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ABSTRACT

The paper presents results of determination of sound source localization based on signals measured by
first-order ambisonic microphone. The experiment consisted in recording the test signals with the 3D
microphone positioned in the axis of the turntable in the anechoic chamber. The spherical coordinates of the
sound intensity vector were calculated and compared to actual values resulting from the geometry of the
system. Accuracy of the localization of the sound source depending on the frequencies, the time constant and
the parameters of the signal recording was presented. The obtained results show the effectiveness of the
sound source localization using first order ambisonic microphone in laboratory conditions.
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1. INTRODUCTION

There are several known methods for sound source localization. There are methods based on time
difference (TDC - Time Delay Compensation) and level deference (EBL — Energy-Based
Localization). The article focuses on energy-based localization method which employs measurement
of the sound intensity vector. Sound intensity can be measured using intensity probes (1) but it needs
a lot of effort and is much more expensive than microphone techniques. The first-order ambisonic
microphone allows to estimate the direction of sound source and by using two of them it is possible to
estimate sound source exact position. Accuracy of triangulation depends on precision of angle
estimation. The main aim of the research is to estimate the maximal accuracy of localization of the
sound source with the use of the ambisonic microphone in laboratory conditions.

2. RESEARCH METHODS

The measurement consisted in recording the test signals with SoundField (SF) microphone
positioned in the axis of the turntable in the anechoic chamber at the AGH-UST. The SF ST350
transducer by English company SoundField Ltd. is a micro-matrix of microphones (capsules) with
cardioidal directional characteristics positioned in geometrical centers of triangle walls of the regular
tetrahedron. Due to location of the capsules and the method for processing the signals that allows
treatment of the microphones as coincidental, it is called the first-order ambisonic microphone. After
application of relevant algorithms, out of signals from four capsules the signals are obtained that
correspond to the microphones with bi-directional characteristics positioned along the X, Y, and Z
axes, denoted so by analogy to the directions, and one signal that corresponds to the microphone with
omnidirectional characteristics denoted W. The typical application of such kind of microphone is
recording and transmission of the spatial sound for the radio and television production. It can also be
used during measurements of the spatial impulse response (2).

The test signals were emitted continuously by the active speaker Genelec 8030 located at the
distance of 4.5 m from the rotation axis of the microphone. The schematic of the measurement stand is
presented in Figure 1.

The measurement was performed with very small rotational speed of the turntable that was 0.0093
rad/s =0.089 rpm. The rotation time was 11 min and 14 s per one revolution. The signal was recorded
with sampling frequency 96 kHz at 24-bit quantization with the use of RME Fireface 800 converter.
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The test signals consisted of the tones with frequencies from 16 Hz to 16 kHz spaced by one octave and
the white noise. Based on the recorded signals angular position of the microphones related to the
source was calculated and compared to the actual position. The calculation was performed with use of
different time constants and parameters of the recorded signal. Also the alternative methods for
calculation of the searched values were used.

~_

Figure 1 — The schematic of the measurement stand, where 1 denotes SF microphone and 2 sound source.

The microphone was installed on the typical stand at height of 1.2 m. The calculation was
performed by estimation of the sound intensity vector | that is defined by the equation 1. Having the
B-format signal components (W, X, Y, Z), one can calculate its approximate value (3):

I=pu (1)
where the acoustic pressure value p and the velocity vector u can be estimated as follows:
p= V2w @)
X
u=1Y (€))
Z

Based on the value of the intensity vector 1= [l,, I, I,], one can calculate the spherical coordinates
@ and w which in this case correspond to the position of the sound source:

Q= arg(lx + in) 4)

Y = arg( /I,% +IZ + iIZ> (5)

The values of the signal W, X, Y, Z should be calculated with assumption of the steady state in the
analyzed timeframe. The value of the signal in given time frame can be calculated with use of different
conceptual and numerical approaches:

1) Calculation of the RMS of particular components for timeframes and phase analysis for
determination of the direction of the spherical coordinates (4):

= Y e ©)

n

2) Determination of the sum from the relevant products of particular signal samples in the given
time frame (5):

el = ) x() - win) @)

n

Using the specified algorithms, the spherical coordinates of the vector of sound intensity were
calculated for consecutive tested signals and compared to actual values resulting from geometry of the
system.
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3. ANALYSIS OF THE RESULTS

Figure 2 shows the values of the rotation angle in time, calculated based on the sample recorded
signal. Only horizontal angle is shown because axis of rotation is perpendicular to SF Z component so
the vertical angle should be constant.
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Figure 2 — The calculated values of the horizontal angle with use of different methods for 1 kHz tone and one

full revolution of the microphone around its axis

The lines in the chart represent the different methods for calculation of the searched angle
(presented in the previous section). Although the relationship in no case is linear, it is characterized by
noticeable regularity. Figure 3, as a zoomed part of Figure 2, shows more details and differences
between the calculated curves.
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Figure 3 — Values of the horizontal angle calculated with the use of different methods for 1 kHz tone and the

movement of microphone in the angle of 127°-135°

From Figures 2 and 3 it can be concluded that the calculated points, representing the angular
position of the microphone, have a relatively small local variation related to different global regular
curves. Such global non-linearities might be approximated by the polynomial fitting of the obtained
data. After approximation with the mean square method, by iterative increase of the rank of the
approximation it was determined that the variation of the matching error for the polynomial in the
degree of 9. For the consecutive signals, comparison was made between the measured values and the
actual angle of the microphone on the turntable between the measured values and the curve defined by
the polynomial determined in the approximation procedure. In order to compare this two variants, the
standard deviation was calculated (for both the actual value and the polynomial approximation). The
distribution of the measured values with respect to actual values and approximated values estimates
the accuracy with which the position of the source is measured, both for actual values and for
polynomial, which potentially could compensate the noticed non-linearities. Figure 4 presents sample
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result of the approximation.
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Figure 4 — Graphical presentation of the curves determined in approximation of the measured values and

actual values of the measured horizontal angle

3.1 Accuracy of localization of the sound source

Table 1 presents the standard deviation ¢ of the measured values with respect to actual values and to
the polynomial approximation. As the test signals, the tones of different frequencies and the white

noise were used. The measurement was performed for the averaging time of 0.02 s.

Table 1 — Standard deviation of the measured values from actual values and approximation of the results with

polynomial for both methods of calculation of localization of the sound source presented in section 1

Test signal frequency (WN denotes white noise)

0_ o
[°] 64Hz 125Hz 250Hz 500Hz 1kHz 2kHz 4kHz 8kHz 16kHz WN
Actual val. 39.2 10.9 10.7 10.6 9.3 9.2 10.6 43.2 92.5 41.7
Method 1
Approx. 24.7 2.7 1.3 1.2 1.2 1.0 1.7 26.0 59.3 19.6
Actual val. 235 4.7 4.1 3.7 2.8 3.5 3.8 32.5 96.5 10.7
Method 2
Approx. 20.1 0.8 0.2 0.1 0.1 0.2 0.7 15.1 87.5 8.9

Based on Table 1 one can conclude that localization of the sound source with use of SF microphone
in not effective for high frequencies. For frequencies above 4 kHz, the standard deviation is very high
for each of the calculation method, both for the approximation and for the theoretical values. Method
1 generated the largest standard deviation both in terms of average value and the approximation with

polynomial.

3.2 Accuracy of localization of the sound source depending on the time constant

The effect of the values of the amplitudes in particular directions in time, was examined for the
frequency of 500 Hz for which one of the best results was obtained in the list in Table 1. There were 5

different time constants used, and the results are gathered in Table 2.

Table 2 — The effect of the time constant on the accuracy of localization of the sound source with the use of

the first-order ambisonic microphone. Standard deviation of the measured values from actual values and

approximation of the results with polynomial

Signal timeframe

o []
0.002s 0.02s 0.125s 0.25s 1s

Actual val. 4.0 3.7 3.7 38 29
Method 2

Approx. 1.6 0.1 0.0 0.0 0.0
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4. Summary and conclusion

The performed research allows to plan for subsequent stages of work on the methods for
localization of the sound sources with the use of the first-order ambisonic microphone. The performed
research indicates high precision of the localization of the sound source in the laboratory conditions
for mid-range frequencies. The obtained results show the effectiveness of the calculation methods used
for localization of the sound source. The best method is to multiply the pressure component by the
directional component. Using such a method gives much better precision than calculating RMS values
which is the very common approach in similar applications. Obtained values allow the use of the
corrections for compensation of the errors of applied methods.
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