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The paper presents results of determination of sound wave direction based on signals from �rst-order ambisonic
microphone. The experiment consisted in recording the test signals with the SoundField microphone positioned
in the axis of the turntable in the anechoic chamber. The spherical coordinates of the sound intensity vector were
calculated with use of three di�erent conceptual and numerical approaches and were compared to actual values
resulting from the geometry of the system. Accuracy of the localization of the sound source depending on the
frequencies and the method for determination of the spherical coordinates as well as on the time constant and the
parameters of the signal recording was presented. The obtained results show the e�ectiveness of the calculation
methods used for localization of the sound source.

DOI: 10.12693/APhysPolA.123.1114

PACS: 43.58.Vb, 43.60.Jn, 43.20.Ye

1. Introduction

There are several known methods for sound source lo-
calization. There are methods based on time di�erence
and level deference. 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 e�ort and
is very expensive. The �rst-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 re-
search is to estimate the maximal accuracy of localization
of the sound source with the use of the ambisonic micro-
phone in laboratory conditions.

2. The aim and course of the test

The measurement consisted in recording the test sig-
nals with SoundField (SF) microphone positioned in the
axis of the turntable in the big anechoic chamber at the
AGH-UST. The SF ST350 transducer by English com-
pany SoundField Ltd. is a micro-matrix of microphones
(capsules) with cardioidal directional characteristics po-
sitioned 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 treat-
ment of the microphones as coincidental, it is called the
�rst-order ambisonic microphone. After application of
relevant algorithms, out of signals from four capsules the
signals are obtained that correspond to the microphones
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with bi-directional characteristics positioned along the
X, Y , and Z axes, denoted so by analogy to the di-
rections, and one signal that corresponds to the micro-
phone 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 dur-
ing measurements of the spatial impulse response [2].
The test signals were emitted continuously by the ac-

tive 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 Fig. 1.

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

The measurement was performed with very small ro-
tational 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. 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 posi-
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tion. The calculation was performed with use of di�er-
ent time constants and parameters of the recorded sig-
nal. Also the alternative methods for calculation of the
searched values were used.
The microphone was installed on the typical stand

at height of 1.2 m and in the �InVision� mi-
crophone grip (www.rycote.com/products/invision_
studio_kit/invision_studio/), with special construc-
tion that did not introduce signi�cant distortions into the
acoustic �eld.
The calculation was performed by estimation of the

sound intensity vector I that is de�ned by the equa-
tion (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 vec-
tor u can be estimated as follows:

p =
√
2W (2)

u =

XY
Z

 . (3)

Based on the value of the intensity vector I = [Ix, Iy, Iz],
one can calculate the spherical coordinatesϕ and ψ, which
in this case correspond to the position of the sound
source:

ϕ = arg(Ix + iIy), (4)

ψ = arg(
√
I2x + I2y + iIz). (5)

The values of the signal [W,X, Y, Z] should be calculated
with assumption of the steady state in the analyzed time-
frame. The value of the signal in given time frame can be
calculated with use of di�erent 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]:

‖Ix‖ =
√∑

n

1

N
x2(n), (6)

2) Determination of the sum from the relevant prod-
ucts of particular signal samples in the given time
frame [5]:

‖Ix‖ =
∑
n

x(n) · w(n), (7)

3) Calculation of the sum of the consecutive ambisonic
components taking into account the phase of theW com-
ponent:

‖Ix‖ = x(n) · sign(w(n)). (8)

Using the speci�ed algorithms, the spherical coordi-
nates of the vector of sound intensity were calculated for
consecutive tested signals and compared to actual values
resulting from geometry of the system.

3. Preliminary 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 an-
gle should be constant. The lines in the chart represent
the di�erent methods for calculation of the searched an-
gle (presented in the previous section). Although the
relationship in no case is linear, it is characterized by no-
ticeable regularity. Figure 3, as a zoomed part of Fig. 2,
shows more details and di�erences between the calcu-
lated curves. Figure 2 does show any di�erence between
methods 2 and 3. This results from the low resolution of
di�erences between the results.

Fig. 2. The calculated values of the horizontal angle
with use of di�erent methods for 1 kHz tone and one
full revolution of the microphone around its axis.

Fig. 3. Values of the horizontal angle calculated with
the use of di�erent methods for 1 kHz tone and the
movement of microphone in the angle of 35◦.

From Figs. 2 and 3 it can be concluded that the cal-
culated points, representing the angular position of the
microphone, have a relatively small local variation re-
lated to di�erent global regular curves. Such global non-
linearities might be approximated by the polynomial �t-
ting 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 val-
ues and the curve de�ned by the polynomial determined
in the approximation procedure. In order to compare
this two variants, the standard deviation was calculated
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(for both the actual value and the polynomial approxima-
tion). The distribution of the measured values with re-
spect to actual values and approximated values estimates
the accuracy with which the position of the source is mea-
sured, both for actual values and for polynomial, which
potentially could compensate the noticed non-linearities.
Figure 4 presents sample result of the approximation.

Fig. 4. Graphical presentation of the curves deter-
mined in approximation of the measured values and ac-
tual values of the measured horizontal angle.

4. Accuracy of localization of the sound source

depending on frequencies and the method used

for determination of the component signals

Table I presents the standard deviation of the mea-
sured values with respect to actual values and to the
polynomial approximation. As the test signals, the tones
of di�erent frequencies and the white noise were used.
The measurement was performed for the averaging time
of 0.02 s.

TABLE I

Standard deviation σ [◦] of the measured values from ac-
tual values (denoted ∗) and approximation of the results
with polynomial (denoted ∗∗) for 3 methods of calculation
of localization of the sound source presented in Sect. 1 for
di�erent frequency f of test signals. WN denotes white
noise.

σ and σ for di�erent numerical approaches

approach and signal frequencies

f [Hz] 64 125 250 500 1 k 2 k 4 k 8 k 16 k WN

σ 1∗ 39.2 10.9 10.7 10.6 9.3 9.2 10.6 43.2 92.5 41.7

σ 1∗∗ 24.7 2.7 1.3 1.2 1.2 1.0 1.7 26.0 59.3 19.6

σ 2∗ 23.5 4.7 4.1 3.7 2.8 3.5 3.8 32.5 96.5 10.7

σ 2∗∗ 20.1 0.8 0.2 0.1 0.1 0.2 0.7 15.1 87.5 8.9

σ 3∗ 26.4 4.7 4.1 3.7 2.8 3.5 3.8 53.7 87.5 16.2

σ 3∗∗ 21.1 0.8 0.2 0.1 0.2 0.5 0.9 40.7 87.1 13.5

Based on Table I one can conclude that localization of
the sound source with use of SF microphone in not e�ec-
tive for high frequencies. For frequencies above 4 kHz,

the standard deviation is very high for each of the cal-
culation method, both for the approximation and for the
theoretical values. The results obtained by methods 2
and 3 are similar and, except for 125 Hz, smaller devia-
tion is achieved for method 2. Method 1 generated the
largest standard deviation both in terms of average value
and the approximation with polynomial.

5. Accuracy of localization of the sound source

depending on the time constant and parameters

of the signal recording

The e�ect 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 I. There were 5 di�erent time constants
used, and the results are gathered in Table II.

TABLE II

The e�ect of the time constant on the accuracy
of localization of the sound source with the use of
the �rst-order ambisonic microphone. Standard
deviation of the measured values from actual val-
ues (denoted ∗) and approximation of the results
with polynomial (denoted ∗∗).

σ Signal timeframe [s]

0.002 0.02 0.125 0.25 1

σ 2∗ 4.0 3.7 3.7 3.8 2.9

σ 2∗∗ 1.6 0.1 0.0 0.0 0.0

TABLE III

The e�ect of the parameters of the signal on the accuracy
of localization of the sound source with the �rst-order am-
bisonic microphone. Standard deviation of the measured
values from actual values ((denoted ∗) and approxima-
tion of the results with polynomial (denoted ∗∗).

σ Recording parameters

96 k 24 bit 96 k 16 bit 48 k 24 bit 22.05 k 24 bit

σ 2∗ 3.8 3.8 3.7 3.7

σ2∗∗ 0.1 0.1 0.1 0.1

Recording of the signals was performed with the sam-
pling frequency 96 kHz and 24-bit quantization. able III
shows the e�ect of resampling and requantization of the
signal on the analyzed angular accuracy for the frequency
500 Hz and the time constant 0.02 s.

6. The uncertainty of the results

Attention should be focused on the geometrical factor
which, in the opinion of authors, may signi�cantly af-
fect the uncertainty of the performed measurement. The
lack of the proper positioning mechanism and/or possibil-
ity to measure precisely the deviation of the microphone
from the axis of the turntable introduces the occurrence
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of an eccentricity which distorts the reading of the angle
position as compared to the theoretical geometry of the
system. Figure 5 presents trigonometric analysis of the
e�ect of eccentricity on direction towards the �xed source
from which it follows that

β = tan−1

(
d sinα

d cosα+ e

)
. (9)

Based on Eq. (9) and Fig. 5, for the distance from the
source d = 4.5 m and eccentricity e = 1 cm, the calcu-
lated angle β might di�er from the actual value α by no
more than one degree (from the theoretical value). One
should note that the resulting error would have a regular
character.

Fig. 5. Geometric analysis of the e�ect of the eccen-
tricity on the accuracy of reading the horizontal angle.

7. 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 �rst-order ambisonic

microphone. The performed research indicates high pre-
cision of the localization of the sound source in the lab-
oratory conditions for mid-range frequencies. The ob-
tained results show the e�ectiveness 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 directional component
values only gives almost as good results as the previous
method but much better than calculating RMS values
which is the very common approach in similar applica-
tions.
They allow also the use of the corrections for compen-

sation of the errors of applied methods. The prepared ex-
periments due to application of localization in open space
concern problem of calibration and uncertainty evalua-
tion for SoundField microphone with all-weather hous-
ing [6].
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