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SIMULATION OF LINE ARRAY SOUND SOURCE

This paper is focused on the simulation of line array source that consists of eight separate loudspeaker enclosures of the same type having
some directional characteristics influenced by the position within the line array. The influence on these characteristics caused by the different
positions of enclosures in the array was tested. The characteristics of the line array source were measured in the anechoic chamber. The com-
parison between the results of the simulation of ideal and real sources is shown.
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1. Introduction

Sound systems are nowadays increasingly confronted with the
requirement of high fidelity sound reproduction. This is closely
related to the spectral composition of reproduced acoustic signal.
Thus, the reproduced signal should contain the same spectral com-
ponents as the original and have the least possible distortion (linear
or nonlinear). However, high fidelity also increasingly depends on
the transfer of information about the original sound source location.
It means the direction and distance of the original source related
to the listener. For example, this information is very important in
the area of teleconferencing technology, but also in the area of
arts or entertainment. Among other methods of multichannel sound
reproduction systems there is wave field synthesis (WFS) [1]. WES
is a modern method of sound reproduction allowing the true repro-
duction of sound field including the spatial information. This method
utilizing almost exclusively horizontally installed line array sources
for the reproduction of acoustic signal.

It is very useful to simulate the acoustic field generated by
single sound source or even by more sources. The final image can
display the interaction of the sources in areas where they are
summed together according to the phase and amplitude relations
between them. Therefore, we can get the picture of sound pressure
level in the area in front of the loudspeaker array.

The method of ideal sound source simulation is presented in
[2]. In our work, we take measured directional characteristics of
real sources into account, including diffraction.

The line array sound source described in this paper was
designed as the sound source for the use with the WFS. The system
consists of eight loudspeaker enclosures, each of the same con-
struction and with 3-inch speaker inside.

The paper presents the process of directional characteristics
measurement and subsequent application of the measured data to
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simulate directional behavior of the real sources. All the simula-
tions were done in Matlab.

2. Ideal sound source simulation

The essential assumption for all of the presented simulations
is that all sources are placed in the free field. Therefore, reflections
from the walls or other barriers are not considered [3]. Moreover,
the simulations and measurement were done only in the horizon-
tal plane. One of the possible ways of sound field description is
utilizing the velocity potential ® [3] and [4]. It is a scalar func-
tion and acoustic (particle) velocity v = grad @ can be calculated
as [5]. An advantage of description with velocity potential is the
scalar addition of individual sources contributions as described

O=>0,. (1
i=1
It means that the total velocity potential in every point of the
space is the sum of potentials induced of all the sources. Then
acoustic pressure p of harmonic wave with angular frequency w
can be written as

p=—jwo,d )
where p, is medium density (air density in our case).

Basic source used in acoustic simulations is a point source
[6]. Its main property is frequency-independent omnidirectional
polar pattern. Velocity potential of the i-th point source at the

point X in distance of 7, from the source can be calculated as [3]
and [4]

O, =4, 3)
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where 4, is an amplitude of the source and k is the wave number
(k = w/cy, where ¢, is speed of sound). However, the real sources
(loudspeakers) can be considered as the point sources only in the
situations when the wavelength of emitted sound wave is much
greater than physical dimensions of the source [6]. Nevertheless,
only very low frequencies satisfy this requirement - more precisely,
the frequencies meeting condition kR < 1, where R is the radius
of speaker diaphragm. In other cases it is more accurate to utilize
vibrating circular piston sources in the simulations [4]. It is con-
sidered to be located on the wall surface, which is perfectly rigid,
flat and infinitely large. Due to this assumption, there is no need
to consider the phenomena associated with diffraction on the edges
[4]. However, the properties of this kind of source are more similar
to the real loudspeakers with circular diaphragm, especially in direc-
tional characteristics. Velocity potential of the i-th vibrating circu-
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lar piston source at the point X in distance of r, from the source
can be calculated as [4]

e —Jkri

2J, (kR;sin®,)
?
" kR;sind,

where R; is the radius of i-th circular piston source, is the Bessel
function of the first kind and ¢, is the angle between the acoustic
axis of the loudspeaker and the line connecting the speaker refer-
ence point and calculated point X. For example, the loudspeakers
used for our simulations have the diaphragm radius of 3.81 cm.
Thus, eq. (3) can be used for the simulations of frequencies below
1.42 kHz, while eq. (4) have to be used for higher frequencies.

D, =—4, (4)

7

The comparison example of these kinds of sources with the
frequency of 4 kHz can be seen in Fig. 1. As can be seen in the
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Fig. 1 The comparison of point source (left) and circular piston source (right) at the frequency of 4 kHz. Diaphragm radius is 3.81 cm
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Fig. 2 The line array source simulation with eight individual sources spaced 15 cm at the frequency
of 100 Hz (left) and at the frequency of 6 kHz (right). Diaphragm radius is 3.81 cm
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figures, the main difference between these sources is in their direc-
tivity. Polar pattern of a point source is the same at all frequencies
while the polar pattern of a circular piston source gets narrower
with increasing frequency.

An important reason for simulation of sound pressure distri-
bution is the visualization of interactions between two and more
sources. Two major factors are crucial in the process of source
summing. They are the difference in amplitude and the difference
in phase of the sources [6] and [7]. The resulting picture of the
interaction of the line array source containing eight loudspeaker
enclosures at low frequency and high frequency is shown in Fig.
2. The point source model was used for low frequencies and the
circular piston source model was used for high frequencies.

Different behaviour at low and high frequencies is apparent
from the simulation. At frequency of 100 Hz the wavelength is
quite long (3.43 m at the temperature 20 °C), thus more than three
times longer than the overall length of the simulated line array
source (1.05 m). Therefore, the directional pattern is almost omni-
directional. Nevertheless, at the frequency of 6 kHz the wavelength
is only 0.057 m long, which is much less than the line source length.
Due to that, there are dark blue areas in the simulation, where the
individual sources are summing with similar or even the same
amplitude, however, with the phase difference higher than 120°
and lower than 240° [7]. The result is that the energy of the sources
in this area (at this frequency) is cancelled instead summed. On the
other hand, the bright colours denote the areas where the sources
are in phase.

Anyway, the important feature of the simulated line array source
is the front-back symmetry. Simulations are shown only for front
directions in the figures presented in this paper, thus only the
directional response in the front of the line source is displayed.
That is because the measurements of the real directional charac-
teristics were done only for this interval of angles.

3. Directional characteristics measurement process

Directional response data measured on real sources can provide
more accurate information about some phenomena (such as dif-
fraction) not considered in the simulations with ideal sources.
A standard procedure of directional characteristic measurement is
measuring the acoustic pressure effective value of loudspeaker fed
with harmonic signal at given frequency [8]. A special turntable is
employed to rotate the loudspeaker around its axis. However, this
process is not very flexible when higher number of frequencies or
the individual loudspeakers of composite sound source are needed
to be measured. It is the reason why we designed and utilized the
method named directional-frequency analysis.

3.1 Directional-Frequency analysis

The method is based on the use of a turntable with the con-
stant angular speed of rotation and the broadband signal with con-

stant power spectral density (e.g. white noise) feeding the measured
loudspeaker. The output signal of a measurement microphone is
recorded during rotation of the loudspeaker. The next step is time-
frequency analysis of the recorded signal. For instance a discreet
short-time Fourier transform (STFT) can be utilized for this purpose.
It can be written as

S

Z s[n]w[n — m]ef‘””" ()

n=—oo

Ssrrr (e jwr, m) =

where s[n] is the sequence of recorded signal samples, w[#] is the
weighting function (Hamming window was used in our case), ;
are frequency points, and m are time points. Nonetheless, several
other transformations could be used as well. Due to the known
constant radial frequency of turntable rotation, the time points
can be substituted by the corresponding angle points. The angle a
between the acoustic axis of the loudspeaker and the line connect-
ing the point of measurement and the loudspeaker reference point
can be written as

a = vt [rad] (6)

where ¢ is the time from the beginning of the record and v, is the
radial frequency in rad-s~'. Following relation holds for time point
m and angle a

A

m=a (7

where f; is the sample rate of recorded signal. Therefore, results of
time-frequency analysis can be interpreted as the directional-fre-
quency analysis results. Set of transformed coefficients provide
frequency responses for the particular angles of rotation as well as
directional characteristics for particular frequencies. Frequency
characteristics are obtained for the points w, with/ =0, 1, .., N—1
(N is the length of weighting window) and directional character-
istics are obtained for the points m = 0, 1, ..., 22f;/v. Both the fre-
quency resolution Aw and the angular resolution Aa depend on
the length of weighting window N according to equations

Aw = % (%)
Aa = %v 9)

3.2. Process of measurement

The measurement was done in the semi-anechoic chamber to
simulate the free field. The critical frequency of the chamber is
200 Hz. Because of the dimensions of the line array source it was
easier to rotate the measurement microphone around the source
instead of the rotation of the line array source itself. The turntable
was utilized to rotate the microphone fixed on a 1.25 m long beam.
The reference point of the microphone was set to the same height
as the reference point of the measured speaker. The turntable allows
setting of the lowest constant speed of rotation (convenient for
the highest precision of analysis) to 7/360 rad-s~ . The directional
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Fig. 3 The directional-frequency analysis of the first (left) and the fourth (right) individual source (from the front view and the left side)
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Fig. 4 Directional characteristics of the first (left) and the fourth (right) individual source (from the front view and the left side)

characteristics were measured only for the angles from the inter-
val (—90°; 90°). White noise with a crest factor of 1.5 was used as
a measurement signal. Sample rate was set to 48 kHz.

3.3. Measurement results

The results of the measurement and analysis can be seen in
Figs. 3 and 4. Floating average filter with the width of 1/6 octave
was used to smooth the resulting characteristics [9]. There is
a comparison of the outer and the middle segment of the line array
source in Fig. 3.

The differences are probably the consequence of different posi-
tion within the line array source, thus the different diffraction on

the edges of the line array source enclosures. Another feature of
the sources visible in the analysis is that their directional pattern
gets narrower at the frequency about 6 kHz. Different behaviour
of the line array source segments can also be seen in Fig. 4. The
differences are the most apparent at the highest frequencies.

4. Real sound source simulation

Because of the different directional behaviour of the real sources
beside the ideal ones, the resulting coverage pattern of the area in
front of the line array source is also different. The phase relations
between the sources (at the certain point) remain unchanged,
though the amplitude ratios between the sources are modified by
the individual directional characteristics. Therefore, the measured

COMMUNICATIONS 2A/2013 o163



COMMVINICIONS

directional data should be implemented into the simulations with
ideal sound sources.

At the certain point of the space it can be done by multiply-
ing the ideal source amplitude by the normalized value of the
directional characteristic at given frequency. For the i-th ideal point
source with applied real source directionality the velocity poten-
tial at the certain point X of the space can be calculated using (3)
as

Aldl_ Ca —kri
L Adlnae
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where d; (d; € (0,1)) is the normalized directional characteristic
coefficient corresponding to the given simulated frequency f of
the source and the angle a between the acoustic axis of the loud-
speaker and the line connecting the speaker reference point and
calculated point X. The accuracy of the correct coefficient deter-
mination depends on the mentioned resolution of the directional-
frequency analysis.
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Fig. 5 The simulation of the single source with applied directional characteristic at frequency of 4 kHz (a); The simulation of the line array source
with applied directional characteristics at frequency of 6 kHz (b), 1 kHz (c) and 500 Hz (d)
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An example of the single source simulation with applied direc-
tional characteristic is in Fig. 5 (a). Compared with the ideal cir-
cular piston source (see Fig. 1) the source in Fig. 5 (a) has
a narrower directional pattern (at the same frequency). Therefore,
the directivity of the overall line array source will be higher as can
be seen in Fig. 5 (b). However, the directional patterns of the
individual sources are not as wide as the ideal ones, thus the
ratios of the source amplitudes are higher at the places of sources
cancellation (caused by the big phase difference), which means
the cancelation is not such dramatic. And the acoustic pressure
variance (at this frequency) is also lower. The width of the main
beam (the area of the highest acoustic energy) depends on fre-
quency, or on wavelength (higher frequency means narrower
beam) and the overall length of the line array source (longer
source means narrower beam) [10]. Figure 5 (¢) shows the line
array source at the frequency of 1 kHz. Its directional pattern is
wider than in Fig. 5 (b) due to lower frequency. Fig. 5 (d) demon-
strates the further directional pattern widening at the frequency of
500 Hz.

Although, the main result of the simulation is the figure of
predicted sound field, we can also compare the results of the simu-
lation of the ideal models of sound sources, the simulation of
sound sources with imported directional characteristics and the
real measured line array source. Accordingly, the comparison of
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Fig. 6 The comparison of the measured and simulated directional char-
acteristics of line array source containing eight speakers with spacing
0.15mon I kHz
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the directional characteristics in 1 m distance on axis and frequency
1 kHz, measured or simulated with line array sources containing
eight segments with 0.15m spacing is shown in Fig. 6.

The measured directional characteristic was smoothed with
the floating average filter with the width of 1/3. It can be seen that
the trace of directional characteristic simulated with the sources
with imported real characteristics (black line) is more similar to
the measured characteristic (blue line) than the one simulated with
the ideal models of sources (red line). However, the simulated
characteristics were made with the resolution of 0.01 m, which is
not very sufficient especially around 0°, where the number of values
is quite small. The higher degree of precision can be reached with
even higher resolution, but the computational cost will substan-
tially increase too.

5. Conclusion

The acoustic line array source simulation method was pre-
sented utilizing the directional-frequency analysis to implement
the directional characteristics of the real measured acoustic sources.
Presented method of loudspeaker measurement and directional-fre-
quency analysis allows obtaining the data very quickly as compared
with the standard measurement process. Directional characteristics
can be obtained as the frequency slices of the directional-frequency
analysis while frequency responses can be obtained as the time
(angle) slices. Furthermore, various kinds of analysis can be applied
on the measured signals and the frequency or directional resolution
can be adjusted as necessary. The directional characteristics were
implemented into the simulations and the differences between the
ideal case and the real sources simulations were shown.

Resulting simulations are useful for the visualization of the
acoustic pressure coverage of the area. The function created in
Matlab is able to simulate individual sources as well as line array
sources or the interaction of any other spatial configuration of
multiple sources.

The only drawback is the big computational complexity when
simulating higher number of sources with high resolution. The
overall time of the simulation of eight sources and the resolution
of 0.01 m on Intel Core i7 2800GHz CPU and the RAM memory
of 4 GB was approx. 14 minutes, while with ten times higher res-
olution (0.001 m) the computational time increased to approx. 99
minutes.
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