB

array were demonstrated by scanning the beam in the horizontal and ver-

tical planes to identify the reflections produced inside the room.

Publication V : "Auralization of source radiation pattern synthesized
with laser spark room responses"

The auditory impression of a source in a room can be elicited to a listener

through auralization. However, typical auralization methods are based

on convolving anechoic source sounds with room responses obtained from

measurements of sources with incorrect directivity, or from computer sim-

ulations where major characteristics of the room are not accurately repre-

sented. Publication V explores the idea of providing an accurate response

of the real room where the source directivity can be controlled. A frame-

work for controlled auralization of directional sources in real rooms is

proposed and evaluated. The framework is illustrated in Fig. 6.4. The

point-to-point response of the room for a set of source positions (source

array) can be combined using optimal beamforming techniques to match

any target source directivity. The resulting responses can then be used

for auralization using the preferred reproduction method.

The method presented in Fig. 6.4 was evaluated by measuring a room

using a volumetric array of LIBs. A least-squares optimization was uti-

lized to determine the beamforming filters for the array. Synthesized

44



Summary of publications

y

z

IR databank (4)Impulse responses (IR) measurements (4) 
mono, l=1

binaural, l=2

multichannel, l>2

other multi-channel
setups

x

z

x

directivity pattern design (3)

Feedback for directivity adjustment (7)

target directivity (1) IR databank (4)Impulse responses (IR) measurements (4) 
mono, l=1

binaural, l=2

multichannel, l>2

other multi-channel
setups

x

z

xxxxxxxxxxxxxxxxx

directivity pattern design (3)

Feedback for directivity adjustment (7)

positions

Evaluation (6)

y

z
points

(5) time-frequency transform

inverse time-frequency 
transform

Figure 6.4. Framework for auralization of directional sources in real rooms.

and original responses were compared, showing great similarity between

them. The results of formal listening tests showed that the proposed

method produces a close auditory impression to a reference auralization

of the target source.

45



Summary of publications

46



7. Conclusions

The characteristics of the LIB resembles those of a theoretical point monopole:

a source of infinitesimal dimensions and omnidirectional radiation that is

fully characterized by its strength. Due to its high energy, tiny dimen-

sions, wide frequency content, and short duration, LIB has been used

in different fields of research, like non-linear acoustics and ultrasounds.

This thesis presents a study of LIB as an acoustic point source in the

field of linear acoustics, especially for the measurement of the impulse

response of acoustic systems in midair.

Measurements in acoustic scale models requires that sound sources have

small dimensions, omnidirectional radiation, and sufficient sound energy

content in the scaled frequency range. The suitability of LIB as an acous-

tic source for scale-model measurements is investigated in Publication

I and Publication II. Publication I shows that LIB not only fulfills the

source requirements, but also avoids any effects due to the presence of

the source inside the model. The capability to externally generate the

acoustic excitation of the enclosed space is indeed a unique characteristic

of LIB. Hence, LIB is regarded as being massless. In Publication I, the

measured response of a model using LIB was compared to its computer

simulation assuming a point monopole source. The results are in excel-

lent agreement, thus confirming the monopole characteristics of LIB in a

reduced scale. The benefits that LIB can provide in comparison to typical

sources was investigated in Publication II, thus extending the research in

Publication I. A scale model of a concert hall was measured using LIB,

an electrical spark, and a miniature spherical loudspeaker, and a compar-

ison between the responses showed the better performance of LIB. The

greatest benefit, nevertheless, was the massless characteristic of LIB that

allowed the generation of an off-line array of monopole sources without af-

fecting the acoustic system. This permitted the synthesis of a controllable
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directional pattern used to identify the origin of early reflections.

A more challenging application is the use of LIB within the audible

bandwidth. Due to the 6-dB decay towards low frequencies in the mag-

nitude response, measurements using LIB suffer from low SNR at those

frequencies. Publication III investigates the reliability of LIB measure-

ments in the audible bandwidth. The high repeatability of LIB permits

the use of averaging to improve the SNR, and so enables the use of decon-

volution to accurately remove the source response from a measured room

response. The room response using LIB was found to be more accurate

than using a spherical loudspeaker and a directional loudspeaker since

directional and shadowing effects were avoided.

The point monopole characteristics of LIB were exploited in Publication

IV and Publication V to synthesize off-line controllable source directivity

using a volumetric array of LIB. Similarly to Publication II, in Publica-

tion IV, the origin of reflections were identified by scanning a synthesized

source directivity. In this case, however, the DAS method was applied,

showing the suitability of LIB for such an application. Publication V

presents the use of a volumetric LIB array and the least-square beam-

forming method to synthesize arbitrary source directivity in auralization

applications. The advantage of using LIB relies on the accuracy of the

measured room response, showed in Publication III, and in the simplicity

of using closely spaced monopole sources in the beamforming process. Al-

though beamformers using closely spaced array elements suffer from low

DI at low frequencies, natural sound sources also have low DI at these

frequencies, which permits accurate synthesis of the directivity.

The reduced SNR at low frequencies discourages the use of LIB in large

spaces if low frequencies are of interest due to the large distances to

the receiver position. Also the large averaging may extend the duration

of the measurement in excess. Since spherical loudspeakers behave as

monopoles at low frequencies, a combination of the two acoustic sources

may provide an accurate measurement of large spaces at all frequencies.

Furthermore, independently driven spherical loudspeakers can be used

to synthesize controllable directivity, thus encouraging the combination

of spherical loudspeakers and an array of LIB for synthesizing arbitrary

source directivity.

The use of double beamforming using MIMO systems, i.e., beamforming

at the source and receiver positions, can be also applicable, which is very

attractive as an auralization method for real rooms. Such a method en-
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ables the synthesis of arbitrary source directivity and arbitrary receiver

directivity inside the room. For instance, the sound of musical instru-

ments inside the room could be binaurally reproduced using individual

HRIRs of different listeners but the same set of measured room impulse

responses.

This work shows that LIB has some advantageous properties for acous-

tical measurements, however, the use of high-energy lasers rises big con-

cerns related to safety and usability. The use of high-energy lasers is

indeed dangerous outside controlled environments, and laser beams that

have been reflected several times can contain hazardous energy levels, es-

pecially for the eyes. Moreover, adjusting the focusing lens and the laser

device requires time, and it should be repeated if the setup is placed in a

new position, thus reducing the usability. To solve these concerns, future

research topics can be outlined here. A further possibility to develop the

system would be to enclose the laser beam in an optic fiber with integrated

focusing lens. This improves the usability and safety since the LIB can be

placed freely without readjustment of the setup and also the laser beam

would not propagate in the air. Furthermore, ablation on a small solid ob-

ject can be produced instead of LIB to avoid the propagation of the laser

beam after the focusing lens. Finally, if the LIB or ablation is enveloped

by an acoustically transparent material that stops light without affecting

the acoustic pulse, safety issues could be completely solved as the light

emitted by the laser would not propagate to the environment.
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Errata

Publication I

In this publication the term laser-induced pressure pulse (LIPP) is used

to name laser-induced breakdown (LIB). To maintain accordance with fol-

lowing publications LIPP should be substituted with LIB.
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