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Abstract. The presented research aims at modeling acoustical wave propagation
phenomena by applying rough set theory in a novel manner. In a typical listening
environment sound intensity is determined by numerous factors: a distance from
a sound source, signal levels and frequencies, obstacles’ locations and sizes.
Contrarily, a free-field is characterized by direct, unimpeded propagation of the
acoustical waves. The proposed approach is focused on processing sound field
measurements performed in an anechoic chamber, collected by a dedicated
acoustic probe, comprising thousands of datapoints for six signal frequencies,
with and without the presence of a dummy head in a free-field. The rough set
theory is applied for modeling the influence of an obstacle that a dummy head
creates in a free-field and the effects of the head acoustic interferences, shading
and diffraction. A data pre-processing method is proposed, involving coordinate
system transformation, data discretization, and classification. Four rule sets are
acquired, and achieved accuracy and coverage are assessed. Final results allow
simplification of the model and new method for visualization.
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1 Introduction

It is important to emphasize that, in general, analytic models as well as acoustic field
measurements provide useful information about pressure acoustics, pressure fields, but
none currently offers a full vector mapping of the acoustic energy flow in front of and
behind obstacles. Interference, diffraction, and scattering of waves make the real field
very complex and challenging in terms of creating truly faithful theoretical frameworks.
Taking these facts into consideration, the authors decided to conduct measurements of
the vector acoustic field around a so-called dummy head imitating human head, using
the sound intensity technique [4] and to enable resulting data processing employing a
soft computing approach originating from the rough set methodology [13].
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2 Measurement Methodology

Measurements were carried out in an anechoic chamber which is characterized by the
free-field conditions, to avoid the problem of reflections coming from walls and obsta‐
cles. The acoustic intensity distribution was obtained using a sound intensity measure‐
ment technique, namely a 3D Acoustic Vector Sensor (AVS) [2, 5, 8–10, 14] was
employed. AVS measures the acoustic particle velocity directly, instead of a sound
pressure, which is captured by conventional microphones [6, 16]. The AVS senses air
flow across two resistive strips of platinum that are heated up to approximately 200°C
to provide temperature difference being the result of cooling by air flow [3]. The sensor
itself is very miniature: typical dimensions of the wires are 5 μm in diameter and 1 to
3 mm in length, thus giving a nearly pin-point measurement, at the same time not causing
the acoustic field disturbance. It operates in a flow range of 10 nm/s up to about 1 m/s.
Each sensor is sensitive in only one direction, therefore, three orthogonally placed
transducers are used. In combination with pressure measurement by a microphone, the
sound field in a single point is fully characterized, and the acoustic intensity vector,
which is the product of pressure and particle velocity, can be determined. This intensity
vector indicates the acoustic energy flow.

Sound intensity is the average rate at which sound energy is transmitted through the
unit area perpendicular to the specified direction at the considered point. The intensity
in a certain direction is the product of sound pressure (scalar) p(t) and the particle velocity
(vector) component in that direction u(t). The time-averaged intensity I in a single
direction is given by (1) [4]:

(1)

In the applied algorithm of sound intensity calculation, the averaging time T was
4096 samples (with the sampling frequency of 48 kHz). It means that the measured value
was updated more than 10 times per second. A single intensity measurement takes 1 s,
being an average of values.

Using the AVS, the particular sound intensity components can be obtained based on
Eq. (1). The sound intensity vector in three dimensions is composed of the acoustic
intensities in three orthogonal directions (x, y, z) (2):

(2)

Sound intensity calculation can be performed in the time domain or in the frequency
domain [8, 9]. Due to the fact that the multi-harmonic signal was employed in the meas‐
urements, a method for calculating the sound intensity in the frequency domain was
applied for this purpose. The detailed information about algorithm and methodology of
the measurement performed can be found in [10].

The full three dimensional sound intensity vector field can be determined within the
audible frequency range from 20 Hz up to 20 kHz [2, 14]. As an example of the meas‐
urement results, Fig. 1 shows sound intensity distribution characteristics for 1000 Hz.
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The signal was radiated from the center loudspeaker in a 5.1 surround sound setup (top-
middle of images), without and with a dummy head present in the field, and additionally
a difference between these two measurements is visualized. The wave phenomena such
as diffraction and interference are clearly visible. It is also easy to observe local
compression of sound energy (in front of and behind the head), as well as the increase
of the intensity level on both sides of the head.

Fig. 1. Sound intensity distribution for 1000 Hz, signal from the center loudspeaker. From left:
free-field and no dummy head; dummy head present in the field; the difference expressing
influence of the head

The research presented in this paper shows an attempt to model acoustical wave
propagation phenomena by applying rough set theory to acoustic field visualization. The
approach proposed is focused on processing sound field measurement performed in an
anechoic chamber, collected by a dedicated acoustic probe. Datapoints for six signal
frequencies with and without the presence of a dummy head in a free-field, resulted from
the measurements, are analyzed employing the rough set theory. However, first, a data
pre-processing method, involving coordinate transformation is proposed. Also, data
discretization for modeling the influence of an obstacle that a dummy head creates in a
free-field [7] is performed before the rough set-based analysis. In consequence, a rule
set is acquired, allowing for the model simplification and visualization.

3 Acoustic Field Parameterization

The acoustic field was measured by a vector sensor, capable of registering values of
particle velocity flow in x, y, z directions. This sensor was positioned precisely in given
coordinates by a dedicated Cartesian robot arm [11]. As a result the sound intensity at
a certain point in space has been obtained.

Measurements were conducted in two conditions: (1) with the speaker emitting test
signals in an anechoic chamber environment; (2) the same speaker and signals emitted but
along with a dummy head, positioned in the center of the measured space. Collected meas‐
urement results enabled to visualize directional characteristic of the speaker and open-space
sound propagation phenomena [12], on one hand; and impact of the head on sound propa‐
gation, compression and rarefaction on the other hand [15] (Fig. 2).
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a) b)

Fig. 2. Results of acoustic field measurements for 1000 Hz test signal: (a) field without the head,
(b) field with the head

Measurements covered horizontal grid of 17 × 17 points, spaced evenly in interval
of 50 mm, positioned at the level of ears of the dummy head.

3.1 Vector Field Data Preprocessing

The Cartesian coordinate system is convenient for positioning the robot arm and
uniformly covering large spaces. Nevertheless, for further processing polar coordinates
are to be used. A conversion from Cartesian to polar systems was made, assuming that
the center of polar system is the head center, and direction 0 degrees is in front of it, the
same as the speaker direction. For polar representation of acoustic field it was assumed
that it is sufficient to analyze only 20 different directions (360 deg split into 18 degree
wide slices), and 20 grades of distance from the center (Fig. 3), resulting in a discreti‐
zation of the measured space.

a) b)

Fig. 3. Conversion of coordinates: (a) acoustic field with head present for 2000 Hz the Cartesian
coordinate system, (b) in polar coordinates

For particular frequency of emitted sound, two measurements are available –
empty space Ienv(x,y) and with the dummy head Iw_head(x,y) for every point in the
space. A difference between these two reflects the influence of the head presence
on sound propagation (see Fig. 4 and Eq. (3)).
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(3)

a)  b)

c)

Fig. 4. Influence of head on sound propagation: (a) acoustic field for 2000 Hz in an empty space,
(b) field with the head present, (c) difference reflecting the influence

It is assumed, that in different conditions the factor Ienv, reflecting the propagation in
the environment and the speaker characteristics, would be different. The presence of the
head in such a new condition would also result in different values of Iw_head. Nevertheless
the Iinfluence should remain unchanged, as long as the head position its size, and its relative
position to the speaker is unchanged. Therefore, the focus is on the analysis of the head
influence only, expressed as above.

Due to the nature of a sound wave, the measurement is not precise. Non-uniform
propagation from the not ideal speaker1 and numerous reflections from the head, result
in wave interferences, that are not observed accurately, as measurements are taken only
in selected points in space. Therefore, single measurement reflects only roughly the
sound intensity at a certain point. It should be recalled here that wave interference is the
interaction of two sound waves traveling in the same medium. The interference of waves
causes the shape of the pressure wave to combine in the medium into a complex wave‐
form. If the compressions of two similar sounds meet, they will combine and have twice
the amplitude. If two rarefaction sections intersect, they will combine in the medium
and a rarefaction of twice the amplitude will result [17].

1 The ideal sound source is a point emitting in all directions with the same level.
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Due to the low precision of measured values, it is advisable to introduce a general
and rough representation of the sound intensity. Thus, a discretization of measurements
was performed, focused on forming classes reflecting the sound intensity changes, i.e.
(1) high rarefaction, (2) medium rarefaction, (3) unchanged, (4) medium compres‐
sion, (5) high compression (Fig. 5).

a) b)

Fig. 5. Sound intensity changes for 2000 Hz: (a) original values, (b) discretized into five classes

The discretization is based on the expert knowledge: e.g. the intensity decrease of
−3 dB or more is regarded as high rarefaction, a decrease in range of (−3 dB, 0 dB) is
not significant, therefore regarded as medium rarefaction, an increase in intensity level
by 1 dB can be either measurement error or the result of a minor interference, therefore
is medium compression, and finally, an increase larger than +2 dB is a major interfer‐
ence, and is high compression (Table 1).

Table 1. Discretization of sound intensity values

Range of
values

Iinfluence ≤ -3 -3 < Iinflu‐

ence < 0
0 ≤ Iinflu‐

ence < 1
1 ≤ Iinflu‐

ence < 2
Iinfluence ≥ 2

Assigned
class

hraref. mraref. unch. mcomp. hcomp.

Class names:
                        hraref. - high rarefaction
                      mraref. - medium rarefaction
                        unch. - unchanged
                        mcompr.- medium compression
                        hcompr. - high compression

As a result of the described preprocessing, the input data from sound level meas‐
urements are discretized in terms of direction (20 angles), distance (20 grades), and value
(5 classes).
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3.2 Rough Set Based Reasoning

A decision table containing four discrete attributes from all measurements was created:
angle, distance, frequency, Iinfluence, the last one treated as the decision attribute. 400
points were provided for six frequencies of: 250 Hz, 500 Hz, 1000 Hz, 2000 Hz, 4000 Hz,
and 8000 Hz, resulting in 2400 objects in the table (Fig. 6). The table was processed in
the RSES Rough Set Exploration System [1]. An exhaustive algorithm was used for
determining the reduct, and it comprised all three attributes (angle, distance, frequency).
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Fig. 6. Histogram of classes in the 2400 objects decision table

Analyzing all objects in the table, a set of rules was derived, resulting in 2034 rules:
97 % of rules included three attributes, and 3 % only two attributes. Mean support was
equal to 1.2.

The next step was generalization of rules, with a factor of 0.9. This resulted in the
same number of rules, but with greatly increased mean support, equal to 57.3. One of
the rules with the highest support of 180 objects, is related to region of unchanged
intensity region, present in almost all frequencies (4):

(4)

Over 2000 rules explaining relations observed in a database of 2400 objects is defi‐
nitely too high number, close to overfitting. Therefore a series of experiments were
performed, testing accuracy of classification with reduced rule sets.

4 Experiments and Results

Rules with the lowest support were removed, using three thresholds (minimal support
of 3, 10 and 20), and classification tests were performed on the decision table with all
2400 objects. A comparison of performance reveals that satisfactory level of generali‐
zation was obtained, as reduction of number of rules to 29 % of initial number still yields
high accuracy and coverage (Table 2) (Fig. 7).
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Table 2. Comparison of initial and filtered rule sets: support, number of rules and achieved
accuracy and coverage

Rule sets

Initial set Filtered A Filtered B Filtered C

Minimal support of rules 1 3 10 20

Maximal support of rules 20 194 194 194

Mean support of rules 1.2 50.1 60.4 69.9

Number of rules
(percent of initial set)

2034
(100 %)

588
(29 %)

476
(23 %)

396
(19 %)

Accuracy 0.95 0.937 0.916 0.885

Coverage 1.0 0.999 0.936 0.854
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Fig. 7. Number of rules supporting decision classes in initial rule set and Filtered B set

Detailed results of classification of all objects using 588 rules (rule set “Filtered A”)
reveal confusion between medium rarefaction/compression/unchanged cases, where the
observed value of the sound intensity change varies by ± 1 dB, and can be explained by
the measurement imprecision. Adequate high accuracy and coverage are achieved
(Table 3). Reduction of rules to 476 (rule set “Filtered B”) shows a significant loss of
coverage, especially for high compression cases, and the total performance is question‐
able (Table 4).

Summarizing, the resulted 588 “Filtered A” rule set, is a good compromise between
accuracy and the ability to describe dependencies of angle, distance, frequency, and
result compression/rarefaction in the sound field. Confusion between medium changes
of ± 1 dB is negligible, by means of perception of the sound by the human ear.
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Table 3. Summary of results for rules with minimal support of 3
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 unchanged 1,224 1 16 0 0 1,241 0.986 1 
med. compr. 16 228 0 0 0 244 0.934 1 

med. rarefaction 108 0 624 0 1 733 0.851 1 
high compr. 0 0 0 87 0 89 1 0.978 

high rarefaction 1 0 7 0 85 93 0.914 1 
True positive rate 0.91 1 0.96 1 0.99

Table 4. Summary of results for rules with minimal support of 10
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 unchanged 1,224 1 16 0 0 1,241 0.986 1 
med. compr. 48 124 2 0 0 244 0.713 0.713 

med. rarefaction 109 0 607 0 1 733 0.847 0.978 
high compr. 2 0 0 24 0 89 0.923 0.292 

high rarefaction 1 0 8 0 80 93 0.899 0.957 
True positive rate 0.88 0.99 0.96 1 0.99

Accuracy: TP/(TP + FN), e.g. 24/(24 + 2) = 0.923 for high compression.
Coverage: (TP + FN)/(No. of obj.), e.g. (24 + 2)/89 = 0.292 for high compression.
True positive rate: TP/(TP + FP), e.g. 607/(16 + 2+607 + 8) = 0.96 for med. rarefaction.

5 Conclusions

A novel approach to modeling and visualization of the sound field was proposed in the
paper employing the rough set-based mechanism for the delivery of a rule set helping
to study acoustical phenomena. The overall image of the acoustic field resulted from
measurement comprises the effect of the obstacles appearing in a source radiation path,
as well as the influence of scattered reflections together with their phase and amplitude
relationship. The aforementioned measurements employed an acoustic intensity probe.
The observation of acoustic wave distribution around the human head illustrates that
phenomena occurring in the real acoustic field are more complex than those typically
shown in acoustic field simulations. The wave phenomena such as diffraction and addi‐
tional interferences are clearly visible. The experiments conducted helped to verify the
method for reducing the complexity of data resulted from acoustic field measurements.
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