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Zusammenfassung

Line Source Arrays (LSAs) werden zur Beschallung großer Publikumsflächen eingesetzt
und zielen auf die Synthese von homogenen Schallfeldern im gesamten hörbaren Fre-
quenzbereich ab. Die verwendeten Lautsprecherboxen werden mit unterschiedlichen Nei-
gungswinkeln positioniert und / oder elektronisch gesteuert, um die beabsichtigte Abdeck-
ung der Zuschauerzonen zu gewährleisten und Abstrahlung in Richtung Decken, reflek-
tierenden Wänden oder Wohnbereichen zu vermeiden. Diese Masterarbeit zielt darauf
ab, einen bestehenden analytischen Optimierungsansatz in Übereinstimmung mit den
Beschränkungen kommerziell verfügbarer Line-Source-Array-Systeme für diskrete Nei-
gungswinkel nach dem Stand der Technik anzupassen. Eine Untersuchung verschiedener
kommerziell erhältlicher LSA-Systeme wird durchgeführt, um einen geeigneten Satz von
Winkeln zu bestimmen, die als Optimierungsziele verwendet werden können, gefolgt von
der Diskretisierung der resultierenden Neigungswinkel des Algorithmus. Als ein alter-
nativer Ansatz wird eine numerische Optimierung basierend auf der Goal-Attainment-
Methode auf die Neigungswinkel angewendet. Die Ergebnisse der verschiedenen Opti-
mierungsansätze werden mit Hilfe von technischen Qualitätsmaßnahmen verglichen.

Abstract

Line Source Arrays (LSAs) are used for large-scale sound reinforcement aiming at the
synthesis of homogenous sound fields for the whole audio bandwidth. The deployed
loudspeaker cabinets are rigged with different tilt angles and/or electronically controlled
to provide the intended coverage of the audience zones and to avoid radiation towards
the ceiling, reflective walls or residential areas. This thesis intends to adapt an existing
analytical optimisation approach for sets of discrete tilt angles in accordance to the re-
strictions of commercially available state of the art Line Source Array (LSA) systems. A
research into various commercially available LSA systems will be carried out to determine
a suitable set of angles to use as optimisation targets, followed by the discretisation of the
algorithm’s resulting tilt angles. As an alternative approach, a numerical optimisation
based on the goal attainment method will be applied to the tilt angles. The results of
the different optimisation approaches will be compared with the help of technical quality
measures.
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1 Introduction

1.1 Line Source Array systems

Loudspeaker arrays, especially line arrays, have found widespread use in both sound
system installations as well as live sound applications. Their ability to focus and to
direct sound at a much higher level than available with conventional sources allows, e.g.,
for more homogeneous sound fields, increased speech intelligibility in acoustically
difficult spaces and higher SPL in open-air scenarios where long distances must be
covered. Due to the complexity of this technology and the challenges of configuring line
arrays properly, the use of prediction tools such as EASE Software or CAPS Aiming
Software has become a standard approach in planning and commissioning portable line
arrays as well as digitally steered column loudspeakers. Increasingly, acoustic modelling
tools offer optimisation functions in order to shape the radiated sound field based on
the requirements given by the user instead of a time-consuming trial-and-error
approach. The two most popular approaches to shape the sound field of line source
arrays are the optimisation of the curving i.e. the tilt angles between cabinets
(Thompson, 2006), and the optimisation of the driving functions for the loudspeakers,
also known as electronic control (van Beuningen, 2000; Thompson, 2009; Feistel et al.,
2013). In order to set up such a system, the operator relies upon pre-calculated and in
situ configuration data compiled using the manufacturer’s unique and proprietary
processes, as well as adjusting the pre-EQ, high pass filtering, array gain, etc.

The curving and electronic control of line arrays for improved sound reinforcement
for large audience surfaces lacks a standard procedure. Both pure geometric and pure
electronic wave front shaping as well as combinations thereof are realised. As the
process for mixed geometric-electronic optimisations typically starts with the LSA
curving, the numerical optimisation is preceded by the optimisation of the cabinet tilt
angles. This could be taken as a primary stage for the optimisation of the loudspeakers
driving functions, i.e. for the calculation of the FIR filter coefficients, or could also be
applied for uniformly driven line arrays without further computation. The geometric
optimisation takes several factors into account, such as the LSA setup, venue geometry
and curving scheme, which can be numerically or analytically optimised. There are
several approaches for the optimisation of LSA tilt angles based on numerical
(Thompson, 2006; Thompson, 2008) as well as analytical methods (Straube et al. 2017).
These algorithms result in a series of tilt angles that provide the desired sound field.

Unfortunately, due to structural reasons, there is a limited number of realisable tilt
angles for most LSA cabinets, the value of which depends on the brand of the system
used. In this thesis, an analysis of the tilt angles used by several different commercially
available state of the art LSA systems will be presented, followed by an adaptation of
the PALC algorithm used by Straube et al. (2017) to generate the best possible set of
tilt angles including the possibility of applying the multi objective goal-attainment
method, first described by Gembicki et al. (1975), for the optimisation of the tilt angles.
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1.2 State of the art

Scheirman, D. (2015) presents a comprehensive analysis of the advancements carried out
in the field of large scale loudspeaker arrays throughout the years until the present. For
example, during the 1980’s, as portable large-scale sound reinforcement systems became
more powerful and prevalent, they were considered to be more useful if the directivity
was electronically adjustable by varying the signals applied to its discrete elements.
Meyer, D. (1982) observed that the directivity of an array of loudspeakers could be
controlled digitally by means of varying the amplitude and group delay as a function of
frequency, and varying the gain of the composite elemental signal. Already in 1994 at
the AES 13th Conference (Computer-Controlled Sound Systems) a hypothetical future
“smart” loudspeaker array system was discussed. This loudspeaker array system would
require advances in different areas of research and development such as control network,
digital audio transport and software user interface. In order to design such a system,
developers should understand how groups of multiple identical enclosures perform when
assembled into large-scale arrays, as well as having purpose-built on-board electronic
modules available for processing and feeding power to each transducer. He identifies
three basic system electronics formats for the assembly of LSAs which are still in use
today: traditional with centralised DSP, networked intelligent amplifiers driving passive
loudspeakers, and DSP-enabled powered loudspeakers. The latter systems are best
equipped for the most intuitive control and acoustical performance resolution, due to
the electronics’ close proximity to the individual transducers. Also at the AES 13th
Conference, Forsythe, K. et al. (1994) introduced the “beam steering” technique within
individual enclosures, by means of applying differing amounts of delay to drivers
covering the same frequencies. The interaction of these signals allow variances of
coverage angle and major axis of the output of the device.

The creation of system-specific algorithms broadened the horizon in terms of sound
field control. Based upon actual LSA measurements and then modified and
incrementally improved from data gathered during field operation, adaptive algorithms
can be applied to all types of filter circuits useful in audio circuit applications (Avalos,
J. et al., 2011).

Scheirman, D. (2015) writes as a conclusion to his analysis of the history of LSA
research: “Over the past years, the ever-increasing power of digital signal processing has
resulted in on-board electronics suitable for use in highly sophisticated loudspeaker
arrays with venue-adaptive control and configuration elements. Along with modular
amplification, computer control and networked audio technologies, this now enables the
design and use of “smart” loudspeaker arrays, designed to self-configure for each
acoustic environment in which they are used. With discrete enclosures able to alter
their electroacoustical output in coordination with other identical, adjacent modules in
the array, a new discipline of speaker array design that incorporates electronic
beam-steering has been established for top-tier use in professional portable system
deployments”.

Keele, D.B. (2000) applies the broadband Constant Bandwidth Transducer (CBT)
theory, originally applied to underwater transducers by the military, in order to improve
the sound field uniformity and directivity of LSAs. Here, the transducer is a continuous
Legendre-shaded spherical cap and the applied Legendre shading is independent of
frequency. The CBT provides nearly perfect polar behaviour with extremely low
side-lobes and constant directivity over a very wide frequency range above a certain
cutoff frequency. In Keele, D.B. (2002) he describes a method of designing CBT
systems that are based on straight-line and flat-surface array configurations, rather than
the required circular arcs and curved surfaces. This is achieved by means of processing
each channel with different signal delays and power amplifiers.

The directional characteristics of the J and progressive LSA systems are analysed
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in Ureda, M.S. (2001) by derivation of their directivity functions and polar responses.
Other types of spiral arrays are proposed in this publication, for instance a geometric
rate of curvature instead of the arithmetic spiral presented. This analysis is more
thoroughly carried out in Ureda, M.S. (2004), where in-depth mathematical models are
provided to estimate the polar response, on-axis pressure response, and pressure fields
of straight, curved (arc), J, and progressive LSAs. In this paper, Ureda, M.S. proves
how J and progressive LSAs have asymmetrical polar responses in the vertical plane,
which is useful in many venues. Furthermore he shows how progressive arrays produce
vertical polar response that is exceptionally constant with frequency over a very wide
bandwidth. He also provides a model showing the effect of gaps in LSAs introduced by
the thickness of the loudspeaker enclosure construction material, proving that at high
frequencies the side-lobe structure changes materially with the gap length. Finally,
modelled results are compared to measured polar response data for two different LSAs,
showing that the models produce very good estimates of actual performance for a wide
variety of array types across an extended frequency range of interest.
Studies such as Feistel et al. (2013) show how based on acoustic simulation, numerical
optimisation of the LSA configuration, particularly of FIR filters, achieves substantial
improvements in sound field uniformity and output SPL adding a new level of
flexibility. New radiation characteristics can be established, which improve sound field
homogeneity and output SPL. Feistel tackles the spatial resolution of driven sources,
the number of FIR coefficients and the quality of loudspeaker data by presenting
real-world case studies based on measurements and simulations.

To this day, many LSA systems with computer control, network connectivity, a
comprehensive software user interface, and beam steering capabilities are commercially
available. Each one of these systems can alter its directivity (and therefore its coverage
pattern) by electronic means. Some achieve this through a combination of variable
inter-cabinet splay angles and beam steering once the array is mechanically configured.
Others do so through purely electronic means, without adjusting the individual
loudspeaker cabinets. In one of the first attempts to automatise the optimisation of
LSA splay angles, Thompson (2006) proposes a pattern search algorithm as described in
Audet, C. et al. (2000) and Dennis, J.E. et al. (1994), which uses the target SPL along
the audience plane section as objective function for the algorithm, i.e. a measure of
performance. A target shape is set by choosing a “mix” position and the levels relative
to this position at the extremes of coverage on the Polygonal Audience Line (PAL).
Between each extreme point and the mix position the target pressure has a constant
gradient, typically dropping progressively in amplitude with increasing distance from
the array. The major setback of this method is the radiation model, only reliable at
frequencies between 200 Hz and 12,5 kHz. This is improved in Thompson (2008),
including complex transfer functions as targets in the optimisation algorithm, which
improve the control of the response throughout the audience. Thompson introduces
here a software solution in the form of a Java application using an exported library of
MATLAB functions, which would later become Martin Audio’s Display software. This
method offers good results over a wide bandwidth, with the disadvantages of adding a
high computational load and once again not taking into account environmental factors
like wind or temperature gradients. Other manufacturers have also developed
commercially available software based on algorithms applied to both LSA tilt angle and
FIR filter optimisation, e.g., d&b’s ArrayCalc, AFMG’s FIRmaker or EAW’s Resolution
2. The specific algorithms used by these software applications remain undocumented by
the manufacturers.

Further studies like Feistel et al. (2013) and Thompson et al. (2011) focus more on
electronic beam steering by means of a numerical optimisation of the loudspeakers’
driving functions. These studies do not go into detail as in how a certain target output
in the audience is achieved, for example a constant SPL or a level gradient along the
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audience line, as it would naturally occur when increasing the distance of the source.
The Polygonal Audience Line Curving algorithm by Straube et al. (2017) offers an

analytical approach for the optimisation of LSA tilt angles based on the geometry of the
receiver area and the intended coverage, aiming at improved sound field homogeneity
and target-oriented radiation. This algorithm proves to be faster and more efficient
than the numerical approaches. The resulting tilt angles take an infinite number of
values that make them unsuitable in terms of its application to commercially available
LSAs, which due to structural reasons, only accept a limited amount of discrete tilt
angles. Therefore, a research into the splay angles used by standard, commercially
available LSAs and the extension of the algorithm to seek only among this set of angles
becomes relevant and will be tackled in this thesis.
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2 PALC algorithm

2.1 Requirements

The Polygonal Audience Line Curving algorithm can be used with different objectives,
such as a constant interaction between adjacent cabinets with respect to the receiver
geometry or by additionally considering amplitude attenuation. Acoustic simulations
based on the complex-directivity point source (CDPS) model (van Beuningen, 2000,
10-12) including far-field radiation patterns of baffled line and circular pistons provide
the data for an evaluation of the introduced approach. In this thesis, four different LSA
systems are analysed for four concert venues. The analytical optimisation of the tilt
angles used by this algorithm is tackled in the following subsections.

2.2 Calculation model

When modelling multi-way cabinets, the total sound pressure is composed of the sound
pressures of the different frequency bands, i.e.

P (m,ω) = PLF(m,ω) + PMF(m,ω) + PHF(m,ω). (1)

Since the calculations are performed separately for each frequency band with a
subsequent summation, the frequency band indices (LF, MF, HF) are omitted for
generalisation in the following equations. The sound field prediction is based on a
CDPS model of baffled piston far-field radiation patterns. Its fundamental equation
[Meyer, D.G. (1984), Eq. (5)], [van Beuningen et al., Eq. (3-5)], [Meyer, P. (2003), Sec.
1.1], [Feistel et al. (2009), Eq. (11)] reads

P (m,ω) =

LN∑
i=1

G(m, i, ω)D(i, ω). (2)

P (m,ω) denotes the sound pressure spectrum at the receiver position xm with
[P (m,ω)] = 1Pa/Hz. G(m, i, ω) terms the acoustic transfer function (ATF) from the
i-th source to the m-th receiver position. The complex driving function spectrum
D(i, ω) with [D(i, ω)] = 1Pa/Hz of the i-th source is directly proportional to the
source’s velocity spectrum.

Eq. (2) is modified including a loudspeaker sensitivity standardisation in order to
obtain realistic absolute sound pressure levels (SPLs). Therefore G(m, i, ω) is
considered as a scaled ATF

G(m, i, ω) = Hpost(β(m, i), ω) · e
-jω
c
|xm−x0,i|

(
|xm−x0,i|

m )
· ( p0

Pa
) · 10

1
20

(
SdB(i,ω)
dBSPLm

W

)
(3)

being composed of a specific far-field radiation pattern Hpost(β(m, i), ω), the

4π-discarded free-field 3D Green’s function e
-jωc |xm−x0,i|

|xm−x0,i| (i.e the ideal point source), the
reference sound pressure p0 that commonly amounts to 2 · 10−5 Pa in air, and the
loudspeaker sensitivity SdB(i, ω) specifying the SPL in 1 m distance for an electrical
input power of 1 W. The sensitivity is assumed to be constant for all drivers and all
frequencies per frequency band, i.e. SdB(i, ω) = SdB. The driving function D(i, ω)
consists of the signal input spectrum Din(i, ω) with [Din(i, ω)] = 1Pa/Hz, the complex
optimised filter Dopt(i, ω) with [Dopt(i, ω)] = 1 and the complex frequency band
crossover as well as high-/lowpass filter Dxo(ω) with [Dxo(ω)] = 1, thus

D(i, ω) = Din(i.ω)Dopt(i, ω)Dxo(ω). (4)
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As this thesis is exclusively focused on the curving of the LSA cabinets, only uniformly
driven sources are considered, i.e.

Dopt(i, ω) = 1 ∀i and ∀ω. (5)

The far-field radiation pattern of the baffled circular piston with a constant surface
velocity is [Skudrzyk, E. (1971), Eq. (26.42)]

Hpost,circ(β, ω) =
2J1(ωcR sinβ)

ω
cR sinβ

, (6)

denoting the cylindrical Bessel function of 1st kind of 1st order as J1(·) [Olver, F.W.J.
et al., Eq. (10.2.2)]. The line piston models an ideal waveguide for the HF band and its
far-field radiation pattern can be written as [Skudrzyk, E. (1971), Eq. (26.44)]

Hpost,line(β, ω) =
sin(ωc

Λy
2 sinβ)

ω
c

Λy
2 sinβ

. (7)

Note that these patterns exhibit main lobe unity gain (i.e. 0 dB for β = 0) in order
to control the energy radiated by the pistons via the assumed sensitivities. In line with
this modelling, air absorption is neglected, a constant velocity of sound (c = 343 m/s)
and for the modelled sources infinite, straight baffles and a constant surface velocity are
assumed. The sound field predictions are performed for a logarithmically spaced
frequency vector with fstart = 200 Hz, fstop = 20 kHz and 1/36 octave resolution.

2.3 Geometric setup

Fig. 1 represents the PAL with K sections [k = 0, 1, 2, ...,K]. These line sections are
covered by N LSA cabinets with n = 1, 2, ..., N . The polygonal audience line is
therefore divided into N segments that represent the main radiation area of the LSA
cabinets. Γn denotes the length of the n-th segment with the distance Γn,1 from the top
to the centre position and Γn,2 from the centre to the bottom position of the segment,
i.e. Γn = Γn,1 + Γn,2. the total length of the covered audience line sections can be
concluded from

Γ =

n=N∑
n=1

Γn. (8)

The positioning of the cabinets will consider the distances of the different positions
from the sources and the desired sound field. Thus, the product of the coverage angles
ψn and the distances from the source to the receiver positions must be constant. It
seems to be reasonable to either specify the coverage angles ψn and to modify the
number of the applied LSA cabinets depending on the covered length Γ of the polygonal
audience line or to specify the actual length Γ and to determine the appropriate
(constant) coverage angles ψn. Note that for the tilt angles of commercially available
LSAs only discrete values can typically be set. This analytical approach will be further
improved by adding weights for the different audience positions according to the
distance and the desired sound field. The different audience areas are indexed from the
bottommost/nearest to the topmost/ farthest audience positions. In order to compute
the position and the tilt (γn) of each LSA cabinet, it is necessary to start with the
uppermost cabinet and compute iteratively from top to bottom.

13



x

y

0

ε4

ε2

ε1

ε5 = 0

ε3 = 0

xpal,5

xpal,4

xpal,3

xpal,2

xpal,1xpal,0

Figure 1: PAL with K sections (in this case: K = 5). The start position of the k-th
line section is specified by the vector xpal,k−1 and the stop position is given by the vec-
tor xpal,k. εk denotes the tilt angle of the k-th line section.

2.4 LSA setup

The LSA setup and the geometry under discussion is schematically depicted in Fig. 2.
A total number of N = 16 LSA cabinets with n = 1, 2, ..., N is used. The front grille’s
height Λy,LSA of a single LSA cabinet is set to 0.372 m resulting in an overall LSA
length of ca. 5.96 m. The front grille top and bottom coordinates (xt, yt) and (xb, yb)
respectively of the individual cabinets are given as(

xt,n
yt,n

)
=

(
xH
yH

)
−
µ=n−1∑
µ=1

Λy,LSA

(
sin γµ
cos γµ

)
(9)

(
xb,n
yb,n

)
=

(
xH
yH

)
−
µ=n∑
µ=1

Λy,LSA

(
sin γµ
cos γµ

)
(10)

using xH and yH as the initial front grille top position of the top LSA cabinet (n = 1)
and the individual tilting angles γn. Detailed information on the geometric
configuration can be found in Straube et al. (2015a) and Straube et al. (2015b).

The LSA is built from multi-way cabinets, each modelled with LLF, LMF, LHF
vertically stacked, individually controlled drivers for the low, mid and high frequency
band (LF, MF, HF). With (9) and (10) the front grille centre position of the i-th LSA
driver is given as

x0,i =

(
x0,i
y0,i

)
=

(
xt,n
yt,n

)
+
l − 0.5

L

(
xb,n − xt,n
yb,n − yt,n

)
, (11)

using l = 1, 2, ..., L and i = (n− 1) · L+ l for L = {LLF, LMF, LHF} with respect to the
different frequency bands.
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Figure 2: Sketch of the LSA setup under discussion. A total of N LSA cabinets of the
height Λy,LSA is used.

The Active Radiating Factor (ARF) is used to specify the piston dimensions – i.e.
the circular piston radius R and the line piston length Λy – related to the fixed distance
between adjacent piston centres

∆y =
Λy,LSA

L
. (12)

The ARF of a line piston reads

ARFline = α =
Λy
∆y

0 ≤ α ≤ 1, (13)

and the ARF for a circular piston can be written as

ARFcirc =
π

4
α2 =

π

4

(
2R

∆y

)2

0 ≤ α ≤ 1. (14)

Note that ARFcirc is in fact a ratio of surface areas (ARFcirc 6= α), whereas a ratio of
line lengths is defined for the line piston (ARFline = α). Different LSA systems in the
market use different amounts of pistons for each cabinet with different circular piston
radiuses and line piston lengths. Furthermore, the distance between adjacent piston
centres also varies, thus the value of these ARFs are subject to variation.

2.5 Venue geometry

Two multi-stand arenas, one of them taken from Thompson et al. (2011, Sec. 6.1), one
open-air amphitheater as presented by Schultz, F. (2016, Sec. 4.2.2) and a simple
outdoor audience surface with audience and non-audience sections, i.e. zones to be
covered and zones to be avoided, are modelled by two dimensional slice representations.
The first multi-stand arena slice representation consists of four audience lines with
different tilt angles, the second multi-stand arena resembles the new Calderón football
stadium in Madrid and consists of six audience lines with different tilt angles. Both of
these venues typify a rather complex source-receiver configuration. The open-air
amphitheater resembles the Waldbuehne in Berlin and is composed of two audience
lines with different tilt angles for the sake of simplicity. The second outdoor venue
consists of one horizontal audience line only and resembles a generic outdoor music
festival situation. Both of these venues conform to extreme long-throw applications. In
this thesis, near-fills, side-fills and delayed arrays that are routine in practical
realisations are not considered. Only the xy-plane is considered for vertical radiation,
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Figure 8: Sketch of one section of the polygonal audience line with the n-th segment
including only one section. The line section is not changed.

2.6 One section in Polygonal Audience Line

The length h1 can be geometrically calculated by, cf. Fig. 8,

h1 = |xa,t,n − xc,n|
sinψn

sin(90◦ + εk − γn)
= |xa,t,n − xc,n|

sinψn
cos(εk − γn)

. (15)

The centre position of the current segment is therefore

xa,c,n = xa,t,n + h1

(
cos εk
sin εk

)
(16)

and hence the segment’s half length

Γn,1 = h1. (17)

h2 can be written as

h2 = |xa,c,n − xc,n|
sinψn

sin(90◦ + εk − γn − ψn)
= |xa,c,n − xc,n|

sinψn
cos(εk − γn − ψn)

. (18)

The bottom position of the current segment is therefore

xa,b,n = xa,c,n + h2

(
cos εk
sin εk

)
(19)

and hence the segment’s half length

Γn,2 = h2. (20)
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2.7 Multiple sections in Polygonal Audience Line

2.7.1 Centre position on current section
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11 : 90◦ + εk − γn − ψn

Figure 9: Sketch of two sections of the polygonal audience line with the n-th segment
including both sections. The line section is changed between the centre and the bottom
position of the segment, case (a) in 3) and 5).

The condition
h1 ≤ |xa,t,n − xpal,k−1| (21)

holds, i.e. the section of the polygonal audience line is not changed. The centre position
of the current segment can be calculated with

xa,c,n = xa,t,n + h1

(
cos εk
sin εk

)
(22)

and hence the segment’s half length

Γn,1 = h1. (23)

On the other hand, equation

h2 > |xa,c,n − xpal,k−1| (24)

is valid. The segment angle ψ̃n has to be calculated with

|xa,c,n − xpal,k−1|
|xa,c,n − xc,n|

=
sin ψ̃n

cos(εk − γn − ψ̃n)
. (25)
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The length h̃2 of the segment is

h̃2 = |xpal,k−1 − xc,n|
sin(ψn − ψ̃n)

cos(εk−1 − γn − ψn)
, (26)

and the bottom position of the current segment can be written as

xa,b,n = xpal,k−1 + h̃2

(
cos εk−1

sin εk−1

)
, (27)

and hence the segment’s half length

Γn,2 = |xa,c,n − xpal,k−1|+ h̃2. (28)

2.7.2 Centre position on next section
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Figure 10: Sketch of two sections of the polygonal audience line with the n-th segment
including both sections. The line section is changed between the top and the centre
position of the segment, case (b) in 3) and 5).

The condition
h1 > |xa,t,n − xpal,k−1| (29)

holds, i.e. the section of the polygonal audience line is changed. The segment angle ψ̃n
has to be calculated with

|xa,t,n − xpal,k−1|
|xa,t,n − xc,n|

=
sin(ψn − ψ̃n)

cos(εk − γn + ψ̃n)
. (30)
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The length h̃1 of the segment is

h̃1 = |xpal,k−1 − xc,n|
sin ψ̃n

cos(εk−1 − γn)
(31)

and the centre position of the current segment can be written as

xa,c,n = xpal,k−1 + h̃1

(
cos εk−1

sin εk−1

)
(32)

and hence the segment’s half length

Γn,1 = |xa,t,n − xpal,k−1|+ h̃1. (33)

On the other hand, equation

h2 ≤ |xa,c,n − xpal,k−1| (34)

holds as well. The bottom position of the current segment can be calculated with

xa,b,n = xa,c,n + h2

(
cos εk
sin εk

)
, (35)

and hence the segment’s half length

Γn,2 = h2. (36)

2.8 Calculation of the tilt angles

Starting with n = 1 and k = K. n is increased, k is decreased.

1. Compute the tilt angle γn of the n-th LSA cabinet from the slope

tan(−γn + ψn) =
ya,t,n − yc,n

xa,t,n − xc,n
(37)

with

xc,n =

(
xc,n
yc,n

)
=

(
xt,n
yt,n

)
−
Λy,LSA

2

(
sin γn
cos γn

)
(38)

and (
xt,1
yt,1

)
=

(
xH
yH

)
(39)

and
xa,t,1 = xpal,K (40)

with the front grille’s height Λy,LSA of an LSA cabinet, the mounting positions xH
and yH of the topmost LSA cabinet and the top position of the K-th (topmost)
audience section.

2. Compute the centre position xc,n [n = 1, 2, ..., N ] of every LSA cabinet with eq.
38.

3. Compute the length h1 with

h1 = |xa,t,n − xc,n|
sinψn

cos(εk − γn)
. (41)

We consider two cases:
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(a) Equation

h1 ≤ |xa,t,n − xpal,k−1| (42)

holds, i.e. the section of the polygonal audience line is not changed, cf. Sec.
2.7.1 and Fig. 9. The centre position of the current segment can be
calculated with

xa,c,n = xa,t,n + h1

(
cos εk
sin εk

)
(43)

and hence the segment’s half length

Γn,1 = h1. (44)

(b) Equation
h1 > |xa,t,n − xpal,k−1| (45)

holds, i.e. the section of the polygonal audience line is changed, cf. Sec. 2.7.2
and Fig. 10. The segment angle ψ̃n has to be calculated with

|xa,t,n − xpal,k−1|
|xa,t,n − xc,n|

=
sin(ψn − ψ̃n)

cos(εk − γn + ψ̃n)
. (46)

The length h̃1 of the segment is

h̃1 = |xpal,k−1 − xc,n|
sin ψ̃n

cos(εk−1 − γn)
(47)

and the centre position of the current segment can be written as

xa,c,n = xpal,k−1 + h̃1

(
cos εk−1

sin εk−1

)
(48)

and hence the segment’s half length

Γn,1 = |xa,t,n − xpal,k−1|+ h̃1. (49)

4. Update k, i.e. k is not changed if the section of the polygonal audience line was
not changed (3, case (a)). k has to be decreased by 1 if the section of the
polygonal audience line was changed (3, case (b)).

5. Compute the length h2 with

h2 = |xa,c,n − xc,n|
sinψn

cos(εk − γn − ψn)
(50)

we again consider two cases:

(a) Equation
h2 > |xa,c,n − xpal,k−1| (51)

holds, i.e. the section of the polygonal audience line is changed, cf. Sec. 2.7.1
and Fig. 9. The segment angle ψ̃n has to be calculated with

|xa,c,n − xpal,k−1|
|xa,c,n − xc,n|

=
sin ψ̃n

cos(εk − γn − ψ̃n)
. (52)
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The length h̃2 of the segment is

h̃2 = |xpal,k−1 − xc,n|
sin(ψn − ψ̃n)

cos(εk−1 − γn − ψn)
(53)

and the bottom position of the current segment can be written as

xa,b,n = xpal,k−1 + h̃2

(
cos εk−1

sin εk−1

)
(54)

and hence the segment’s half length

Γn,2 = |xa,c,n − xpal,k−1|+ h̃2. (55)

(b) Equation
h2 ≤ |xa,c,n − xpal,k−1| (56)

is valid, i.e. the section of the polygonal audience line is not changed, cf. Sec.
2.7.2 and Fig. 10. The bottom position of the current segment can be
calculated with

xa,b,n = xa,c,n + h2

(
cos εk
sin εk

)
(57)

and hence the segment’s half length

Γn,2 = h2. (58)

6. Update k, i.e. k is not changed if the section of the polygonal audience line was
not changed (5, case (b)). k has to be decreased by 1 if the section of the
polygonal audience line was changed (5, case (a)).
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3 Modification of the PALC algorithm

3.1 Discretisation of the inter-cabinet angles

The purpose of this chapter is to present the modification of the PALC algorithm for its
application on commercially available LSA systems. The first step is to research the
market and come up with a representative selection of LSA systems; the systems are
chosen focusing on having the most varied set of inter-cabinet angles possible available.
In order to adapt the PALC algorithm to use only inter-cabinet angles provided by the
selection of LSAs available, the LSA models and their inter-cabinet angles are entered
in the algorithm. A rounding algorithm is added to the code in order to round the
inter-cabinet angle values resulting from the PALC algorithm to the possible values
offered by each of the LSAs. There are three basic rounding methods that can be
applied to the resulting inter-cabinet angles:

Round: round to nearest inter-cabinet angle

Floor: round to nearest inter-cabinet angle that is smaller than the value

Ceil: round to nearest inter-cabinet angle that is larger than the value

In order to find an optimal solution, not only should the different LSA systems be
compared with one another, it should also be tested which rounding method works best
with which system. Thus, the results of the algorithm will be evaluated using each of
the LSA systems in combination with each of the rounding methods presented for each
of the four venues shown in Fig. 7.

LSA System Inter cabinet angles
Martin Audio MLA 0, 0.5, 1, 2, 3, 4, 5, 6, 7.5
DB J-Series 0, 1, 2, 3, 4, 5, 6, 7
Meyer LEO 0, 0.5, 1, 1.5, 2, 2.5, 3, 4, 5
Meyer LYON 0, 0.5, 1, 1.5, 2, 3, 4, 5, 7, 9
Adam Hall LD VA 8 0, 1, 2, 3, 4, 5, 6
Adamson E12 0, 0.5, 1, 2, 3, 4.5, 6.3, 8
Adamson E15 0, 0.3, 0.6, 1.3, 2, 3.1, 4.4, 6
Alcons LR28 0, 0.1, 0.15, 0.24, 0.38, 0.6, 0.95, 1.5, 2.4, 3.8, 6
Alcons LR18 0, 0.5, 0.7, 1, 1.4, 1.9, 2.7, 3.7, 5.2, 7.2, 10
JBL V25 11 1, 2, 3, 4, 5, 6, 7, 8, 9, 10
Yamaha NEXO STM M46 0.2, 0.5, 1.2, 2.5, 5, 7, 10
L’Acoustics K1 0, 0.5, 1, 1.5, 2, 2.5, 3, 4, 5
General set 0, 0.5, 1, 2, 3, 4, 5, 6

Table 1: Every possible inter cabinet angle offered by several standard LSA system
models.

The table above shows how the number of possible inter-cabinet angles is limited
to a minimum of 7 and a maximum of 11 different angles per model for the systems
ADAM HALL LD VA 8 and ALCONS LR28 respectively. As mentioned before, the
discretisation of the LSA inter-cabinet angles is carried out for practical purposes, thus
allowing the PALC algorithm to be conveniently applied to most industry standard
LSA systems.

Straube et al. (2017) evaluates the PALC algorithm for two goals:
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PALC1 incorporates the goal of an invariant interaction between adjacent
cabinets so that the radiated sound of the different sources overlap at a constant
coverage angle φ in the far-field of the individual sources. This constraint simply reads

φ1 = φ2 = φ3 = const. (59)

PALC1 is similar to an arc array but the goal does not refer to the array itself, i.e.
constant splay angles between all cabinets, but it refers to the shape of the receiver
geometry.

PALC2 considers the distances of the different positions from the sources and the
desired sound field. It demands a constant product of the coverage angle φ and the
distance from the source to the receiver positions, i.e.

tanφ1 · |xa,c,1 − xc,1| = tanφ2 · |xa,c,2 − xc,2| = ... = const. (60)

For small φn, (60) arises from a simplification of attaining a constant length Γn for all n
segments. The PALC2 constraint should not be confused with the Wavefront Sculpture
Technology criterion #4 (Urban, M. et al., 2003, p. 929).

The discretisation of the inter-cabinet angles will be evaluated under the condition
PALC2, i.e. considering the distance from the source to the receiver positions, as it is
proven in Straube et al. (2017) that this condition yields more appropriate results than
PALC1. The discretisation and rounding of inter-cabinet angles is carried out with the
tilt angle of the first (uppermost) cabinet as the reference. The tilt angle of the first
cabinet can be specified at will by the mounting technician and the following cabinets
are tilted according to the possible inter-cabinet angles offered by each LSA system.

3.2 Optimisation of the curving of LSAs by means of the goal attain-
ment method

The purpose of this chapter is to present a method for optimising the curving of LSA
systems, namely a numerical optimisation, as an alternative method to the analytical
optimisation described by Straube et al (2017). In the context of this thesis, the
numerical optimisation can be applied either after the discretisation of the LSA’s
inter-cabinet angles or as an alternative method to further optimise the curving of the
LSA.

3.2.1 Multiobjective optimisation

Multiobjective optimisation (also called multiobjective programming, multi criteria
optimisation, multi attribute optimisation or Pareto optimisation) belongs to the field
of multiple criteria decision making, which deals with mathematical optimisation
problems that involve multiple objective functions to be optimised at the same time.
More specifically, multiobjective optimisation is applied in situations where trade-offs
between two or more conflicting objectives exist. This method reflects real life problems
more adequately, in which there is often a vector of objective functions
F (x) = [F1(x), F2(x), ..., Fm(x)] that needs to be traded off in some way. The purpose of
multiobjective optimisation is to minimise a vector of objectives F (x) which can be the
subject of a number of constraints. This is expressed, in mathematical terms, as follows:
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minimise F (x)

x ∈ <n

Gi(x) = 0, i = 1, ...,me (61)
Gi(x) ≤ 0, i = me + 1, ...,m

xl ≤ x ≤ xu

It is important to note that if any of the elements of F (x) are competing, then
there are multiple solutions to the problem. In this case, the concept of Pareto
optimality or non-inferiority must be used in order to characterise the objectives:
non-inferiority refers to solutions where an improvement in one of the objectives
requires a degradation of the other. Consequently, for any solution that is not
non-inferior there is a possibility of improvement in all the objectives. This means that
such a solution has no value for the process. Therefore, the process of multiobjective
optimisation is only concerned with the generation and selection of non-inferior
solutions, for which there are several different techniques found in the literature. In this
thesis, the chosen technique is the goal attainment method, first utilised by Gembicki et
al. (1975) for solving technical optimisation problems.

3.2.2 Goal attainment method

Numerical optimisation by means of the goal attainment method has already been
applied, among others, by Thompson et al. (2011) for optimising the LSA’s cabinets
driving functions. The purpose of this section is to test the goal attainment method in
the context of geometric optimisation of LSAs.

In the goal attainment method, a set of design goals F ∗ = [F ∗1 , F
∗
2 , ..., F

∗
m] is

defined and associated with a set of objectives, F (x) = [F1(x), F2(x), ..., Fm(x)]. The
fact that it is possible for the objectives to be under- or overachieved allows the
designer a relative freedom when defining the initial design goals. The under- or
overachievement of the goals is controlled by a vector of weighting coefficients,
w = [w1, w2, ..., wm]. The optimisation problem is formulated as follows:

minimise γ (62)
γ ∈ <, x ∈ Ω

such that Fi(x)− wiγ ≤ F ∗i i = 1, ...,m

The term wiγ means that the goals of the problem don’t necessarily have to be rigidly
met. Instead, the weighting vector, w, makes it possible to express a measure of the
relative tradeoffs between the objectives. This means the designer can incorporate
particular constraints into the design. For example, setting one weighting factor to
zero(i.e. wi = 0) will incorporate a hard constraint on the design. On a hypothetical
two dimensional plane, specification of the goals [F ∗1 , F

∗
2 ] defines the goal point, P . The

weights define the direction of search from P to the feasible function space, Λ(γ).
During the optimisation γ is varied, changing the size of the feasible region, while the
constraint boundaries converge to the unique solution point.

Thus, in the present problem, two of the technical quality measures used by
Straube et al. (2017) are assigned as objective functions for the optimisation, namely
the acoustic contrast Lp,a,na(ω) and the sound field homogeneity H1(ω). One goal value
is assigned to each of the objective functions making a total of two goal values, which
can be arbitrarily set. During the optimisation the vector of resulting LSA cabinet tilt
angles from the PALC algorithm is varied until a unique solution point is found with
the help of weighting factors assigned to Lp,a,na(ω) and H1(ω). According to this
algorithm, if the optimisation is carried out for each frequency band separately, then
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one set of tilt angles is obtained for each frequency band. This is obviously not in our
interest, since it is only possible to have one unique geometry for each LSA system at
any given point in time for all frequencies. Hence, in order to obtain one valid set of tilt
angles, the optimisation must be performed for all frequencies at once. However,
knowing which tilt angles work best for each frequency band can be helpful in order to
find a set of tilt angles which deliver better results than the ones obtained from the
optimisation over all frequencies at once.
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4 Evaluation

4.1 Discretisation of the inter-cabinet angles

Before the results of the discretisation of inter-cabinet angles are evaluated it is
important to mention that this discretisation has a direct effect on the resulting sound
field, especially on the interaction between adjacent cabinets. After several test runs of
the algorithm with different LSAs and rounding methods, the results show that for all
tested LSA systems, the radiation area of several cabinets either overlap with one
another in the PAL or fails to fully cover the PAL. This is an expected consequence,
since the algorithm is not able to choose an inter-cabinet angle at will anymore, but is
limited to those angles offered by the LSA system used. There were modifications
carried out in the PALC algorithm in order to be able to obtain the following results.
The algorithm uses an iterative method that compares the difference between the total
length of the PAL and the length of the PAL which has been successfully covered by the
LSA cabinets (h1 + h2 in Fig. 8) with a constant quantity, namely 0.1 meters. This is
the error tolerance permitted by the algorithm and is labelled as Γaud (cf. (8)). Thus,
the iterations do not stop until a value of Γaud < 0.1 is reached.

Once the algorithm was modified and the inter-cabinet angles are discretised, the
accuracy of the PAL coverage decreases. This means that the algorithm cannot fulfil
the condition Γaud < 0.1 in every case. This happens for certain LSA systems as well as
for certain rounding types more than for others. For this reason, the value of Γaud was
increased in some cases to meet the requirements of the new inter-cabinet angles.

The quantitative evaluation is based on two technical quality measures. On the
one hand, the frequency dependent relation of the obtained average SPLs of the
audience and the non audience zone

Lp,a,na(ω) = 10 log10

(
1
Ma
||pm∈Ma(ω)||22

1
Mna
||pm∈Mna(ω)||22

)
(63)

(Straube, F. et al. (2015b), Eq. (18)) is evaluated. This measure is depicted, for
example, in Fig. 14b, 14d, 14f and 14h and corresponds to the acoustic contrast (Choi,
J.W. et al. (2002), Eq. (16)), (Coleman, P. et al. (2014a), Eq. (2)), (Coleman, P. et al.
(2014b), Eq. (2)) established in the field of multi-zone sound field synthesis (MZSFS).
On the other hand, the homogeneity of the generated sound field, meaning the
frequency dependent standard deviation of the distance compensated SPLs of all
audience positions

H1(ω) = σ
m∈M

[
20 log10

(
|P (m,ω)|

p0

√
|xm − xs|

|xmin(m) − xs|

)]
, (64)

cf. (Feistel, S. et al. (2013), e.g. Fig. 6, Fig. 8) is also evaluated. It is depicted, for
example, in Fig. 14a, 14c, 14e and 14g.

In the following paragraphs, the results will be evaluated for each one of the four
venues separately.

VENUE 1

The first venue is a multi-stand arena with several amphitheater levels taken from
Thompson et al. (2011, Sec. 6.1). The cases that required an increase of the allowed
Γaud error value in order to achieve a result are shown in Table 2; for all the other cases,
the Γaud error value did not have to be modified.

After applying three different types of rounding to the discretisation of the tilt
angles for four of the systems (Martin Audio MLA, Alcons LR28 ,Yamaha NEXO STM
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M46 and Meyer LYON), the results show that in venue 1 the rounding type “round"
offers a slightly more homogeneous sound field than the two other rounding types for
the LSA models Alcons LR28, Meyer Lyon and Martin Audio MLA, as can be seen
with the technical quality measure H1(ω) in Fig. 11c, 11e and 11g. The Yamaha Nexo
STM system achieves better results with the “ceil" rounding, especially in frequencies
higher than 7 kHz.

The ratio of energy radiated into the audience versus the non-audience zones is
very similar for all rounding types, but slightly better for the “floor" rounding type
when using the Alcons LR28, which outperforms the non-discretised PALC algorithm at
frequencies lower than 8 kHz, as can be seen in Fig. 11b. For the Meyer Lyon and the
Yamaha Nexo STM less energy is radiated into the non-audience zones compared to the
audience zones when using the “floor" rounding, the latter outperforming the
non-discretised PALC algorithm between 1 and 7 kHz, as seen in Fig. 11d and 11h.
Finally, there is no noticeable improvement for the Martin Audio MLA in terms of
acoustic contrast between the audience and non-audience zones, as seen in Fig. 11f.

Regarding the question of which LSA system works best with each of the rounding
methods, Fig. 12a shows that for the “round” method, the Alcons LR28 delivers both
the highest ratio of acoustic energy in the audience versus the non-audience areas for
frequencies up to 7 kHz, and the most homogeneous sound field for frequencies up to 11
kHz (Fig. 13a). For frequencies higher than 11 kHz, the Yamaha NEXO outperforms
the Alcons LR28 in sound field homogeneity. In Fig. 12b and 13b respectively, we see
how the Meyer LYON performs slightly better than all other systems both in terms of
acoustic contrast between audience and non audience zones and sound field
homogeneity when using the “floor” rounding method. However, for frequencies higher
than 3.5 kHz the Yamaha NEXO delivers a more homogeneous sound field. Regarding
the “ceil” rounding method, the Alcons LR28 delivers once more the best results both in
terms of acoustic contrast between the audience and non-audience areas and sound field
homogeneity (Fig. 12c and 13c respectively).

VENUE 2

The second venue is an open air amphitheater and resembles the Waldbuehne in
Berlin, composed of two audience lines with different tilt angles. For the “floor”
rounding when using the ALCONS LR28 system, the error was increased to 0.13 to
obtain a result. For all the other cases, the Γaud error did not have to be modified.

In venue 2 the rounding type “floor" offers a slightly more homogeneous sound field
for frequencies lower than 5 kHz when using the Meyer Lyon, Martin Audio MLA and
Alcons LR28 systems, as can be seen with the homogeneity measure H1(ω) in Fig. 14a,
14c and 14e. On the other hand, the rounding type “ceil" offers a more homogeneous
sound field when using the Yamaha Nexo STM as seen in Fig. 14g.

The ratio of the energy radiated into the audience versus the non-audience zones is
very similar for all rounding types, but slightly better for the “floor" rounding type in al
LSA systems used, outperforming the non-discretised PALC algorithm at frequencies
between 1 and 8 kHz, as seen in Fig. 14b, 14d and 14h.

In terms of which LSA system works best with which rounding method, Fig. 15a
shows that for the “round” method, the Alcons LR28 delivers the best results regarding
the acoustic contrast between the audience and non-audience areas. Concerning the
sound field homogenity, the Yamaha NEXO delivers the best result. When using the
“floor” rounding method, the Alcons LR28 provides both the best acoustic contrast and
sound homogeneity as seen in Fig. 15b and 16b respectively. Regarding the “ceil”
rounding method, the Yamaha NEXO performs best in the lower frequency range (up
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to 1.5 kHz) and the Meyer LYON outperforms all other systems at frequencies higher
than 1.5 kHz (Fig. 15c). In terms of sound homogeneity, the Martin Audio MLA
provides the best results as seen in Fig. 16c.

VENUE 3

The third venue consists of one horizontal audience line only and resembles a
generic outdoor music festival situation. For the “ceil” rounding type with the MEYER
LYON system the Γaud error was increased to a value of 0.31. For all the other cases,
the Γaud error did not have to be modified.

Using the Meyer LYON system in venue 3, the rounding types “round” and “floor”
offer a slightly more homogeneous sound field than the “ceil” rounding as can be seen
with the technical quality measure H1(ω) in Fig. 17c. In this case, the “floor” rounding
works better for lower frequencies up to 7 kHz, and the “round” type achieves higher
homogeneity from 7 kHz and up. The ratio of the energy radiated into the audience
versus the non-audience zones is very similar for all rounding types, but slightly better
for the “ceil” rounding type at frequencies higher than 1.5 kHz, outperforming the
non-discretised PALC algorithm. At frequencies lower than 1.5 kHz the “floor” and
“round” rounding achieve better results, as seen in Fig. 17d.

Using the Martin Audio MLA LSA the rounding type “floor" offers a slightly more
homogeneous sound field for frequencies under 7 kHz, as can be seen with the quality
measure H1(w) in figure Fig. 17e. The ratio of the energy radiated into the audience
versus the non-audience zones is very similar for all rounding types, but slightly better
for the “floor" and “round" rounding types, as seen in Fig. 17f.

Using the Yamaha Nexo STM system, the “floor” rounding offers a slightly more
homogeneous sound field at low frequencies under 2.5 kHz, as can be seen with the
quality measure H1(ω) in Fig. 17g. The ratio of energy radiated into the audience
versus the non-audience zones is higher for the “floor" rounding type for this system, as
seen in Fig. 17h.

Using the Alcons LR28 LSA the rounding type “floor" offers a slightly more
homogeneous sound field throughout all the frequency range, as can be seen with the
quality measure H1(w) in figure Fig. 17a. A higher ratio of energy radiated into the
audience versus the non-audience zones is achieved by the “floor” rounding type for
frequencies lower than 3 k Hz (Fig. 17b)

Regarding the question of which LSA system works best with each of the rounding
methods, Fig. 18a shows that for the “round” method, the Yamaha NEXO clearly
delivers the highest ratio of acoustic energy in the audience versus the non-audience
areas throughout the whole frequency spectrum as well as the most homogeneous sound
field (Fig. 19a). In Fig. 18b and 19b we see the same results when using the “floor”
rounding method. Regarding the “ceil” rounding method, the Meyer LYON delivers the
best results in terms of acoustic contrast between the audience and non-audience areas
followed closely by the Yamaha NEXO, especially in mid-high frequencies. In the lower
spectrum, the Alcons LR28 performs slightly better (Fig. 18c). In terms of sound field
homogeneity, the Yamaha NEXO provides the best results one more time (Fig. 19c)

VENUE 4

The fourth venue resembles the new Calderón football stadium in Madrid and
consists of six audience lines with different tilt angles. For the “floor” rounding type
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with the NEXO STM system the Γaud error was increased to a value of 0.11. For all the
other cases, the Γaud error did not have to be modified.

Using the Meyer Lyon, Yamaha Nexo STM and Alcons LR28 systems in venue 4,
all rounding types offer a very similar sound field homogeneity, but the “ceil" rounding
offers better results especially in frequencies lower than 10 kHz as seen in Fig. 20a, 20c
and 20g. On the other hand, when using the Martin Audio MLA LSA the rounding
type “round” offers a slightly more homogeneous sound field, as can be seen with the
quality measure H1(ω) in Fig. 20e.

The ratio of energy radiated into the audience versus the non-audience zones is
very similar for all rounding types, but slightly better for the “ceil" rounding type for
the Alcons LR28 system, as seen in Fig. 20b. Fig. 20d and 20f show how the “round”
rounding method delivers slightly better results with the Lyon and Martin Audio MLA
systems. and finally in Fig. 20h, the “floor” rounding achieves the best results especially
between 2 and 8 kHz.

In terms of which LSA system works best with which rounding method, Fig. 21a
shows that for the “round” method, the Martin Audio MLA delivers slightly better
results in terms of acoustic contrast between the audience and non-audience areas than
all other systems, while the Alcons LR28 system stands out providing the most
homogeneous sound field for frequencies as high as 10 kHz (Fig. 22a). The Alcons LR28
system provides a higher acoustic contrast between audience and non-audience zones
than the other systems up to 6 kHz when using the “floor” rounding method as seen in
Fig. 21b. For frequencies over 6 kHz, the best results are achieved with the Yamaha
NEXO and the Martin Audio MLA, while the Alcons LR28 stands out once more
providing the most homogeneous sound field for frequencies as high as 10 kHz
(Fig. 22b). Regarding the “ceil” rounding method concerning the acoustic contrast, the
Alcons LR28 performs best throughout most of the frequency range (Fig. 21c). In terms
of sound field homogeneity, the Yamaha NEXO delivers the best results throughout the
whole frequency spectrum (Fig. 22c).

4.2 Optimisation of the curving of LSAs by means of the goal attain-
ment method

For the evaluation of the geometrical optimisation of the LSAs by means of the goal
attainment method, the octave resolution of the frequency vector has been reduced
from 1/36 to 1/12, in order to reduce the processing time.

Initially, the optimisation process is applied directly to the angles that result from
the PALC algorithm, i.e. non discretised tilt angles, for the four venues. In order to
obtain an overall impression of the performance of the goal attainment method, the first
step is to carry out the optimisation process for the whole frequency range. In this
manner, the algorithm yields a new set of tilt angles which is used to compute the
technical quality measures. After a repetitive process of trial and error, three
combinations of goal values are selected so as to demonstrate the direct effect that these
different optimisation parameters have on the technical quality measures. The results
from these combinations of goal values are then graphically compared to the quality
measures obtained by the PALC algorithm.

Subsequently, in order to improve the results obtained so far, the optimisation
process will be carried out for each frequency band independently and with the same
goal values. With this approach, the intention is for the algorithm to find the optimal
tilt angles in each venue for each individual frequency band without considering the
rest. Each one of the 79 resulting sets of tilt angles contains 16 different angles from
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which the inter-cabinet angles will be computed. These angles will be graphically
displayed for each venue in order to find a pattern that could assist in the process of
optimisation. Naturally, the optimal inter-cabinet angles vary significantly as the
frequency increases. At low frequencies, a repetition of inter-cabinet angles along
several cabinets is observed; this phenomenon is inversely proportional to the frequency
value: as the frequency value increases, each one of the cabinets ends up taking a
different tilt angle. Now, it is possible to choose any set of tilt angles belonging to a
reference frequency band, and evaluate how the LSA will perform across all frequencies
with the chosen set of tilt angles. The variety of the chosen venue geometries and
optimisation parameters causes the chosen reference frequency values for the evaluation
of the tilt angles to vary significantly among venues and sometimes even among
different goal value combinations in the same venue. In some cases, the quality
measures resulting from a reference frequency used for one venue and/or goal value
combination deliver much worse results for another, therefore other frequencies must be
found which yield better results. This does not affect the consistency of the research,
since the aim of this thesis is to find the tilt angles that yield the best possible quality
measures. The reference frequencies used are situated between 0.5 and 9 kHz.

As a reminder to the reader, ideally the values of acoustic contrast (Lp,a,na(ω))
should be as high as possible and the values of sound field homogeneity (H1(ω)) should
be as low as possible through all frequency bands. It is also relevant to mention the
considerable computing time necessary for each of these optimisation routines. When
executing the PALC algorithm, the computing times are between five and ten minutes,
whereas for the goal attainment method, the computing times ascend exponentially to
approximately six to eleven hours for each simulation. For lack of better equipment, the
simulations and evaluations have been carried out on a standard, inexpensive personal
laptop computer.

The results of the evaluation are presented individually for each of the four venues:

VENUE 1

When carrying out the optimisation of the tilt angles for the complete frequency range
at once with the goal value combinations 17/0.1, 20/0.1 and 20/0.1, it is observed in
Fig. 23a how for the goal value combination 17/0.1, the sound field homogeneity
resulting from the goal attainment method is very similar to that of the PALC
algorithm, except for some minor deterioration in frequencies higher than 6 kHz. The
sound field homogeneity visibly deteriorates in most frequencies when using the two
other goal value combinations, namely 20/0.1 and 22/0.1 (Fig. 23c and 23e). On the
other hand, the acoustic contrast yields very similar yet slightly improved results when
using the goal values 17/0.1 (Fig. 23b), 20/0.1 (Fig. 23d) and 22/0.1 (Fig. 23f).

After evaluating the goal attainment method for all frequencies at the same time,
the optimisation is carried out for each frequency band individually, yielding one set of
tilt angles each. The chosen goal values are the same three combinations used when
optimising for all frequencies. In Fig. 23 we can see the 79 sets of inter-cabinet angles
across all frequency bands for every one of the three goal value combinations. Each of
the LSA cabinets is represented with a single line ranging from light to dark blue, from
the uppermost to the bottom LSA cabinet respectively. It is observed how between 4
and 9 kHz, all angles remain relatively constant, whereas in other frequency bands the
variation is more notable. Also worth noting is the fact that as the difference between
goal values increases, the value of inter-cabinet angles decreases throughout all
frequencies.
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VENUE 2

When carrying out the optimisation of the tilt angles for the complete frequency range
at once with the goal value combinations 17/0.1, 20/0.1 and 20/0.1, it is observed in
Fig. 25a how for the goal value combination 17/0.1, the sound field homogeneity
resulting from the goal attainment method has improved in comparison to the PALC
algorithm, except for some deterioration in frequencies higher than 5 kHz. This
deterioration extends to lower frequencies as the difference between goal values
increases, namely 20/0.1 and 22/0.1 (Fig. 25c and 25e). In the latter, the deterioration
extends to all frequencies over 400 Hz. On the other hand, the acoustic contrast yields
also similar yet slightly deteriorated results in comparison to the PALC algorithm when
using the goal values 17/0.1 (Fig. 25b). For the goal values 20/0.1 (Fig. 25d), the
acoustic contrast is almost identical to that of the PALC algorithm except for some
minor deterioration, and for goal values 22/0.1 (Fig. 25f), the acoustic contrast shows
visible improvement throughout the whole frequency range.

After evaluating the goal attainment method for all frequencies at the same time,
the optimisation is carried out for each frequency band individually, yielding one set of
tilt angles each. The chosen goal values are the same three combinations used when
optimising for all frequencies. In Fig. 25 we can see the 79 sets of inter-cabinet angles
across all frequency bands for every one of the three goal value combinations. Each of
the LSA cabinets is represented with a single line ranging from light to dark blue, from
the uppermost to the bottom LSA cabinet respectively. It is observed how between 3
and 9 kHz, all angles remain relatively constant, whereas in other frequency bands the
variation is more notable. Also worth noting is the fact that as the difference between
goal values increases, the value of inter-cabinet angles decreases throughout all
frequencies.
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and 0.65 and 1 kHz respectively, the results are outstanding, yielding a much better
acoustic contrast throughout the whole frequency range. When optimising for 9 kHz
and goal values 20/0.1, the acoustic contrast is slightly deteriorated in comparison to
the PALC results, and when optimising for 5.4 kHz and goal values 22/0.1, the acoustic
contrast improves, but is still slightly worse than the PALC results throughout the
whole frequency range.

VENUE 3

When carrying out the optimisation of the tilt angles for the complete frequency range
at once with the goal value combinations 17/0.1, 20/0.1 and 20/0.1, it is observed in
Fig. 27a how for the goal value combination 17/0.1, the sound field homogeneity
resulting from the goal attainment method is similar to that of the PALC algorithm,
except for some improvement under 1 kHz and a visible deterioration on frequencies
over 1 kHz. The sound field homogeneity visibly deteriorates in most frequencies when
using the two other goal value combinations, namely 20/0.1 and 22/0.1 (Fig. 27c and
27e). On the other hand, the acoustic contrast mostly deteriorates when using the goal
values 17/0.1 (Fig. 27b) and shows deterioration under 3 kHz and a visible
improvement on frequencies over 4 kHz when using the goal values 20/0.1 (Fig. 27d).
Regarding the goal value combination 22/0.1, a slight deterioration is observed for
frequencies below 1.3 kHz, and a notable improvement on higher frequencies (Fig. 27f).

After evaluating the goal attainment method for all frequencies at the same time,
the optimisation is carried out for each frequency band individually, yielding one set of
tilt angles each. The chosen goal values are the same three combinations used when
optimising for all frequencies. In Fig. 27 we can see the 79 sets of inter cabinet angles
across all frequency bands for every one of the three goal value combinations. Each of
the LSA cabinets is represented with a single line ranging from light to dark blue, from
the uppermost to the bottom LSA cabinet respectively. The first notable characteristic
of the three graphics is that all angles remain relatively constant between the
frequencies 4 and 9 kHz. Also worth noting is the fact that the value of the
inter-cabinet angles appears to decrease throughout the whole frequency range as the
difference between goal values increases.
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improve as the difference between goal values increases. For the goal values 22/0.1
optimising for the reference frequency 9 kHz, a slightly improved acoustic contrast in
comparison to the PALC algorithm is obtained. This case is interesting, since it is the
first so far to have an improved acoustic contrast together with an improved sound field
homogeneity for all frequencies below 12 kHz.

VENUE 4

When carrying out the optimisation of the tilt angles for the complete frequency range
at once with the goal value combinations 17/0.1, 20/0.1 and 22/0.1, it is observed in
Fig. 29a how for the goal value combination 17/0.1, the sound field homogeneity
resulting from the goal attainment method is very similar to that of the PALC
algorithm, except for a minor improvement under 1.5 kHz and a slight punctual
deterioration around 9.5 kHz. The sound field homogeneity visibly deteriorates in most
frequencies when using the two other goal value combinations, namely 20/0.1 and
22/0.1 (Fig. 29c and 29e).

On the other hand, the acoustic contrast yields very similar yet slightly
deteriorated results when using the goal values 17/0.1 (Fig. 29b) and shows visible
improvement on frequencies higher than 1 kHz when using the goal values 20/0.1
(Fig. 29d). Regarding the third goal value combination, 22/0.1, a general deterioration
is observed for frequencies below 6 kHz, and a visible improvement on higher
frequencies (Fig. 29f).

Once again, caused by the principle of non-inferiority, the cases where the acoustic
contrast is improved yield a deteriorated sound field, and vice versa.

After evaluating the goal attainment method for all frequencies at the same time,
the optimisation is carried out for each frequency band individually, yielding one set of
tilt angles each. The chosen goal values are the same three combinations used when
optimising for all frequencies. In Fig. 29 we can see the 79 sets of inter-cabinet angles
across all frequency bands for every one of the three goal value combinations. Each of
the LSA cabinets is represented with a single line ranging from light to dark blue, from
the uppermost to the bottom LSA cabinet respectively. It is observed how between 4
and 9 kHz, all angles remain relatively constant, whereas in other frequency bands the
variation is more notable. Also worth noting is the fact that, although in this case more
subtly than on venue 3, as the difference between goal values increases, the value of
inter-cabinet angles decreases throughout all frequencies.
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5 Conclusion

In this thesis, an existing analytical optimisation algorithm (PALC) was adapted for
commercially available LSA systems by means of the discretisation of tilt angles
resulting from said algorithm. In order to do this, a research into several state of the art
LSA systems was carried out, followed by a selection of four LSA systems chosen for the
diversity in their sets of available tilt angles. Following the discretisation of the PALC
algorithm, a numerical optimisation based on the goal attainment method was applied
to the resulting tilt angles.

The results of both the discretised PALC algorithm and the multi objective
optimisation based on the goal attainment method were evaluated with the help of two
technical quality measures, namely sound field homogeneity and acoustic contrast
between audience and non audience zones.

5.1 Discretisation of the inter-cabinet angles

After adapting the resulting tilt angles from the PALC algorithm to the four selected
LSA systems with the use of three different rounding methods, and evaluating the
results in terms of sound field homogeneity and acoustic contrast between audience and
non audience zones in four venues with different grades of geometric complexity using
four different LSA systems, there have been cases found which provide more optimal
results than others. Let us first analyse the results looking at each venue individually.

VENUE 1

The rounding method “round” provides the most homogeneous sound field and works
especially well with the Alcons LR28 system and with the Yamaha NEXO STM system
at high frequencies. The “floor” rounding method provides the highest acoustic contrast
between audience and non-audience zones and works especially well with the Meyer
LYON, and with the Yamaha NEXO STM at high frequencies.

VENUE 2

The rounding method “floor” provides the most homogeneous sound field and the
highest acoustic contrast between audience and non-audience zones, working especially
well with the Alcons LR28 system.

VENUE 3

The rounding method “floor” provides the most homogeneous sound field and the
highest acoustic contrast between audience and non-audience zones, working especially
well with the Yamaha NEXO STM system.

VENUE 4

The rounding method “ceil” provides the most homogeneous sound field and works
especially well with the Alcons LR28. The highest acoustic contrast between audience
and non-audience zones is achieved by the “round” method, which works especially well
with the Martin Audio MLA system.

In terms of sound field homogeneity and acoustic contrast between audience and
non-audience zones, the “floor” rounding method provides the best general results,
outperforming the other two rounding methods for the highest number of venue and
LSA system combinations.

Some conclusions can be made from this information:

63



• The PALC algorithm has been adapted to be used with any commercially
available LSA system and tested in four venues with different geometries.

• There is no combination of rounding method and LSA system that works
exceptionally well for all the four proposed venues, i.e. no all-around solution to
the acoustic irradiation of large audience surfaces using the discretised PALC
algorithm presented in this thesis was found, but only tailored solutions for every
combination of venue, LSA system and rounding method. However, the “floor”
rounding method has shown to deliver good results more often than the other two
rounding methods.

• In some cases, the discretised PALC algorithm outperforms the original
non-discretised algorithm in terms of sound field homogeneity and acoustical
contrast between audience and non-audience zones.

5.2 Optimisation of the curving of LSAs by means of the goal attain-
ment method

After applying the multi objective goal-attainment method for the optimisation of the
geometry of LSA systems, i.e. cabinet tilt angles, and evaluating the results in terms of
sound field homogeneity and acoustic contrast between audience and non audience
zones in four venues with different grades of geometric complexity, several conclusions
can be drawn from the obtained results. A conclusion focusing on each one of the
venues is in order:

VENUE 1

Initially, the results of the optimisation over the whole frequency range for three
combinations of goal values in venue 1 demonstrate the concept of non-inferiority, i.e.
any further improvement in one of the quality measures is accompanied by a
proportional degradation of the other. In this case, for every goal value combination
used, the optimisation improves the acoustic contrast between audience and non
audience zones, but degrades the homogeneity of the sound field in equal measure.

After obtaining three sets of tilt angles from optimising the system for three
different reference frequencies, and then obtaining the quality measures when using
these sets of tilt angles, very similar conclusions are drawn as with the optimisation over
the whole frequency range: when the optimisation is focused on middle/low frequencies,
i.e. 0.5 and 1 kHz, the acoustic contrast is improved, while the sound field homogeneity
notably degraded. When using the tilt angles obtained from the optimisation at 4 kHz,
the acoustic contrast shows a slight degradation. On the other hand, in this case the
sound field homogeneity shows a slight improvement for frequencies lower than 8 kHz,
but again a degradation on higher frequencies. The results obtained when optimising
for the reference frequency 4 kHz are thus the best available for this venue, since the
sacrifice on acoustic contrast is smaller than the improvement of the sound field
homogeneity, although the latter does not apply to the whole frequency range.

VENUE 2

The results of the optimisation over the whole frequency range show how for the goal
values 17/0.1, a very slight degradation of the acoustic contrast takes place, while the
sound field homogeneity improves for frequencies up to 5 kHz and slightly deteriorates
thereafter.

When optimising for the three reference frequencies, two cases stand out: the first
is the goal value combination 20/0.1 and reference frequency 9 kHz, where results show
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an improved sound field homogeneity over all frequencies while the degradation of the
acoustic contrast does not exceed 2 dB on its most extreme point. The second case is
for the goal values 22/01 and reference frequency 5.4 kHz, where the improvement of
the sound field homogeneity is less prominent and takes place in frequencies below 7.5
kHz, while higher frequencies are deteriorated. The acoustic contrast on the other hand
experiences a hardly noticeable deterioration.

VENUE 3

The results of the optimisation over the whole frequency range in venue 3, which is
characterised by the simplest geometry of all venues, are quite unremarkable. Only
when using the goal values 17/0.1 is there an improvement of the sound field
homogeneity, this taking place only for frequencies below 1 kHz, against a greater
degradation of the acoustic contrast in comparison.

When optimising for the three reference frequencies, two cases stand out once
again: the first is the goal value combination 20/0.1 and reference frequency 6 kHz,
where results show a considerably improved sound field homogeneity over all frequencies
while the degradation of the acoustic contrast is hardly noticeable. The second case is
the goal value combination 22/0.1 and reference frequency 9 kHz, where the
improvement of the sound field homogeneity is less prominent and takes place in
frequencies below 12 kHz, while higher frequencies are deteriorated, but is accompanied
by a slight improvement of the acoustic contrast. This is the only case found where
both quality measures experience a general improvement in comparison to the PALC
algorithm, partly caused by the simple geometry of the venue.

VENUE 4

The results of the optimisation over the whole frequency range in venue 4 show a
degradation of the sound field homogeneity of various levels, accompanied by lesser
improvements on the acoustic contrast.

Regarding the optimisation for the three reference frequencies, a clear
improvement of the acoustic contrast is observed in most of the cases against a major
degradation of the sound field homogeneity. Only when using the goal values 17/0.1
and reference frequency 4 kHz is an improvement of the sound field homogeneity
observed, although limited to frequencies below 5.5 kHz, and is accompanied by a
deterioration of the acoustic contrast of about 1 dB between 1 and 6 kHz.

Some general conclusions can be drawn when observing the results as a whole:

• As observed in the graphs of the multiple sets of inter-cabinet angles resulting
from carrying out the optimisation for each frequency band individually, the
values of the resulting angles are very different from one frequency band to the
next. The fact that the optimal angles for one frequency band drastically differ
from the optimal angles for the next frequency band makes the task of finding an
acceptable result for all frequencies complicated. As observed when evaluating the
results, the inter cabinet angles remain relatively constant between 4 and 9 kHz in
all cases; this was an influencing factor when choosing the reference frequencies for
the optimisation in each venue.

• It was only possible to improve both sound field homogeneity and acoustic
contrast between audience and non audience zones, if only slightly, in the venue
with the most simple geometry. On the other hand, it has been proven how easily
achievable it is to drastically improve one quality measure at the cost of degrading
the other. This is useful when one of the two quality measures has a higher
priority than the other. For example, when taking into account strict noise
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regulations in surrounding areas it is possible to increase the acoustic contrast
considerably. On the other hand, in the case of a more permissive noise
regulation, it is possible to increase the sound field homogeneity considerably.

• The computing time necessary to carry out each optimisation procedure with the
equipment available is extremely high compared to other optimisation methods,
i.e. the PALC algorithm. This plays an important role when evaluating the
feasibility of the method used and the results obtained by these optimisation
procedures, not to mention when contemplating the possibility of making such an
optimisation tool commercially available.

5.3 Outlook and future research

Regarding the modification of the PALC algorithm, one significant improvement would
be to attain a constant SPL throughout the audience line with a predefined tolerance.
Another way to make the algorithm more reliable would be to take environmental
factors into account, i.e. measuring air temperature, humidity and especially wind
speed and direction, and use this data to correct the sound field in real time.

Getting the multi objective optimisation procedure to perform more efficiently, if
possible, is paramount to all further research using it. Setting aside the long computing
time needed for each optimisation procedure, the goal attainment method itself has
turned out to not be very efficient for problems like the one addressed in this thesis, i.e.
dealing with complex goals with a high number of interdependent variables.

Aiming at a practical use for this research, the next logical step is to apply the
same method of tilt angle discretisation used on the PALC algorithm to the inter
cabinet angles obtained by the multi objective optimisation in order to evaluate which
method would deliver the best results when applied to commercially available LSA
systems.

The fact that the enclosure of each LSA cabinet usually contains three kinds of
drivers dedicated to the low, middle and high frequency band respectively is another
factor that makes the optimisation of the sound field throughout the whole frequency
range so complicated, since each frequency band propagates differently. Therefore, it
would be possible to design a LSA system in which not only one set of tilt angles, but
different sets of tilt angles for each frequency band were possible, thus making the
control of the user over the sound field much more precise.
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6 Appendix

6.1 Venue slice coordinates

Table 3: Venue 1

m xm/(m) ym/(m)

1 0 -11
15 7 -11
101 50 -11
122 58.15 -4.38
131 58.15 0.12
152 66.3 6.74
165 66.3 13.24
297 0.3 13.24

Table 4: Venue 2

m xm/(m) ym/(m)
1 0 -15
21 10 -15
41 20 -15
84 40.5 -7.83
89 40.5 -5.5
121 55.5 -0.33
127 55.5 3
211 93.45 20.5
397 0 20.5

Table 5: Venue 3

m xm/(m) ym/(m)
1 0 -10
21 10 -10
62 30.44 -8.47
231 110.04 19.89
246 110.04 27.39
466 0.04 27.39

Table 6: Venue 4

m xm/(m) ym/(m)
1 0 -10
21 10 -10
181 90 -10
222 90 10.5
402 0 10.5

Selected slice coordinates for the venues from Fig. 3.
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6.2 Tilt angles

LSA
cabinet

MLA
round

ALCONS
round

LYON
round

NEXO
round

1 -2.45 -2.45 -2.44 -2.45
2 2 1.5 1.5 1.2
3 1 1.5 2 2.5
4 2 2.4 1.5 1.2
5 2 1.5 1.5 1.2
6 1 1.5 2 2.5
7 2 1.5 2 1.2
8 2 2.4 1.5 2.5
9 2 1.5 2 1.2
10 2 2.4 2 2.5
11 3 2.4 3 2.5
12 3 3.8 3 2.5
13 4 3.8 4 5
14 4 3.8 4 5
15 6 6 7 5
16 7 6 7 7

Table 7: Inter-cabinet angles resulting from the discretisation of the PALC algorithm
with the “round” rounding type for the different LSA models (MLA, ALCONS LR28,
LYON and NEXO STM) in venue 1. The first angle is the tilt angle of the first cabi-
net and the following angles are the differences between the previous and the current
cabinet angle.
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LSA
cabinet

MLA
floor

ALCONS
floor

LYON
floor

NEXO
floor

1 -2.46 -2.53 -2.46 -2.47
2 1 0.95 1.5 1.2
3 2 1.5 1.5 1.2
4 1 1.5 1.5 1.2
5 2 1.5 2 2.5
6 2 1.5 1.5 1.2
7 2 1.5 2 2.5
8 1 2.4 1.5 1.2
9 2 1.5 2 2.5
10 2 2.4 2 1.2
11 3 2.4 2 2.5
12 3 3.8 3 2.5
13 4 3.8 4 5
14 5 6 5 5
15 6 6 5 5
16 7 6 7 7

Table 8: Inter-cabinet angles resulting from the discretisation of the PALC algorithm
with the “floor" rounding type for the different LSA models (MLA, ALCONS LR28,
LYON and NEXO STM) in venue 1. The first angle is the tilt angle of the first cabi-
net and the following angles are the differences between the previous and the current
cabinet angle.

LSA
cabinet

MLA
ceil

ALCONS
ceil

LYON
ceil

NEXO
ceil

1 -2.43 -2.43 -2.43 -2.42
2 2 2.4 2 2.5
3 2 0.95 1.5 1.2
4 2 2.4 2 2.5
5 1 1.5 1.5 1.2
6 2 1.5 2 2.5
7 2 2.4 1.5 1.2
8 2 1.5 2 2.5
9 2 2.4 2 1.2
10 2 1.5 2 2.5
11 2 3.8 3 2.5
12 3 2.4 3 2.5
13 4 3.8 4 5
14 5 6 5 5
15 6 3.8 5 5
16 7 6 7 7

Table 9: Inter-cabinet angles resulting from the discretisation of the PALC algorithm
with the “ceil" rounding type for the different LSA models (MLA, ALCONS LR28,
LYON and NEXO STM) in venue 1. The first angle is the tilt angle of the first cabi-
net and the following angles are the differences between the previous and the current
cabinet angle.
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LSA
cabinet

MLA
round

ALCONS
round

LYON
round

NEXO
round

1 -9.9 -9.9 -9.9 -9.9
2 2 1.5 1.5 1.2
3 1 2.4 2 2.5
4 3 1.5 2 1.2
5 2 2.4 2 2.5
6 2 2.4 3 2.5
7 3 2.4 2 2.5
8 3 3.8 4 2.5
9 3 2.4 3 5
10 4 3.8 3 2.5
11 4 3.8 4 5
12 4 3.8 5 2.5
13 5 6 4 5
14 5 3.8 5 7
15 6 6 7 5
16 7.5 6 7 7

Table 10: Inter-cabinet angles resulting from the discretisation of the PALC algorithm
with the “round” rounding type for the different LSA models (MLA, ALCONS LR28,
LYON and NEXO STM) in venue 2. The first angle is the tilt angle of the first cabi-
net and the following angles are the differences between the previous and the current
cabinet angle.

LSA
cabinet

MLA
round

ALCONS
round

LYON
round

NEXO
round

1 -9.9 -9.9 -9.9 -9.9
2 1 1.5 1.5 1.2
3 2 1.5 1.5 1.2
4 2 2.4 2 2.5
5 2 1.5 2 2.5
6 3 2.4 3 2.5
7 3 2.4 2 2.5
8 3 3.8 3 2.5
9 3 2.4 4 2.5
10 3 3.8 3 5
11 4 3.8 4 2.5
12 5 3.8 4 5
13 4 3.8 5 5
14 6 6 5 5
15 6 6 7 7
16 6 6 7 7

Table 11: Inter-cabinet angles resulting from the discretisation of the PALC algorithm
with the “floor” rounding type for the different LSA models (MLA, ALCONS LR28,
LYON and NEXO STM) in venue 2. The first angle is the tilt angle of the first cabi-
net and the following angles are the differences between the previous and the current
cabinet angle.

70



LSA
cabinet

MLA
round

ALCONS
round

LYON
round

NEXO
round

1 -9.9 -9.9 -9.9 -9.9
2 2 2.4 2 2.5
3 2 1.5 1.5 1.2
4 2 2.4 3 2.5
5 2 2.4 1.5 2.5
6 3 2.4 3 2.5
7 2 2.4 2 2.5
8 3 3.8 3 2.5
9 4 2.4 4 5
10 3 3.8 3 2.5
11 4 3.8 4 5
12 5 6 4 2.5
13 4 3.8 5 5
14 6 6 7 5
15 6 6 5 7
16 7.5 6 7 7

Table 12: Inter-cabinet angles resulting from the discretisation of the PALC algorithm
with the “ceil” rounding type for the different LSA models (MLA, ALCONS LR28,
LYON and NEXO STM) in venue 2. The first angle is the tilt angle of the first cabi-
net and the following angles are the differences between the previous and the current
cabinet angle.

LSA
cabinet

MLA
round

ALCONS
round

LYON
round

NEXO
round

1 -8.25 -8.25 -8.24 -8.24
2 1 0.95 1 1.2
3 1 0.95 1 1.2
4 1 1.5 1.5 1.2
5 2 1.5 1 1.2
6 1 1.5 2 1.2
7 2 1.5 1.5 2.5
8 2 1.5 2 1.2
9 2 2.4 2 2.5
10 2 2.4 2 2.5
11 3 2.4 3 2.5
12 3 2.4 3 2.5
13 3 3.8 3 2.5
14 4 3.8 4 5
15 5 6 5 5
16 6 6 7 7

Table 13: Inter-cabinet angles resulting from the discretisation of the PALC algorithm
with the “round” rounding type for the different LSA models (MLA, ALCONS LR28,
LYON and NEXO STM) in venue 3. The first angle is the tilt angle of the first cabi-
net and the following angles are the differences between the previous and the current
cabinet angle.
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LSA
cabinet

MLA
round

ALCONS
round

LYON
round

NEXO
round

1 -8.25 -8.25 -8.25 -8.26
2 0.5 0.95 0.5 0.5
3 1 0.95 1.5 1.2
4 1 0.95 1 1.2
5 2 1.5 1.5 1.2
6 2 1.5 1.5 1.2
7 1 1.5 1.5 2.5
8 3 1.5 2 1.2
9 2 2.4 2 2.5
10 3 2.4 2 2.5
11 3 2.4 3 2.5
12 4 2.4 3 2.5
13 5 3.8 3 2.5
14 5 3.8 4 5
15 3 6 5 5
16 3 6 7 7

Table 14: Inter-cabinet angles resulting from the discretisation of the PALC algorithm
with the “floor” rounding type for the different LSA models (MLA, ALCONS LR28,
LYON and NEXO STM) in venue 3. The first angle is the tilt angle of the first cabi-
net and the following angles are the differences between the previous and the current
cabinet angle.

LSA
cabinet

MLA
round

ALCONS
round

LYON
round

NEXO
round

1 -8.22 -8.23 -8.23 -8.23
2 2 1.5 1.5 1.2
3 0.5 0.95 1 1.2
4 1 0.95 1 1.2
5 2 1.5 1.5 2.5
6 1 1.5 1.5 0.2
7 2 2.4 1.5 2.5
8 2 1.5 2 1.2
9 2 2.4 3 2.5
10 2 2.4 1.5 2.5
11 3 2.4 3 2.5
12 3 3.8 3 2.5
13 3 2.4 3 5
14 4 3.8 4 2.5
15 5 6 7 5
16 7.5 6 5 7

Table 15: Inter-cabinet angles resulting from the discretisation of the PALC algorithm
with the “ceil” rounding type for the different LSA models (MLA, ALCONS LR28,
LYON and NEXO STM) in venue 3. The first angle is the tilt angle of the first cabi-
net and the following angles are the differences between the previous and the current
cabinet angle.

72



LSA
cabinet

MLA
round

ALCONS
round

LYON
round

NEXO
round

1 8.5 8.5 8.5 8.5
2 0.5 0.6 0.5 0.5
3 0.5 0.6 1 0.5
4 1 0.6 0.5 1.2
5 1 0.95 1 0.5
6 0.5 0.95 0.5 1.2
7 1 0.95 1 0.5
8 1 0.95 1.5 1.2
9 2 1.5 1 1.2
10 1 0.95 1.5 1.2
11 1 1.5 1.5 2.5
12 2 2.4 2 1.2
13 2 1.5 2 2.5
14 3 2.4 2 1.2
15 2 2.4 3 2.5
16 3 3.8 3 2.5

Table 16: Inter-cabinet angles resulting from the discretisation of the PALC algorithm
with the “round” rounding type for the different LSA models (MLA, ALCONS LR28,
LYON and NEXO STM) in venue 4. The first angle is the tilt angle of the first cabi-
net and the following angles are the differences between the previous and the current
cabinet angle.

LSA
cabinet

MLA
round

ALCONS
round

LYON
round

NEXO
round

1 8.5 8.5 8.5 8.5
2 0.5 0.38 0.5 0.5
3 0.5 0.6 0.5 0.5
4 0.5 0.95 0.5 0.5
5 1 0.6 1 0.5
6 1 0.95 1 1.2
7 1 0.95 1 1.2
8 1 0.95 1 1.2
9 1 1.5 1.5 0.5
10 1 0.95 1 1.2
11 2 1.5 1.5 1.2
12 2 1.5 2 2.5
13 2 2.4 2 2.5
14 2 2.4 2 1.2
15 3 2.4 3 2.5
16 3 3.8 3 2.5

Table 17: Inter-cabinet angles resulting from the discretisation of the PALC algorithm
with the “floor” rounding type for the different LSA models (MLA, ALCONS LR28,
LYON and NEXO STM) in venue 4. The first angle is the tilt angle of the first cabi-
net and the following angles are the differences between the previous and the current
cabinet angle.
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LSA
cabinet

MLA
round

ALCONS
round

LYON
round

NEXO
round

1 8.5 8.5 8.5 8.5
2 1 0.95 1 1.2
3 0.5 0.38 0.5 0.2
4 0.5 0.95 1 1.2
5 1 0.6 0.5 0.2
6 1 0.95 1 1.2
7 1 0.95 1 1.2
8 1 1.5 1.5 1.2
9 1 0.95 1.5 1.2
10 2 1.5 1.5 1.2
11 1 1.5 2 1.2
12 2 2.4 3 2.5
13 2 1.5 2 2.5
14 3 2.4 3 1.2
15 2 2.4 1 5
16 4 3.8 1 0.5

Table 18: Inter-cabinet angles resulting from the discretisation of the PALC algorithm
with the “ceil” rounding type for the different LSA models (MLA, ALCONS LR28,
LYON and NEXO STM) in venue 4. The first angle is the tilt angle of the first cabi-
net and the following angles are the differences between the previous and the current
cabinet angle.
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